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every 20 ps, advancing the focus 15 mm each time along
with the corresponding aperture. This focal adjustment
is called dynamic focusing and is similar in concept to
time-gain compensation. It is also possible to acquire
data along the ultrasound line using several pulse-echo
cycles, each with a transmit burst that is focused at a dif-

a)

Fig. 21.40 Apodized aperture. Apodization is used to limit
the side-lobes of the ultrasound beam pattern. Transducers
near the edge of the aperture are excited with a low voltage
during transmit compared to the central transducers and
are amplified with a lower gain compared to the central
transducers during receive. The drawing on the right shows
the image line corresponding to the beam pattern with the
superficial and deep echoes plus the mark on the right,
indicating the focal depth

ferent depth. Although dynamic receive focusing takes
no more time than static focusing, using double trans-
mit focusing to further improve the lateral resolution of
the image at a greater range of depths does reduce the
frame rate by half. The location of the transmit focus is
indicated by a carrot on the right of the image.

Fig. 21.41a—f Scan head details. This curved linear-array scan head consists of an array of 128 transducer elements cut
from a single block of PZT piezoelectric ceramic. The array block is 64 mm long and 5 mm wide, cut into elements 0.4 mm
long and 5 mm wide with a 0.1 mm kerf between. The block is curved to form a curved linear array. (a) Transducer in
housing with cable; (b) Transducer housing removed showing the copper foil shielding over the internal electronics;
(c) Shielding removed to show the 64 electronic matching circuits on this side of the circuit board; (d) 128 individual
coaxial cables housed in the ultrasound scan head cable; (e) Scan head plug showing the connector electrodes for the 128
coaxial cables; (f) Front panel of the ultrasound scanner showing the sockets for the scan head connections. The front
panel also shows connectors for other instruments including: electrocardiograph, plethysmograph, phonocardiograph

microphone and computer disk drive for data exchange
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Fig.21.42 Adjustable focus with large aperture. Using
a high = density linear array to generate a large aperture
allows electronic adjustment of the focal depth by adjust-
ing the electronic delay of the transmit and receive signals
so that the signal at the center transducers is delayed more
than the signal at the edge transducers in both transmit and
receive. Dual transmit focal depths, indicated by the pair
of arrows on the right of the image, require that separate
transmit pulses be sent into tissue for each of the two fo-
cal depths. On receive, the focus can be changed between
the time that shallow echoes are received and the time that
deep echoes are received

Because a linear array can steer the ultrasound beam,
it is possible to form an image of each voxel in the
tissue plane from different views, combining the results
into a compound image (Fig.21.43). The algorithm for
combining the data from different angles is important in
creating a pleasing image.

Phased Array Transducers. By applying a selected time
delay to each transducer in an array, the ultrasound beam
can be focused or tilted as desired (Fig.21.39). Phased
array transducers (Fig. 21.44) form the ultrasound image
by tilting the ultrasound beam using selected delays on
each transducer on transmit and receive to achieve the
desired tilt. A scanhead with a transducer array of width
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Fig.21.43 Compound real-time imaging. By tilting the
beam patterns to cross during acquisition of the image
plane, system can take advantage of the specular backscatter
of planar reflectors in the tissue
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Fig. 21.44 Phased-array scan head. A phased-array scan
head is able to use the same aperture for all ultrasound
scan line beam patterns, directing the beam along different
lines by adjusting the relative phase of the signals to the
transducers
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Fig. 21.45 Amplitude demodulation. To create a B-mode
image of tissue anatomy, the strength or amplitude of the re-
ceived ultrasound echo is determined as a function of depth.
The RF echo is rectified (converting 5 MHz to 10 MHz)
and low-pass-filtered with a 1 MHz cutoff to yield a depth
resolution of 0.75 mm. That is effective if the ultrasound
transmit burst is shorter than 1 ps. Amplitude demodula-
tion requires one pulse-echo cycle along each ultrasound
beam pattern line
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D can tilt an ultrasound beam to an angle 6 in tissue
with an ultrasound velocity of ¢ by applying a time
delay gradient along the transducer of

fc .

— =sinf . (21.11)
D

The time ¢ is often represented as a function of the phase
of the ultrasound ¢ for the ultrasound frequency fys

¢
27
Jus
To allow the ultrasound beam to tilt to 6 degrees, the
width of each transducer element must be less than A /2

t = (21.12)

First series
of echoes
t=0

Second series
of echoes
t=0.1 ms

Phase
difference

0.1 s Hs

0.075 mm in tissue depth

Fig.21.46 Phase demodulation. To measure blood veloc-
ity, or tissue displacement or strain, the change in phase
(or echo displacement) between successive pulse-echo cy-
cles at a particular depth must be determined. In this case,
a phase change of 7 /4 of 5 MHz ultrasound represents an
echo time shift of 0.05 ps/8 = 0.006 25 ps, which is equiva-
lent to a displacement of the scatterers toward the transducer
of 0.006 25 s x0.75 mm/pus = 0.0047 mm in the time be-
tween pulse-echo cycles or 0.1 ms, yielding a velocity of
0.047 mm/ms or 0.047 m/s. The Doppler equation, time-
domain velocimetry and strain imaging are all based on
this computation. In Doppler demodulation, the phase and
amplitude of the echo at any depth can be represented as
a vector on a phase diagram. These vectors can be rep-
resented as complex numbers if the vertical direction is
represented as the “imaginary” (v/—1) direction and the
horizontal direction represents the “real” direction

but the pitch (w = center to center spacing of the el-
ements) must be 1/4 in order that, at the maximum
deflection angle, a single beam pattern is defined when
ultrasound intersects the array at angle 6

A c
W< ———= — .
4sinf 4 fyssinf
A 3 MHz scan head tilting the ultrasound beam 30°

to the left and to the right requires a transducer element
pitch of 0.3 mm.

(21.13)

Pulsed Doppler [21.57]
The series of echoes from a single ultrasound transmit
pulse provides information about the echogenicity of
the tissue along the ultrasound beam pattern at various
depths. The echogenicity of the tissue at each depth is de-
termined by amplitude demodulation (Fig.21.45). The
measurement of the velocity of blood or tissue requires
pairs of echoes from two (or more) ultrasound transmit
pulses along the same beam pattern line, separated by
a short time (0.1 ms). By comparing a second echo se-
ries from the same transducer beam pattern from a later
time to the echo series from the first pulse, motion of the
echogenic tissue along the beam pattern can be detected
and measured. If the second echo series is identical to the
first echo series, then none of the tissue along the ultra-
sound beam pattern has moved or changed during the pe-
riod. However, if the second echo series is different, then
the tissue has moved or changed. Motion in the direction
of ultrasound propagation causes a simple time shift in
the echo series, lateral motion or a change in tissue prop-
erties results in a loss of coherence between the echoes.

If the tissue has moved toward the ultrasound trans-
ducer, then the second echo pattern will arrive earlier
after the transmit pulse compared to the first (Fig. 21.46).
If the difference is detected by Doppler processing, then
the echoes from each region of tissue are characterized
by a vector in a complex plane (Fig.21.46). One rota-
tion of the vector is equivalent to the reflector moving
toward the transducer to shorten the round-trip path by
one wavelength of the ultrasound. If the ultrasound is
5 MHz, then the wavelength is 320 um so one rotation
represents a shortening of the round trip ultrasound travel
distance of 320 um, or 160 um each way. A phase rota-
tion of one quarter of a cycle (v /2 rad) represents 40 pum
of motion. Doppler processing cannot tell the difference
between 20 and 180 um of motion because the vector
is pointed in the same direction after the 160 pm dis-
placement. This is called aliasing and is responsible for
a waveform with the highest forward velocities incor-
rectly shown as reverse velocities (Fig.21.47). Doppler
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systems cannot tell the difference between displace-
ments of 100 wm toward the transducer and 60 um away
from the transducer, because both are represented by
the same phase shift. A motion of 20 wm will result
in a rotation of the phase vector by 45° (v /4 rad). Of-
ten the interval between the first echo and the second
echo is 0.1 ms. The velocity of the tissue in this case is
20/0.1 pm/ms = 200 mm/s =20cm/s = 0.2 m/s.

The Doppler frequency is the phase change of
the echo in cycles during the pulse interval di-
vided by the pulse interval. In this case the phase
change is 1/8 cycle, so the Doppler frequency is
0.125/0.1 ms = 1250cy/s = 1.25kHz.

Usually, pulsed Doppler systems are used to mea-
sure blood velocity. Unfortunately, it is rarely convenient
to align the ultrasound beam pattern along the axis of
a blood vessel so typically the angle between the ul-
trasound beam pattern and the vessel axis is 60°. This
is called the Doppler angle. The ultrasound system can
only measure the projection of the blood velocity vector
along the ultrasound beam. That projection is the cosine
of the angle between the velocity vector and the ultra-
sound beam. The Doppler equation relating velocity to
the ultrasound echo is:

' S
20f fys COS O Jus
po2ufuscosth e (3114)
c 2 cosbp

where f is the Doppler frequency that you hear, the
factor of 2 accounts for the round-trip of the ultrasound,
vt is the velocity of the blood, f,s is the ultrasound
frequency, Op is the angle between the blood velocity
and the ultrasound beam, and c is the speed of ultrasound
in tissue. The form

ya
v Je

— (21.15)
c 2 cosbp

emphasizes the relationship between the ratio of the
blood velocity to the ultrasound velocity and the Doppler
frequency to the ultrasound frequency. Since the ultra-
sound wavelength A = ¢/ fus,

A

= . (21.16)
2 cosbp

To provide a measurement of blood velocity, ul-
trasound instruments have a cursor on the screen to
align with the axis of the vessel under examination
(Fig.21.48). The associated Doppler data, here repre-
sented as a spectral waveform, is provided with a scale
showing the angle-adjusted velocity based on the pro-
jection of the measured velocity onto the vessel axis.
Although this adjustment is theoretically justified by the

A——— e —— e~ .

T T O O T O O T O |
Fig. 21.47 Ahasmg Blood velocities that cause high phase shlfts
(greater than 180° or & radians) between pairs of pulsed Doppler
echoes cause the Doppler system to mistake high-velocity forward
flow for reverse flow. Continuity in blood flow allows the examiner
to detect this error

geometry, unfortunately, it does not provide a useful ve-
locity value. If a Doppler angle of zero degrees is used,
then the value is correct, however, if other angles be-
tween the ultrasound beam and the presumed velocity
vector are used, then the value of the velocity is not cor-
rect. The reason is that blood velocity vectors are rarely
aligned with the axis of the artery. Instead, blood veloc-
ities form helical patterns along the artery [21.58—60].
Angle-adjusted Doppler velocity measurements are sys-
tematically higher as the Doppler angle increases from
zero to 70 degrees or more. Although at a Doppler angle
of zero, velocities are accurately used to determine both
the volume flow rate and the Bernoulli pressure drop,
neither result is correct when Doppler angles other than
zero are used [21.61-63].

Pulsed Doppler Range of Measurement. The high-
est Doppler frequency shift that can be measured with
pulsed Doppler occurs when the phase change of the
echoes during the interval between echo acquisitions
[pulse repetition interval (PRI)] is 180° (half a cycle).
The Doppler frequency at that condition is half of the
pulse repetition frequency (PRF, the Doppler sampling
frequency). This is called the Nyquist limit, after Harry
Nyquist. This establishes the highest velocity that the
Doppler can detect, although since the signal is ana-
lyzed as a complex number with twice the data (half
as a “real” number and half as an “imaginary” number)
Doppler frequencies between + 0.5 PRF and — 0.5 PRF
are reported. As long as there is no reverse flow the range
of Doppler frequencies available is equal to the PRF. If
the phase vector is characterized by a 2bit complex
number into four values, then the smallest phase change
that can be classified is 1/4 cycle. So, a 5 MHz Doppler
system with the data recorded as 2 bits, and a PRF of
10kHz, can only report four Doppler frequency ranges,
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Fig. 21.48 Duplex Doppler image and waveform of a carotid artery. The axis of the ultrasound beam pattern used for
Doppler is shown crossing the artery at an angle of 60° to the vessel axis. A cursor is aligned parallel to the vessel axis
to provide 6p for the Doppler equation. The Doppler frequency, which is produced by the speakers of the instrument, is
shown by a scale drawn on the /eft. The scale showing the speed at which the blood is approaching the transducer is drawn
adjacent to the frequency scale. The instrument computes the scale on the screen by dividing the cosine of the Doppler
angle into the approach speed. Along the lower edge of the image is the electrocardiograph tracing (ECG) showing the
“QRS complex” (small up and down) indicating the onset of ventricular contraction in each cardiac cycle. The lump in
the trace 200 ms later is the T wave indication the end of ventricular contraction. The fourth beat is too early and the QRS
has an odd shape. This is a premature ventricular contraction (PVC) originating from an abnormal spot on the ventricle.
The PVC causes the ventricle to contract before filling is complete, producing a low-volume contraction, and low systolic

blood velocities. The ventricle overfills before the next normal contraction, causing elevated systolic velocities

—1.25to +1.25kHz, +1.25to +3.75kHz, +3.75 to
+6.25kHz, and +6.25 to +8.75kHz. —1.25kHz is
equal to +8.75 kHz. Such a Doppler system would prob-
ably classify —1.25 to + 1.25kHz as no motion. By
increasing the number of bits in the digitizers represent-
ing the phase vector, the resolution of the phase shift is
increased, and the number of possible measured veloci-
ties is increased. This does not increase the Nyquist limit.

Another way to increase the number of velocities that
can be measured is to increase the number of pulse-echo
cycles or Doppler phase samples that are gathered. The
number of samples used to resolve the velocity is called
the ensemble length or packet length. In a typical spectral
waveform pulsed Doppler system, Doppler samples will
be gathered from a voxel at a PRF of 12.8 kHz for 10 ms
to provide 128 Doppler samples for frequency analysis.
The Nyquist limit (upper frequency limit) is 6.4 kHz.
The lowest frequency that can be detected is 100 Hz,
one full Doppler cycle in the 10 ms acquisition period.
If the signals are digitized into 2 bit complex numbers,

then each of the 128 possible frequencies can be tested to
see whether each is present or absent, but no information
is available about the strength of each frequency signal.
To determine the strength of each frequency, the signals
must be digitized into numbers with more binary bits.
Spectral waveform analysis assumes that there are many
Doppler frequencies present in the Doppler signal from
the voxel of interest.

Pulsed Doppler Pulse-Pair analysis. The Doppler fre-
quency shift can be measured from just two echo samples
separated by a known time. The assumption is that
only a single Doppler frequency is present in the sig-
nal. The phase change divided by the sample interval
time provides the Doppler frequency. The upper limit
of the Doppler frequency is the Nyquist limit. To re-
solve the Doppler frequency, the phase angle change
must be resolved. Representing the phase angle by a two
bit complex number only resolves the phase angle into
four divisions. For 5 MHz ultrasound, displacements of
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40 um can be resolved. For a 10kHz PRF sample fre-
quency, this allows a velocity of £40cm/s (£0.4 m/s)
to be detected. However, if the phases are represented
by 10bit complex numbers, the phase angles can be
resolved into 1000 divisions and the displacement and
velocities can also be resolved. With 10 bit quadrature
digitizers, velocities between plus and minus 80 cm/s
can be measured with a resolution of 0.8 cm/s, equiva-
lent to displacements of 80 nm during the pulse interval.

Pulsed Doppler Wall/Clutter Filtering. The measure-
ment of blood velocity with ultrasound is complicated
by the containment in vascular walls. The echogenicity
of the blood is 60 dB less than the echogenicity of the
walls at 5 MHz. The blood cells are Rayleigh scatter-
ers because they are smaller (7 um) than the wavelength
of ultrasound (300 pm for 5 MHz). The strength of the
echo from blood increases with the fourth power of
the frequency. However, frequency-dependent attenu-
ation of the ultrasound by overlying tissues limits most
Doppler ultrasound studies to frequencies of 2—6 MHz.
5MHz produces the strongest echoes for vessels un-
der 2 cm of tissue, deeper vessels, and those behind the
skull require 2 MHz ultrasound waves to penetrate these
tissues [21.64-66].

In many examinations, Doppler measurements from
blood adjacent to the wall are desired, so Doppler echoes
from the voxel next to the wall will include strong wall
echoes as well as weak echoes from the adjacent blood.
Unfortunately, vascular walls move with velocities near
2mm/10ms or 0.2m/s (20cm/s). The strong echoes
from these moving walls must be rejected to reveal
the adjacent blood velocity, which may be only slightly
higher than 20 cm/s. The strong echoes from the wall
are called clutter. 10 bits of the system dynamic range
are required to handle the clutter and the blood echoes
must be resolved above that, so most ultrasound sys-
tems now utilize a 14—16bit dynamic range, which is
achieved by combining the outputs of separate digitiz-
ers (one for each transducer) and digitizing faster than
the required four times the ultrasound center frequency,
then filtering the result for processing.

Pulsed Doppler Spectral Analysis. To measure the
Doppler frequency shift, any method of frequency
analysis can be used. Zero-crossing rate meters and
zero-crossing time interval histograms have been re-
placed with real-time spectrum analyzers. Although the
time-compression analyzer produces identical results,
the popular fast Fourier transform (FFT) analyzer is
used to produce spectral waveforms of Doppler signals
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Fig. 21.49a-d Autocorrelation clutter (high-pass) filter. By
representing each pulse-echo from a particular depth as
apoint on a phase diagram, the trajectory of the echo phase
in time can be plotted. (a) The Doppler echo comes from
two types of reflectors, strong reflecting stationary struc-
tures (clutter) and weak reflecting moving blood cells. In
each of the five pulse-echo cycles (ensemble or packet of
5), the contribution from the strong reflectors is the same.
The moving blood cells reflect the same amplitude (vector
length) but a different phase during each pulse-echo cycle.
(b) The ultrasound receiver cannot differentiate the clutter
contributed by the stationary structures from the signal con-
tributed by the moving blood cells. High-pass filter. (c) By
taking the difference between successive results, the effect
of the clutter is eliminated. (d) By centering the resultant
vectors on a new phase diagram, the phase angle change
between each pulse-echo cycle can be used to compute the
blood velocity

(Figs. 21.47, 21.48). The FFT analyzer is coupled to
the pulsed Doppler so that the FFT analyzer receives
a quadrature pair of data from the depth of interest
for each pulse-echo cycle. The advantage of the spec-
tral analysis is that if the voxel contains several flow
velocities, the FFT spectrum will display the Doppler
frequency for each velocity. Unfortunately, in blood
flow, eddy oscillation frequencies up to 500 Hz occur;
the typical FFT length of 10 ms (100 spectra per second)
is only capable of resolving eddies of 50 Hz or lower.
When a voxel contains higher-frequency eddies, the re-
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sult appears as spectral broadening or as harmonics on
the spectral waveform.

Pulsed Doppler Autocorrelation. Autocorrelation is
a frequency analysis method which is an extension of
pulse-pair analysis. Autocorrelation analysis assumes
that there is only one valid Doppler frequency in the
blood flow. Autocorrelation analysis identifies that fre-
quency. However, to reject the stationary and slow
moving strong echoes of the wall, a clutter filter must
be applied. Clutter is a stationary echo superimposed on
the changing Doppler echo. The analysis is based on an
ensemble of N echoes, usually eight echoes. The dif-
ference between adjacent pairs of echoes n and n — 1
(for n =2, N) creates a new group of N —1 vectors
(Fig. 21.49). By taking the average of the change in an-
gles, a Doppler velocity can be obtained. Sometimes
two filtering steps are required rather than one. Such fil-
ters are called finite impulse response (FIR) and infinite
impulse response (IIR) filters.

Time-Domain Velocimetry. The Doppler equation con-
tains the Doppler frequency and the phase angle.
Doppler signals are subject to aliasing when the
between-pulse phase angle change (A¢, a circular vari-
able) has a value greater than 7. In addition, echoes from
deep tissues have a lower center frequency than echoes
from shallow tissues, causing confusion about the cor-
rect value of the ultrasound frequency f,s to use in the
equation.
X

u_ fs

¢ 2cosbp

Of course, the center frequency of deep echoes
is still within the bandwidth of the transmitted ultra-
sound; the center frequency is depressed because of the
greater attenuation of the higher-frequency portions of
the transmitted bandwidth.

Since bandwidth is inversely proportional to pulse
duration and pulse duration is related to spatial resolu-
tion, it is desirable to have a short pulse duration so that
spatial resolution is as small as possible. This means
broadband pulses, permitting depression of the center
frequency of the echo. The desire for improved resolu-
tion and the desire to avoid aliasing combine in the use
of time-domain velocimetry as an alternative to Doppler.

At
vi_ _Ar

¢ 2cosfp
In time-domain velocimetry, two successive ultra-
sound echoes are compared to see if a time shift (A7)

(21.17)

(21.18)

Echo
comparison

Echo 2 Echo 1

Echo 2
minus
Echo 1

t

Fig. 21.50 Time-domain demodulation removing clutter.
To remove clutter in time-domain demodulation, the RF
echo signal from each pulse-echo cycle is subtracted from
the preceding RF echo signal to yield the residual due to
tissue motion

has occurred in the echo in the intervening time (Az),
which indicates tissue motion. By measuring the time
shift, the velocity can be calculated. Of course, clutter
from solid tissue in the voxel may provide a substantial
stationary echo superimposed on the small shifted echo.
To remove the clutter echo, subtraction of adjacent pairs

Echo
comparison

Echo 2
minus
Echo 1
and
Echo 3
minus

Eehek Time shift

At

t

Fig. 21.51 Time-domain demodulation measuring the ve-
locity component. By measuring the time shift between
successive echo pairs, multiplying by half the ultrasound
velocity and dividing by the pulse repetition interval time,
the velocity of the tissue along the ultrasound beam results
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Fig.21.52a-d Ultrasound images from a conventional
carotid artery Doppler examination in the neck [21.67].
Orientation: a linear array transducer located at the top of
each image acquires the 128 vertical scan lines in sequence
across the 35 mm-wide image. Two of the monochrome
B-mode images (c) and (d) were acquired in 24 ms (42
frames per second) so the scan lines progress across the
image at a speed of (35/24) 1.46m/s, a speed similar to
blood velocity. The color flow image (a) was acquired at
12 fps; the other monochrome image (b) was acquired at
23 fps. Anatomy: (a) ECA external carotid artery supplying
the face, ICA internal carotid artery supplying the brain,
CCA common carotid artery from the heart via the Bra-
chiocephalic trunk. (a) Color Doppler image of the carotid
bifurcation. The color scale on the left of the image shows
that forward flow is shown as red and reverse flow is shown
as blue. The flow directions are with respect to the trans-
ducer array at the top of the image rather than with respect
to the heart to the right of the image. The blue region at
the origin of the external carotid artery shows that the verti-
cal component of the velocity vector is pointing toward the
ultrasound transducer rather than showing that flow is re-
versed toward the heart. Notice that this region is bounded
by black bands indicating zero velocity toward the trans-
ducer. The blue spots in the lumen of the internal carotid
artery are aliasing (Fig.21.47). Notice that each of those
regions is surrounded by an orange color indicating high
blood velocity components with respect to the transducer.
Doppler waveform orientation: each of the three Doppler
waveforms is acquired from an ultrasound beam pattern that
is tilted at an angle with respect to the transducer, selected
by the examiner to form an angle of 60° with respect to the
artery axis. (b) lower Normal Doppler spectral waveform
from the internal carotid artery with high diastolic flow. Be-
cause the brain continuously requires 10% (10 ml/s) of the
cardiac output (100 ml/s), the peripheral resistance is low
so blood flows to the brain during systole and diastole. (c)
lower Normal Doppler spectral waveform from the exter-
nal carotid artery with low diastolic flow. Because the face
at rest requires little blood flow but when active (chewing,
blushing) requires more blood flow, at rest the arteriolar
sphincters are constricted, only accepting blood flow dur-
ing systole. When the arteriolar resistance decreases, the
external carotid also has flow during diastole. (d) lower Nor-
mal Doppler spectral waveform from the common carotid
artery which has the combined internal and external flow
waveform. A pulsatility index showing the ratio between
the diastolic and systolic velocities is sometimes used to
classify waveforms

Amazon EX1014 Page 880

875

#°TC |4 Hed



876 PartF

Biological and Medical Acoustics

#°TC |4 Hed

FR 18Hz 60
P1

Fig.21.53 Stenotic internal carotid artery. Even after 25 years of exploring the meaning of carotid artery spectral
waveforms, there is no agreement on how the data should be interpreted. Although this color Doppler image shows an
interruption in the color flow image of the lumen, the interruption is not due to an arterial occlusion, but to a local region
of high ultrasound attenuation which causes the color Doppler signal to drop out. Thus, the diameter of the color Doppler
streak cannot be used to assess the lumen. In this case, the vessel walls cannot be easily seen. A stenosis is present at
the Doppler sample volume as indicated by the high velocity. The spectral waveform is confusing. The highest Doppler
frequency shift which was measured by the examiner 220 ms after the onset of systole at 497.3 cm/s is probably not
accurate because the measurement is at the time of greatest spectral broadening (SB), indicating eddies in the flow. Use
of the Doppler equation is not appropriate for these eddy velocities because the heading of the vectors is not known.
The true peak systolic (PS) velocity probably occurs 100 ms after the onset of systole where the measurement is near
4 m/s and the Doppler equation is probably accurate if the velocity vector is assumed to be parallel to the artery axis. An
appreciating of the difference between the believed accuracy of 497.3 cm/s versus ‘about 4 m/s’ is important because of
the clinical decisions that result. The PSV is used to decide whether a patient with symptoms of mini-stroke should have
surgery. In this case, the end diastolic velocity (EDV) is measured at 135.2 cm/s. An EDV value exceeding 140 cm/s in
a single measurement would cause a vascular surgeon to schedule the patient for carotid endarterectomy surgery even if
the patient has no symptoms

of echoes (Fig.21.50) provides the difference wave-
form containing the motion information. Then the time
shift between difference waveforms can be measured
(Fig.21.51).

A comparison between the time-domain equation
and the Doppler equation shows that AT = A¢/ fys. This
indicates that it is the demodulator frequency, not the
frequency of the echo, that is relevant for the Doppler
equation; the former must be close (and is usually equal)
to the transmitted center frequency, i. e., the frequency
required in the Doppler equation. There are substan-
tial differences between the Doppler and time-domain
systems. First the time-domain system usually transmits
a broadband, short ultrasound pulse. The signal-to-noise
ratio of the echo is determined by the transmit pulse en-
ergy. To achieve the same energy in a short pulse, the

temporal peak power must be high, leading to a high
acoustic pressure. When analyzing the time shift be-
tween the echoes, it is easiest to test for the time-lagged
correlation by stepping one digitizing interval at a time.
So, if the echo is digitized at a rate of 20 MHz, the
digitizing interval is 50 ns (A7), equivalent to a tissue
displacement of 0.0375 mm. If the pulse repetition fre-
quency is 10kHz, so the inter-pulse interval is 100 s
(At), the velocity resolution is 38 cm/s (0.4 m/s). Time-
domain systems usually digitize at a higher frequency
and usually interpolate the wave between the measure-
ments to improve velocity resolution. For large time
shifts, when noise is present, the time domain system
usually has trouble with peak hopping, associating the
wrong cycles in the wave when determining the time
shift. This results in a measurement error identical to
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Fig. 21.54 Doppler spectral waveform signals from the in-
ferior vena cava showing augmented flow. Doppler spectral
waveforms show velocity (vertical axis) versus time (hori-
zontal axis). In addition to the difference in flow direction,
venous flow is differentiated from cardiac flow because the
venous flow varies with respiration and with manual com-
pressions of the tissues. Here the sudden increase in venous
flow in the distal inferior vena cava was created by releas-
ing an occlusion of the venous outflow from the legs. ECG
tracing (green) shows cardiac timing. The heart beat to the
right of center is due to a premature ventricular contraction,
an abnormal heart rhythm which does not affect the venous
flow

aliasing. So, the advantages of time-domain process-
ing over Doppler processing, while promising, have not
been fulfilled.

Clinical Applications of Ultrasound Velocimetry
The most common application of pulse Doppler ultra-
sound spectral waveform analysis is the examination
of the carotid arteries [21.68] for stenoses that might

lead to stroke (Figs.21.52, 21.53). The measurement
of high systolic (> 125cm/s) carotid blood veloc-
ity is associated with a 20% chance of stroke in
two years in a patient reporting stroke-like symptoms

Fig. 21.55 Duplex echocardiogram of a heart with an atrial septal defect. The jet of blood from the left atrium to the
right atrium can easily be seen on the color flow image. The Doppler spectral waveform taken at the center of the jet
orifice at a Doppler angle of 25° to the jet shows velocities as high as 1.4 m/s when the inter-atrial pressure difference
is the greatest. Correcting the velocity for the Doppler angle (cos 25 = 0.906) increases the velocity value to 1.54 m/s.
Cardiologists usually attempt to orient the Doppler transducer to align the jet with the Doppler ultrasound beam to achieve
a zero Doppler angle. The pressure difference between the chambers can be computed using the Bernoulli equation
for blood velocity Ap[mmHg] = 4 [mmHg/(m/s)*] V2. The pressure difference here is near 9 mmHg (courtesy Frances

DeRook and Keith Comess)
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Fig. 21.56 Vibration from the mitral valve. Signals from blood flow are mixed with signals from solid tissue motion. Here,
the signal of solid tissue motion is suppressed by the wall filter, which suppresses clutter at frequencies below 400 Hz.
However, in this case with the Doppler sample volume in the mitral orifice, as the mitral valve closes for the fourth time,
the valve vibrates at a frequency of 2kHz for a period of 8 ms causing the harmonic (Bessel function) spectral pattern
with seven harmonic terms, indicating that the amplitude of the vibration is high (courtesy Frances DeRook and Keith

Comess)

(TIA = transient ischemic attack, RIND = reversible
ischemic neurological deficit). The measurement of
a high-end diastolic velocity (> 140cm/s) in any pa-
tient is associated with a 20% chance of stroke in two
years from emboli released from the carotid stenosis.

011142005 02:36:19 PRI

Such findings, by themselves, can direct a patient to
treatment that will prevent devastating disability.
Examination of the veins of the legs with Doppler
for the detection of deep venous thrombosis (DVT) is
another popular examination that can lead to life sav-

Fig. 21.57 Duplex echocardiogram tissue Doppler of myocardium. Like velocity measurements from blood flow, velocities
of solid tissues can also be measured. Low velocities of the intra-ventricular septum of the heart indicates abnormal muscle

contraction (courtesy Frances DeRook and Keith Comess)
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Fig.21.58 Tissue strain in calf muscles. During tissue perfusion, different strain waveforms indicate resting perfusion
(red) with high peripheral (arteriolar) resistance or hyperemic perfusion (blue) with low peripheral resistance. In this case,
the calf muscle was imaged at rest, and then at intervals for a period of 5 min following a toe stand exercise. Immediately

after exercise, the peripheral resistance is low to make up

for the metabolic oxygen deficit after exercise. Five minutes

after exercise, most of the muscle tissue has returned to the resting state (Courtesy John Kucewicz)

ing therapy. Because venous pressures are near 5 mmHg
in the supine patient, normal venous flow is associated
with respiration and minor local compression rather
than pulsatile with the cardiac cycle (Fig.21.54). Pul-
monary embolus from venous emboli released from
a DVT may account for one-third of sudden cardiac
death cases [21.69]. A venous Doppler examination
failing to show spontaneous venous flow with respira-
tion indicates a venous obstruction that may be a DVT
that could progress to threaten life if not treated with
anticoagulation.

Cardiac Doppler examinations for blood flow are
perfectly suited to characterize narrow holes between
the cardiovascular structures in the chest (Fig.21.55).
By measuring the velocity of blood flow jets and apply-
ing the Bernoulli equation, the instantaneous pressure
difference between the associated chambers of the heart
can be measured. This works for all heart valves and wall
defects so the method can be used to identify pulmonary
artery hypertension as well as cardiac valve failure.

Although blood velocity through valves can be meas-
ured (Fig. 21.56), the dynamics of solid structures such
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Fig.21.59 Tissue pulsations in brain measured with ultrasonic phase gradient demodulation. Using ultrasound to measure tissue
displacement over time with a resolution of 0.05 um and differentiating motion with depth to measure strain, perfusion waveforms
can be obtained. Independent component analysis of the brain perfusion signal reveals the cardiac and respiration contributions to
the natural tissue strain (Courtesy Lingyun Huang)

as valve vibration, can also be characterized. By mea-
suring the velocity of the cardiac wall, regions of poor
myocardial function can be identified (Fig.21.57).

Tissue Strain Imaging
A number of laboratories are exploring the ultrasound
measurement of tissue strain [21.70] for diagnos-
tic purposes. The most popular examinations involve
the measurement of tissue response to externally ap-
plied vibration or pressure. These methods are called
elastography or elastometry. During ultrasound exam-
ination, the ultrasound scan head or a nearby device

is pressed on the tissue to induce a strain of sev-
eral percent, either static or vibrating. By monitoring
the relative motions of the tissues in response to the
applied strain using Doppler or time-domain meth-
ods, the relative elastic properties of the tissues can
be determined. The computation simply takes the
derivative of the motion as a function of depth. To
achieve 10% resolution on a 1% applied strain in
I mm voxels requires that the ultrasound motion de-
tection system resolve 1 pum tissue displacements. This
requires a 1 GHz digitizing rate for a time-domain sys-
tem without interpolation. A Doppler system with 6 bits
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Fig.21.60 Tissue vibrations of a punctured artery. Flow through any small orifice which results in a pressure drop can
cause vibrations. Arterial bleeding can be detected by searching Doppler signals for such vibrations. (Courtesy M. Paun,

M. Plett)

of dynamic range can achieve a 1 pum displacement
resolution.

60 — 70% focal stenosis in top third of RCA
Apical view

300Hz , ~4.5um

10 cm

0 um

Center frequency: 2 MHz; PRF = 1 kHz; ensemble = 10

Image Computing Systems Laboratory, Electrical Engineering

More challenging is to examine the natural tissue
strain that occurs as the tissue fills and empties of blood
each cardiac contraction and each respiratory cycle.
Normal tissue strain for arteriolar filling is 0.1%. To
resolve 0.1% strain with 10% resolution in 1 mm voxels
requires the resolution of 0.1 wm displacements. This
requires Doppler demodulation of a 5 MHz echo with
at least 9bits of dynamic range. Ultrasound pulsatil-
Fig. 21.61 Vibration of a coronary artery stenosis. Flow
through any small orifice which results in a pressure drop
can cause vibrations. Flow though a stenosis causes a bruit
(Fig. 21.2), or murmur which can be detected and measured
with ultrasound. These 4.5 pm-amplitude 300 Hz vibrations
on the surface of the heart at the location of a stenosis in
the right coronary artery occur only in diastole when the
coronary flow rates are the highest. (Courtesy S. Sikdar,
T. Zwink, S. Goldberg)

Amazon EX1014 Page 886

881

#°TC |4 Hed



882

G°TZ |4 Hed

Part F

Biological and Medical Acoustics

ity images can be made of most body tissues including
muscle (Fig.21.58) showing physiological responses
to stresses, and brain [21.71] (Fig.21.59) showing the
separate effects of pulse and respiration.

Tissue Vibration Imaging

Several pathological conditions are associated with the
presence of tissue vibrations. These were discussed at
the beginning of the chapter where the detection of the
vibrations with a stethoscope was described. Of particu-
lar interest are vibrations associated with arterial stenosis
and vibrations and motions associated with internal
bleeding [21.72]. Using the same Doppler demodula-
tion methods, but filtering for the cyclic motions of the
highly echogenic solid tissues rather than the continuous
motions of the poorly echogenic blood, vibrations can
be detected and rendered as an image showing patholo-
gies such as arterial bleeding (Fig. 21.60). The amplitude
and frequency of the vibrations are characteristic of the
rate of bleeding. Arterial stenoses including stenoses of
the coronary arteries (Fig.21.61) can be demonstrated
in vibration images.

Modern Ultrasound Scanners
Real-time diagnostic ultrasound scanners changed little
on the outside between 1975 and 2000; they are nar-
row enough to fit through a doorway (Fig.21.62) and
draw less than 1.5kW of electrical power from a stan-
dard power outlet in the hospital wall. However, inside
the systems have evolved from analogue devices to dig-
ital devices (Fig.21.63), with the conversion to digital
processing determined by cutting-edge computer tech-
nology. Now an ultrasound scanner with a full array of

21.5 Medical Contrast Agents

Contrast agents are used in medical imaging to make
invisible structures visible. Contrast agents can be clas-
sified by anatomic/application: intraluminal /intracavity,
excretory, diffusional, and chemotactic. Contrast mech-
anisms include reflection, absorption, fluorescence,
emission and nuclear resonance frequency shift.
Intraluminal /intracavity agents are used to visualize
the cardiovascular system, gastrointestinal system, re-
productive system, body cavities, and other spaces. The
contrast agent is injected into the space, where it spreads
throughout the structure of interest. Excretory systems
are used to visualize the renal system [excretory uro-
gram or intravenous pyelogram (IVP)] or gall bladder

1A [

Fig. 21.62 Modern ultrasound imaging system. During the
quarter century between 1975 and 2000, ultrasound systems
retained the same exterior design, mounted on wheels, nar-
row enough to fit through a doorway, light enough that
a sonographer could push the system, short enough so
that a sonographer could see over the top and powered
by a 1.5kW outlet. To the right is the key to good ul-
trasound diagnosis, the well-trained, certified, experienced
ultrasound examiner

functions is constructed from software, using a Windows
laptop computer (Fig.21.64) or a custom box. Ultra-
sound systems can be produced inexpensively and can
obtain the diagnostic results automatically, so that a pa-
tient can use the system for self-management of some
conditions (Fig. 21.64).

and bile duct (cholangiopancreaticogram). The contrast
agent is injected into the venous system and is excreted
in concentrated form by the target organ. Because of the
concentrating action of the kidney, a contrast agent in the
urine will be 100 times more concentrated than in the
blood. Diffusional agents are injected into the venous
system and diffuse into the interstitial space through
leaky capillaries. Newly formed capillaries are leaky,
and such diffusion may mark local angiogenic factors
secreted by tumors or retinopathy. Contrast magnetic
resonance imaging (MRI) for breast tumor detection and
fluorescene angiography of the retina are examples of
diffusional agents. Chemotactic agents are injected into
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the veins and diffuse into the interstitial space through
normal capillaries, where they bind to tissues of inter-
est such as tumor cells. The time between the injection
of a chemotactic contrast agent and the imaging study
is several hours. This method is common in nuclear
medicine imaging.

Ultrasound contrast agents cause increased backscat-
ter of ultrasound and often cause the generation
of harmonics. X-ray contrast agents contain heavy
nuclei which absorb X-rays to provide contrast. Fluo-
rescene, indocyanine green and other dyes are activated
by high-energy (short-wavelength) photons and emit
longer-wavelength photons, which are detected by op-
tical camera systems. Chemotactic chemicals prepared
with short-half-life (hours) nuclear isotopes are prepared
and injected within a few hours. After allowing time for
the agents to accumulate in the tissues of interest, the
sources of radiation are imaged with pinhole or colli-
mation nuclear radiation cameras. Gadolinium is used
as a contrast agent in nuclear magnetic resonance imag-
ing. The paramagnetism of gadolinium decreases the T;
and T, relaxation times, which are displayed in the MR
image.

21.5.1 Ultrasound Contrast Agents

The first intravenous ultrasound contrast agents [21.73]
were large bubbles generated by intravenous injection
of indocyanine green [21.74], other injectable liquids
including saline and blood [21.75-77], and finally agi-
tated saline [21.78]. These bubbles were so large that
they would not pass through capillaries, so appear-
ance in the left heart or arteries was proof of a shunt
bypassing the lungs. These bubbles were generated inad-
vertently or deliberately by flow-induced cavitation. The
bubbles contained air that was dissolved in the blood.
These bubbles generated strong ultrasound reflections
because of the large difference in ultrasound impedance
between the body (water) and the air in the bubbles.
Small bubbles were not stable, so only large bubbles
survived.

Currently, most commercial ultrasound contrast
agents are small bubbles or particles, which are able
to pass through the capillaries of the lungs but are
confined to the vascular system. Some ultrasound con-
trast agents are solid particles smaller than a micron
in diameter. These are Rayleigh scatters of ultrasound
at the fundamental frequency. Most ultrasound contrast
agents are bubbles about 3 wm in diameter (Fig.21.65)
so that they will pass through pulmonary capillaries
and recirculate in the cardiovascular system. They are
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Fig.21.63 Diagnostic ultrasound signal processing history. The
amount of data transferred between the stages of the ultrasound
signal-processing chain is a minimum around the display, the dis-
play systems were converted to digital processing during the early
years of digital technology development. Beam forming occurs in
two directions: in the plane of the image, where the evolution from
mechanical to analog to digital proceeded with time, and perpen-
dicular to the plane of the image, where mechanical focusing was
replaced by digital electronic focusing and then steering with the ad-
vent of transducers segmented into two-dimensional arrays. Pointing
of the ultrasound beam between 1980 and 1990 was done digitally
in linear array raster scans by switching on selected transducers in
the array, but in phased-array sector scans the direction of the beam
was determined by adjusting the phase delay with nanosecond reso-
lution on each transducer. Because analog signals have a continuum
of possible signal levels, small differences in analog signals can be
extracted as long as the differences are greater than the noise in the
signal. Once a signal is digitized, no noise is added to the signal by
processing. The 10 GBit/s data rate on the receiving path is based
on the assumption that the transducer is divided into an array

also Rayleigh scatters, but because they oscillate, they
convert the fundamental ultrasound frequency into har-
monics because of the nonlinear properties of their
oscillation.

21.5.2 Stability of Large Bubbles

The size of stable bubbles can be estimated from phys-
ical principles. The gas inside a stable bubble of radius
r (Fig.21.65) is under a pressure equal to the sum of
the ambient atmospheric pressure plus the fluid pressure
(1 atm = 10 m of water), and the pressure generated by
the surface tension of the interface between the con-
tained gas and the external fluid (water). In the body
and in carbonated beverages, the depth of the bubbles is
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small compared to 10 m of water, so the pressure added
because of the depth of the fluid can be ignored com-
pared to atmospheric pressure. A force balance on the
equator of the bubble equates the pressure force Pmr?
to the surface tension force o2xr. Thus the pressure

Fig.21.64a-c Two small ultrasound imaging systems,
based on the request of the Defense Advanced Research
Project Administration for general-purpose handheld
systems with full function (a) and (b) and an application-
specific imaging system. (a) Terason scanner using a laptop
computer; (b) SonoSite scanner using custom electronics;
(c) Application-specific ultrasound scanners (BladderScan)
are palm-sized and fully automatic. This instrument shows
no image, but displays the volume of urine in the bladder
as a number or an alarm, depending on the application

in the bubble above the ambient pressure is P = 20 /r.
In the absence of a surfactant, the surface tension of
water is 70d/cm. When r = 1.4 um, P =1 atm; this
is a huge chemical potential to drive the contained
gas into solution. If a bubble is 0.14mm in diam-
eter, too large to pass through a capillary (red blood
cells are 8 wm in diameter), then the pressure eleva-
tion in the bubble caused by surface tension is 0.01 atm
and the gas contained in the bubble has a low driv-
ing force to diffuse into solution. So, large bubbles
are more stable than small bubbles. If the surface ten-
sion is reduced by applying a surfactant (shell) to the
bubble, then small bubbles become stable. If the gas
contained in the bubble is less soluble in blood and/or
has a low diffusion constant, then the bubble has a longer
life.

Pressure
MPa 4 P <.

02|

Fig.21.65 Contrast agent bubble. An ultrasound contrast
bubble is a system consisting of a gas inside the bubble,
a surfactant, a surrounding liquid, and solutes including
gases and surfactants in the liquid solvent. Thermodynam-
ics and the transport of heat and of the dissolved gasses and
dissolved surfactant materials all contribute to the response
of a bubble to ultrasound exposure. Interactions between
bubbles are also important factors in contrast agent dy-
namics. Here are the expected sizes for a bubble based on
an isothermal ideal gas model without considering surface
tension for an ultrasound intensity of 87.5 kPa
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21.5.3 Agitated Saline
and Patent Foramen Ovale (PFQ)

Agitated saline contrast bubbles are generated by forcing
fluid rapidly through a small orifice, such as an injection
needle. They have an important diagnostic application:
to determine whether there is a shunt from the right heart
to the left heart, bypassing the lungs. The most common
of these shunts is the patent foramen ovale (PFO). PFO
may be a cardiovascular defect of considerable medical
importance. If a person under the age of 50 has a stroke
due to occluded vessels in the brain (ischemic stroke),
the most likely cause is a PFO. One affected group is
divers, who return from great depths with large amounts
of gas dissolved in their body tissues, especially in fat.
Bubbles which form in the low-pressure venous system
as the gas is transported toward the lungs, might pass
through a PFO during a cough, releasing these large bub-
bles into the arterial system where they cause occlusion
of arteries and ischemia of the tissues that were supplied
by the arteries. Ischemia of some tissues might be unno-
ticed. Ischemia of other tissues might cause pain that is
ignored. Ischemia of some portions of the brain might
result in undetected changes in personality or memory.
Only ischemia of the motor and sensory cortices of the
brain causes loss of sensory and motor function that are
recognized as stroke symptoms. In divers, these symp-
toms are called neurological symptoms of the bends, in
others they are called transient ischemic attacks (TIA)

or stroke, depending on whether the symptoms last less
than 24 h or longer than 24 h, respectively.

The foramen ovale is a normal structure before birth,
along with the ductus arteriosus, allowing the blood to
circulate in parallel through the fetal body, lungs and
placenta. At birth, with the muscular constriction of
the ductus arteriosus to obliterate the lumen, pressure
shifts cause the flap valve of the foramen ovale to close
and over time it will seal in most people. However, in
some people the foramen ovale does not seal, opening
occasionally when the person coughs or strains. The
prevalence of PFO in the general population is 30% at
age 20 and 10% at age 70. The reason for the decline in
prevalence is either because in some people the foramen
seals after age 20 or because these people suffer repeated
embolic events from the venous to the arterial circula-
tion, which progressively damage body organs leading
to failure and death. In the absence of PFO, such venous
emboli pass to the lungs where they temporarily occlude
portions of the lung, but resolve over time.

The importance of the diagnosis of PFO is currently
disputed, but two factors may make testing for PFO
a part of every physical examination:

1. the cost of the contrast agent is only the 2 min that it
takes to handle off-the-shelf saline and

2. recently catheter methods of sealing a PFO have
been released for testing, avoiding the need for open-
chest heart surgery to seal the defect. If 2/3 of the

Fig. 21.66 Two-dimensional B-mode real-time echocardiogram of the left ventricle. Left: left ventricle without ultrasound
contrast agent. Right: left ventricle with intravenously infused Optison ultrasound contrast agent (courtesy Frances DeRook
and Keith Comess)
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people with PFO at age 20 die before the age of
70, this diagnosis would be an issue of considerable
importance.

21.5.4 Ultrasound Contrast Agent
Motivation

The case for the development of stable ultrasound
contrast bubbles small enough to pass through the
capillaries of the lungs and appear in the systemic
arteries is based on the wide use of ultrasound in
medical imaging. Over half of all medical imaging
is done with ultrasound, so there are many potential
applications for contrast agents. Because these mechan-
ical agents are confined to the vascular space, they
cannot provide contrast in excretory, diffusional or ex-
travascular chemotactic applications. Blood is a poor
reflector of ultrasound, generating echoes 60dB be-
low the echoes from vascular walls. Contrast agents
increase the backscatter. In most cases, the detection
of blood flow is easy by Doppler methods which can
reject the high-intensity stationary echoes from vas-
cular walls and detect the moving echoes of blood
using Doppler methods. However, in cases where the
blood is moving slowly, these methods are more diffi-
cult and there is an advantage from the increased echo
signals produced by contrast agents. Thus, in identi-
fying the exact location of endocardium (Fig.21.66),
in regions deep within strong attenuators (such as
skull) and for blood flow in capillaries, contrast agents
promise to provide important additional diagnostic
information.

21.5.5 Ultrasound Contrast Agent
Development

Ultrasound microbubble contrast agents have been un-
der development for a quarter century [21.79]. The first
task in the development of microbubble contrast agents
was to make stable bubbles small enough so that they
could pass through the capillaries of the lungs (about
3 wm in diameter) after injection into the venous system,
and stable enough to survive long enough to be useful
(more than 1 min, preferably 30 min). Three strategies
are available to stabilize the microbubbles:

1. lower the surface tension,

2. form bubbles of a gas with low solubility or diffu-
sivity in water/blood and

3. produce a gas-impermeable barrier at the gas—liquid
interface.

Surfactants lower surface tension; fluorocarbons have
low solubility in water/blood; polymeric shells can be
impermeable to gas diffusion. A series of contrast agents
have been developed based on various combinations of
surfactant, contained gas and method of formation.

The behavior of ultrasound contrast agent microbub-
bles is complicated and can easily consume an entire
career. Only a few factors will be mentioned here. A mi-
crobubble consists of three phases: the contained gas,
the surfactant, and the surrounding fluid. The size dis-
tribution of the bubbles is determined by the method
of formation. Air-filled albumin-coated microspheres
can be formed by whipping a mixture of albumin and
water in a blender. This forms a broad distribution
of microspheres. The desired size can be selected by
centrifugation or flotation. A more nearly uniform mi-
crobubble size can be achieved by metering the relative
volume of surfactant and gas through a calibrated noz-
zle orifice. The relative amounts of gas and surfactant
are determined by the desired surface to volume ratio.
The speed of bubble extrusion is crucial to the forma-
tion of bubbles of stable size. If prepared for medical
use, in addition to a sterile preparation, formed using
Food and Drug Administration (FDA)-approved good
manufacturing practice, the agent must have sufficient
stability and shelf life to permit distribution, storage and
timely preparation for use.

When released into blood, the contained gas is usu-
ally not at equilibrium with the dissolved gases in the
blood. A microbubble filled with fluorocarbon will take
up nitrogen, oxygen and carbon dioxide without releas-
ing much fluorocarbon, so the microbubble will swell
after injection. The amount of swelling will depend, in
part, on the amount and properties of the surfactant. If
the bubble swells so that the surface area begins to ex-
ceed the available surfactant, the surface tension rises.
This may favor bubble coalescence. As the microbubble
passes through the lungs, some of the contained fluo-
rocarbon will be released. Gas exchange between the
microbubble and the dissolved gas in the blood is con-
tinuous during the life of the bubble. Some surfactants
and some contained gases have chemical or physical
affinities for the interior surfaces of the cardiovascular
system of the lungs, arteries, capillaries or veins. The
bubbles may become specifically adsorbed to the endo-
luminal surfaces of these vessels. This can be accidental
or deliberate, and can become part of the functionality of
the contrast agent. When specifically adsorbed, the sur-
factant may migrate to the vascular surface or may take
on molecules from the vascular surface or surroundings.
Of course, the contrast agent might be taken up by cells,
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transported by those cells and/or retained in particular
tissues or organs.

21.5.6 Interactions Between Ultrasound
and Microbubbles

When exposed to ultrasound at diagnostic frequen-
cies (1-20 MHz), the contrast bubbles will oscillate at
the driving frequency of the ultrasound, emitting the
fundamental frequency as well as harmonics of the
fundamental frequency. Microbubbles have a natural
resonance frequency, primarily determined by their size,
surface tension, shell rigidity (if any) and the density of
surrounding material. If stimulated at a frequency near
the resonant frequency, the amplitude of oscillations will
be greater. The pressure of the interior gas varies with
volume according to the rules of adiabatic compression
and expansion, at least to the extent that the process
is too fast for heat transfer. Although the waveform of
the oscillation is primarily determined by the waveform
of the driving ultrasound, the surfactant forces also play
a great role in this process. When the ultrasound pressure
is high (for 0.3 ps) the gas compresses, the temperature
raises, the water vapor pressure increases as does the
pressure of other gases. The gas pressures rise above the
surrounding partial pressures of gas, providing a driving
force to move gas out of the bubble into solution. Be-
cause the bubble is small, the surface area available for
heat and mass transfer is small, and the amount of loss of
heat and gas is small. Alternatively, when the ultrasound
pressure is low (the subsequent 0.3 ps), the pressures
and temperature drops, providing driving forces for heat
and gas to enter the bubble. Now the surface area is
large and it is easy for transport into the bubble, leading
to rectified diffusion of gas and heat into the bubble.

At the body temperature of 37 °C, the vapor pres-
sure of water is 6.2kPa, 6% of atmospheric pressure.
An acoustic wave of 285 mW/cm? SPTP (spatial peak
temporal peak) intensity drops the pressure in a bubble
below the vapor pressure of water (ignoring surface ten-
sion) which will cause the water to vaporize, filling the
bubble with water vapor in addition to the other con-
tained gasses. The latent heat of evaporation lowers the
temperature of the bubble. On compression, the recon-
densing of the water adds heat to the bubble. When the
ultrasound is compressing the bubble, the surfactant acts
as a stable skin. The skin may even exhibit negative sur-
face tension. Like the hull of a submarine deep in the
ocean, the surfactant may hold the bubble gas pressure
lower than the surrounding pressure. Similarly, when the
ultrasound pressure has dropped below ambient, and the

bubble expands to form a larger surface area, the sur-
factant, which is often a monolayer of molecules on the
surface, will change in configuration, become patchy and
result in increased surface tension, holding the internal
gas pressure higher than expected from the surround-
ing pressure. As there is a driving force for the gaseous
contents of the microbubble to experience rectified dif-
fusion, there is also a driving force for the surface phase
to experience rectified diffusion, changing the compo-
sition of the surface. A stable molecular monolayer on
the surface of the bubble at one bubble volume will
become compressed when the bubble becomes small,
providing a driving chemical potential to both change
the phase of the monolayer to a multilayer and to drive
some of the surfactant into solution. The monolayer will
be expanded when the bubble becomes large, provid-
ing a driving chemical potential to draw surfactant from
solution. The solution my provide surfactant materials
that are similar to or different from the original surfac-
tant on the microbubble. Unless the concentration of
potential surfactants in solution is high, this process is
too slow to affect bubble behavior. In experimental solu-
tions, such concentrations may be low, but the complex
mixture of complex molecules in blood may favor such
a process.

21.5.7 Bubble Destruction

The first experiments with microbubble contrast agents
were disappointing. Contrast agents did not produce re-
flections as bright as expected. Increasing the transmit
intensity did not improve the strength of the echoes com-
ing from the agents. In an effort to improve the signal
strength, broadband ultrasound transducers were used to
form harmonic images. An ultrasound transducer oscil-
lates at a resonant fundamental frequency determined by
the thickness. The transducer has no efficiency or sen-
sitivity at double the frequency, although it does have
one-third the efficiency and sensitivity at triple the fre-
quency. By damping the transducer, a transducer with
a center resonant frequency of 3MHz can be made
to operate at frequenciesof 1.9—4.1 MHz. In harmonic
imaging to detect contrast bubbles, a 2 MHz transmit
burst is applied to this broadband transducer and the
receiver is tuned to 4 MHz. Echoes from tissue are ex-
pected at 2 MHz, echoes from contrast microbubbles
are expected at 2 MHz and 4 MHz. By selecting only
echoes at 4 MHz, clear visualization of the contrast bub-
bles was expected. Unfortunately, for this application,
because ultrasound transmit intensities are so high, ul-
trasound transmission in tissue is nonlinear, generating
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Fig. 21.67 Ultrasound therapy system

harmonics in the transmit beam on the way to the re-
flectors. So even without contrast microbubbles, tissue
echoes contain 4 MHz, 6 MHz and 8 MHz components
when exposed to 2 MHz transmit pulses. Even more
disturbing, real-time B-mode images still did not show
brighter echoes from contrast-filled blood spaces than
from the same spaces before the introduction of the con-
trast agent. The reason for this puzzling result is that
the transmitted ultrasound pulse destroys the echogenic
bubbles, bleaching the contrast effect. Only bubbles of
a particular size are bleached by the particular incident
ultrasound frequency used, some becoming larger by co-

Fig.21.68 Combined ultrasound diathermy and elec-
trotherapy system. Deep heating of tissue can be achieved
by using ultrasound or by using radio-frequency electric
currents. This system is capable of delivering both kinds
of heating. The two transducers shown are for ultrasound,
but since the metallic surface is in contact with the pa-
tient, either can also apply RF diathermy when used with
a counter-electrode

alescence and some dividing into smaller sizes, so they
are not strongly echogenic at the incident frequency.
The process of bubble destruction takes several millisec-
onds after exposure to a single ultrasound transmit burst.
This provided the basis for two new methods of imag-
ing with ultrasound contrast microbubbles: interrupted
imaging and color Doppler imaging. If 2-D real-time
B-mode imaging is used at a typical frame rate of 30
images per second, the interval between one pulse-echo
cycle along an image line and the next is 33 ms, so the
echogenic bubbles are gone after the first frame, and
any new echogenic bubbles that enter the image field
are destroyed as the imaging continues. This led to in-
terrupted imaging of the heart muscle. In interrupted
imaging, a series of ECG-triggered images is recorded
for later analysis. Each image is acquired at the same
time during the cardiac cycle so that successive images
are separated by at least one cycle. During the sequence
of ECG-triggered acquisition of images from a single
plane, an initial image is obtained (i0), after an interval
of five cardiac cycles a second image is obtained (i5),
after the next interval of four cardiac cycles the next im-
age is obtained (i4), then after three cycles (i3) and after
two cycles (i2) and finally after an interval of one cy-
cle the final image is obtained (il). In theory, the prior
image bleaches all of the contrast while acquiring the
image. For contrast to appear in the next image, per-
fusion must carry the contrast bubbles into the image.
By subtracting i5 from i0, all regions with significant
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perfusion are dark. By subtracting il from i2, only the
regions that are filled with contrast within a second are
dark, those that fill during the time between 1 and 2s
are bright. By subtracting i4 from i5, the bright regions
showing contrast bubbles in the image i5 that are not
present in i4 show the regions that are filling slowly
with blood.

During a color Doppler or color power angiography
ultrasound examination, the ultrasound system sends
an ensemble of eight transmit bursts at intervals of
0.2ms along the ultrasound beam pattern to measure
the changes in phase of the ultrasound echoes. In that

Fig.21.69 5MHz ultrasound is attenuated more in a short
distance than 2 MHz ultrasound (upper lines). At shal-
low depths 5 MHz ultrasound delivers more heat because
of greater absorption (lower interrupted line), but at the
deepest depths, 2 MHz ultrasound provides greater heat-
ing (lower solid line). Because of the low absorption of
ultrasound by fat, little heating occurs in fat

1.6 ms period, the contrast bubbles will begin and com-
plete the process of vanishing. Thus there will be a large
change in the echoes received from each depth during
the period of the ensemble. This will be interpreted by
the ultrasound system as a Doppler signal and displayed
as color in the image.

The exact role of ultrasound contrast agents in med-
ical diagnosis remains to be developed. However, there
are a number of efforts to develop nanoparticles for use-
ful applications. These nanoparticles are the same size
as ultrasound contrast agents and may contain gas as
well as liquid. The National Cancer Institute Uncon-
ventional Innovations Program supports some of this
work for the diagnosis, treatment and monitoring of
cancer. Nanoparticles can act as machines, using ultra-
sound energy as the supply to do useful work. This can
be achieved using protein mechanics. Protein folding
confirmations can change in nanoseconds, the molecu-
lar volume is different for each conformation and the
energy states of folding change under high and low pres-
sure, so ultrasound can be used to drive proteins from
one conformational state to another. Nanoparticles can
be used to deliver drugs [21.80] to target tissues, with
ultrasound serving to trigger the release of the drug at
desired times.

21.6 Ultrasound Hyperthermia in Physical Therapy

One of the earliest medical applications of ultrasound
was the therapeutic heating of deep tissue because ab-
sorption of ultrasound by tissue results in the conversion
of ultrasound energy into heat. In common practice,
an ultrasound transducer 3 cm in diameter transmitting
20W at a frequency of 3MHz is applied to the skin
(Figs. 21.67, 21.68).

As arule, the size of the treatment area should be less
than twice the surface area of the transducer. Because
of diffraction effects, the ultrasound field has a com-
plex pattern of peaks and valleys. The best transducers
have a beam nonuniformity ratio (BNR) of 2: 1 in in-
tensity. A BNR of 6 : 1 is clinically acceptable. Some
instruments have a BNR of 8 : 1.

The ultrasound passes through skin and subcu-
taneous fat to the muscles and connective tissues
below. Because the attenuation of ultrasound in ten-
don is 10 times the attenuation in fat, the majority of
the heating is in the tendon (Fig.21.69). Heating is
more superficial when a higher ultrasound frequency
is used.

The attenuation in muscle and tendon is higher than
in fat, favoring the heating of these tissues even when
they are covered by fat. However, the attenuation of skin
is quite variable; some reports show skin attenuation
higher than tendon. The variability of the attenuation
in skin results from two factors, the thin and nonuni-
form character of skin, and the variable air content of
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the stratum corneum, the outermost layer of skin. With
careful application of ultrasonic gel, the air can be re-
moved from the stratum corneum layer, lowering the
attenuation.

Although ultrasound diathermy as well as other
diathermy methods are often used in physical therapy,
the effectiveness of the treatments beyond the placebo
effect is questioned by some.

21.7 High-Intensity Focused Ultrasound (HIFU) in Surgery

Starting in 1950, WilliamJ. Fry and colleagues at the
University of Illinois, Urbana, developed an ultrasound
method to heat small volumes of deep tissue to high tem-
peratures. Using a 10 cm-diameter transducer operating
at 2 MHz focused at a depth of 10 cm, tissue the size of
a grain of rice can be heated at 25 °C per second, caus-
ing the tissue to boil in 2.5 s. This method allowed Fry
to create thermal lesions in the brain for the treatment of
brain tumors and other neurological conditions.

The technology is still in evolution, but holds
promise of allowing the cautery of deep tissue without
damaging the overlying superficial tissue. A 35 mm-
diameter 5 MHz concave ultrasound transducer focused
at a depth of 35mm (Fig.21.70) delivering 30 W of
acoustic power to a treatment volume 1 mm in diameter
and 10mm long can deliver an intensity of 3 kW /cm?
(30MW/m?) to form a lesion (Fig.21.71). At such
intensities the nonlinearity of the tissue causes much

Fig.21.70 3.5MHz HIFU transducer used in abdominal
surgery research. Notice that the black transducer face is
concave (the reflection of the fluorescent light fixture is
curved). The transducer is fitted with a signal cable (black),
a pair of tubes to deliver and return cooling water (clear),
and a thermocouple cable (thin) to monitor the temperature
of the transducer. A plastic cone filled with water fits on the
front of the transducer to conduct the sound to the tissue

of the ultrasound to be converted to higher harmon-
ics (Fig.21.72), increasing the fraction of the incident
power absorbed in the treatment volume. During HIFU
treatment, ultrasound images of the treatment volume
show a spot of increased echogenicity caused by bub-
bles filled with water vapor (boiling) or with gas coming
out of solution. When the HIFU treatment stops, the
hyper-echogenic zone quickly becomes anechoic. Dur-
ing treatment, the bubbles may act as a shield, restricting
the delivery of ultrasound to deeper tissues (Figs. 21.73,
21.74).

HIFU treatment can coagulate blood to stop bleed-
ing or to render tissue ischemic, causing necrosis. The
method holds promise for:

Fig. 21.71 Histology of a HIFU lesion overlaid onto the
ultrasound image. 5s high-intensity focused ultrasound
cautry at a depth of 5 cm under tissue in porcine spleen. Typ-
ical lesions are 10 mm long (in depth from the transducer)
and 1 mm in diameter
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High intensity focused ultrasound harmonic
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Fig. 21.72 Computed central beam instantaneous pressures
from a HIFU transducer. The high acoustic pressures in the
focal zone create nonlinear effects that generate harmonics
in the transmitted ultrasound beam (courtesy F. Curra)

1. stopping internal bleeding of the liver or spleen,
stopping bleeding due to catheter procedures,

3. reducing the size of tissues such as uterine fibroids
and prostate hypertrophy,

4. destroying cancer cells and tumors,

5. birth-control procedures such as vasectomy and
tubal ligation,

6. tissue welding, and

7. pushing tissues using radiation force to stretch or
compress them.

Thermal dose is one way to summarize hyperther-
mia treatment conditions. Thermal dose implies that
tissue changes occur above 43 °C, and that the effect
is increased with increasing time and increasing temper-
ature. One empirical formula for thermal dose has been
given [21.81] as:

5]
D:/n(T)<T—43>dz,

4l

21.8 Lithotripsy of Kidney Stones

Explosive ultrasound can be used to fracture kidney
stones in the renal pelvis where the urine is collected
from the kidney and directed down the ureter to the
bladder. Stones which form in the renal pelvis from
solutes in the urine are very painful. The pain occurs
because urine is moved down the ureter by peristaltic ac-
tion, and the peristalsis cannot handle a bolus the size of

—

1 MPa 25 W/cm?
1.2 MPa 40 W/cm?
1.6 MPa 80 W/em?
2.6 MPa 200 W/cm?

8 MPa 2000 W/cm?

Fig.21.73 Typical HIFU ultrasound beam profile. High-
intensity focused ultrasound beam profile showing increase
in beam intensity, not accounting for attenuation. The small
circles post focus represent bubbles formed by a combina-
tion of mechanical-index-induced cavitation boiling. They
are pushed into the post-focus zone by radiation pressure.
As the exposure continues, more bubbles will be formed at
shallower depths. Post-focal bubbles may provide a safety
shield, preventing HIFU exposure of deeper, healthy tissue

where t; and 7, are the initial and final times of the heat-
ing profile, respectively, and n(T) is 4 for T < 43°C
and 2 for T > 43 °C. The temperature is determined by
the rate of heat delivery per tissue volume, which is
the product of the intensity times the attenuation mi-
nus the rate at which heat is removed from the tissue
by conduction through tissues, and convection via the
blood.

The most difficult issue with HIFU is the small treat-
ment volume versus the relatively large access window.
Under ideal conditions, the treatment of a single volume
of tissue 10 mm? takes about 2 s. A cubic region 50 mm

on a side has a volume of 125000mm?> and requires
nearly 4h to treat. These long treatment times present
a considerable economic problem for the adoption of the
technology.

a stone. One type of ultrasound lithotripter uses a 10 cm-
diameter concave reflector with a spark gap at the source
focus. The elliptical curvature forms a target focus 12 cm
from the face of the reflector. Equally intense ultrasound
pulses can be formed using focused piezoelectric trans-
ducers or electromagnetically driven membranes with
the ultrasound focused using an acoustic lens.
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A water path is used to couple the reflector to the
skin nearest the affected kidney so that the target fo-
cus can be positioned on the kidney stone. By firing
the spark gap in the water at the source focus, pres-
sures of +100 MPa followed by —10 MPa are achieved
at the target focus. Treatment of a kidney stone may
require 3000 shocks delivered over an hour. The ob-
ject of the treatment is to break a large stone (> 1cm
in diameter) into smaller pieces (< 2 mm diameter) that

21.9 Thrombolysis

A new therapeutic application of ultrasound is the
destruction of blood clots occluding vessels. Two
mechanical methods may contribute to clot destruc-
tion [21.83-85]: the formation of microbubbles in
the clot (cavitation) and differential radiation force
on the clot squeezing and expanding the clot like
a sponge to take up thrombolytic drugs. There are

21.10 Lower-Frequency Therapies

Lower-frequency ultrasound is used for tissue disrup-
tion and cleaning purposes. To remove an opacified lens
(cataract) from the eye through a small incision, a nee-
dle oscillating at 25-60kHz is used to emulsify the
lens (phacoemulsification), which is then removed by
aspiration (suction).

21.11 Ultrasound Safety

Undoubtedly, ultrasound is safe. In over a half century
of widespread use of diagnostic ultrasound, there are
no currently accepted reports of harm to patients or
examiners from the use of diagnostic ultrasound. How-
ever, in 1950, unamplified X-ray fluoroscopic imaging
was considered so safe that it was used for shoe fitting
in nearly all shoe stores, and for the entertainment of
children waiting to be served. In 1950, smoking was
considered to be so beneficial to health that nearly all
doctors smoked. Although there are reports that ul-
trasound examination in pregnancy is associated with
increased birth complications in retrospective studies
where ultrasound was applied to high-risk pregnancies,
a causative effect is unlikely. Fewer complications were

the ureter can carry to the bladder. The mechanism of
stone destruction includes erosion, spallation, fatigue,
shear and circumferential compression associated with
the primary shock wave or resulting cavitation. Erosion
is caused by cavitation. Spallation is the ejection of the
distal portion of the stone, resulting from a decompres-
sion wave reflected from the distal portion of the stone.
Unfortunately, lithotripsy is often associated with injury
to the kidney parenchyma [21.82].

research reports of successful thrombolysis in coro-
nary arteries [21.86], intracranial arteries [21.87, 88]
and vascular access shunts for dialysis. The ultra-
sound intensities required for thrombolysis are similar
to those used in diagnostic ultrasound. The mech-
anisms include streaming and disaggregation of the
clot [21.89].

Dental scaling is performed with a similar instru-
ment operating at frequencies of 18—30kHz and applied
power of 30 W. Cavitation is an important mechanism in
the cleaning process. Chemical additives such as tooth-
paste can suppress cavitation and degrade the cleaning
efficiency.

found in pregnancies randomized to ultrasound exami-
nation compared to those with conventional care [21.90]
because of the increased knowledge of physicians about
the expected date of delivery. In one discussion of
the safety of Doppler ultrasound examination of the
ophthalmic artery through the eye, an experienced in-
vestigator stated “If the patient doesn’t see flashes
of light, I figure that the exam is safe”. Still today,
diagnostic ultrasound is considered so safe that, al-
though there are occasional disclaimers such as “to be
used only under the supervision of a physician”, ul-
trasound examinations are performed for educational
purposes on students, demonstrated on hired actors at
trade shows, available for home use, and advertised
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Fig. 21.74a-c B-mode imaging of high-intensity focused
ultrasound lesion formation. Focal intensity 1000 W/cm2.
(a) B-mode image of tissue before HIFU  therapy.
(b) Echogenic region at HIFU treatment zone after 15
of exposure. (c) Echogenicity vanishes with time after
cessation of HIFU exposure

for entertainment purposes. One prominent ultrasound
safety expert warned that driving to the examination car-
ried more risk than the risk associated with ultrasound
examination.

In 1976, the United States congress passed the Med-
ical Device Amendments providing that the Food and
Drug Administration should have authority over med-
ical devices [21.91]. At that time, any medical device
in clinical use, in the absence of evidence of hazard,
was considered safe. Any new medical device that was

substantially equivalent to a pre-enactment device could
be approved for distribution in interstate commerce and
use by filing a 510k application showing equivalence.
Devices that were not substantially equivalent required
pre-market approval (PMA) as an investigational device.
This started a search for existing ultrasound systems that
had been sold across state lines so that the ultrasound
output levels could be measured. These old systems are
called pre-enactment systems. New ultrasound devices
that had similar or lower acoustic outputs were consid-
ered equivalent and could be approved by the FDA under
a 510k application, which was simpler and far less costly
than the PMA process.

In 1976, continuous-wave (CW) Doppler systems
were in use, pulsed Doppler systems were in use,
M-mode, 2-D static B-mode and 2-D real-time B-mode
systems were also in use. One CW Doppler system at
the time caused red spots on the skin that were called
Doppler hickies, but were still considered safe because
there were no complaints.

The task was to characterize the equivalent acoustic
output. Over the quarter century since enactment, vari-
ous methods have been developed to describe the effect
of ultrasound on tissue, to establish equivalence. Be-
cause of the common use of therapeutic ultrasound to
create tissue hyperthermia, the first consideration was
the heating effect of the ultrasound; later mechanical
effects were included in the analysis.

The heating of tissue is governed by the bioheat
equation. This equation relates the increase in tissue
temperature to the rate of heat deposit minus the rate
of heat removal divided by the heat capacity of the
tissue. The rate of heat deposit is proportional to the
incoming ultrasound power minus the outgoing ultra-
sound power, per unit mass. In a simple computation,
the heat capacity of tissue is the same as water, 1 cal/gm
or 42J/gm°C=4.2J/cm’>°C=4.2Ws/cm3°C. So,
if ultrasound at an intensity of 4.2 W/cm? is completely
absorbed by a layer of tissue (water) that is 1 cm thick,
the temperature will rise 1 °C per second, if no heat is
carried away. 42mW /cm? (420 W/m?) will raise the
temperature by only 0.01 °C per second, allowing 100 s
of exposure to raise the temperature from the normal
body temperature of 37 °C to 38 °C, well below fever
temperature considered safe by most people. Since at
4 MHz, only half of the ultrasound power is converted
to heat in one cm, the heating rate is half of the values
above.

Until 1985, ultrasound exposure levels were quoted
in terms of W/cm? related to tissue heating. Based on
pre-enactment levels, diagnostic ultrasound systems had
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a temporal average (TA) acoustic intensity at the trans-
ducer focal zone measured in a water-filled test tank
of 100mW /cm? (1kW/m?) or less. The major excep-
tion was ultrasound systems for the examination of the
eye, which had pre-enactment intensities of 7 mW /cm?
(70 W/m?). So, the generally accepted temporal average
allowable intensities became: 7 mW /cm? (70 W/m?) for
the eye and 100 mW /cm? (1 kW /m?) for all other diag-
nostic applications. The maximum intensity of sunlight
is about 50 mW/cm? (500 W/m?), but the attenuation
of sunlight at the skin is near 100%. Acceptable phys-
ical therapy ultrasound intensities were about 30 times
higher: 3W/cm? (30 kW /m?).

Ultrasound beam patterns are not uniform, especially
in the Fresnel zone (near field). The intensities at the
focus in diagnostic ultrasound beams are often three
times higher than the average intensities. Because of this,
ultrasound intensities were reported as spatial peak (SP)
intensities, to indicate the variations, or spatial average
(SA) intensities.

With pulsed-echo ultrasound imaging, the transmit-
ted ultrasound is on for less than 0.5 s every millisecond
along the same ultrasound beam pattern in M-mode ex-
amination; thus the ultrasound was on only 1/2000 of
the time (duty factor or duty cycle of 0.05%). For a spa-
tial peak temporal average intensity of 100 mW /cm?,
(1kW/m?) the pulse average (PA) was 2000 times as
great or 200 W/cm? (2kW/m?) (SP PA) and the tem-
poral peak (TP) intensity was twice that value (SPTP,
Fig.21.23, broadband pulse). A conventional pulsed
Doppler examination with a 1 s transmit burst every
50 s has a duty factor of 2% and an SPTP intensity
of 5W/cm? (50 kW /m?). In both M-mode and Doppler
examinations, the ultrasound beam pattern is held sta-
tionary for several seconds. But in real-time 2-D B-mode
imaging, each successive beam axis is along a different
line. Typically, the ultrasound is directed along the same
line at the frame rate, about 30 times per second.

Over the next decade, the guidelines for ultrasound
intensities in different applications became more so-
phisticated, separating application-specific output levels
into four categories: general, cardiac, vascular, and
ophthalmic. The motivation was to allow higher in-
tensity levels to be used for Doppler blood velocity
measurements because the echoes returned by blood
were 0.000001 (60dB) lower than those from tissue.
Rather than accepting the intensities measured at the
focal zone in a water tank, the intensities were der-
ated by computing the expected intensity if the water
were replaced by attenuating tissue with an attenuation
rate of 0.3 dB/(MHz cm). Derating allows a 3 MHz car-

diac Doppler system focused at a depth of 11cm to
derate the intensity by 10 dB, thus allowing a tenfold in-
crease in transmit power. The derated SPTA limits were:
fetal, neonatal and other general-purpose applications
—94mW /cm?; cardiac —430 mW /cm?; peripheral vas-
cular —720mW/cm?; ophthalmic —17 mW/cm?; the
SPPA limits were 190 W/cm? for the first three cate-
gories and 28 W/cm? for ophthalmic exams.

Working together, the US Food and Drug Ad-
ministration (FDA), National Electronic Manufacturers
Association (NEMA) and the American Institute of Ul-
trasound in Medicine (AIUM) began to agreed on output
display standards (ODS) for ultrasound instruments, in-
cluding the thermal index (TI, the intensity required to
raise the temperature of tissue by 1 °C) predictive of tis-
sue heating, and the mechanical index (MI) predictive
of cavitation and interactions with ultrasound contrast
agents. The TI was further divided into subcategories
for soft tissue (TIS), bone near the focus (TIB) and cra-
nial bone near the skin (TIC) based on the expected
absorption of ultrasound in the tissue. These values also
include the fact that the ultrasound beam is scanning
across the tissue in 2-D imaging. The computation of
MI is based on the SPTP intensity values, includes at-
tenuation derating but not the scanning of the ultrasound
beam.

To better understand the MI values, refer to
Fig. 21.5 which indicates that the amplitude of the pres-
sure fluctuation for a 0.3 W/cm? wave is 1atm, or
100kPa = 100kN/m?. The pressure increases by the
square root of intensity, for a linear system (which
this cannot be). So, for the M-mode SPTP intensity
of 200W/cm?, (2MW/m?) the pressure amplitude
is 26 atm, making the peak positive pressure 27 atm
(2.7 MPa) and the peak negative pressure (below zero)
—25 atm (—2.5 MPa). The MI is defined as the negative
pressure amplitude [MPa] divided by the square root of
the ultrasound frequency [MHz]. This provides a basis
for the estimation of the chance of an adverse nonther-
mal event. At 3 MHz, the MI for this case is 1.5. An MI
less than 1.9 is acceptable for obstetrical examinations
in the absence of ultrasound contrast agents our other
sources of gas bubbles.

In 1991, the FDA released its 510k guidance [21.92],
establishing a new track for approval of non-PMA
devices, regulatory track 3. This permitted increased
outputs for devices implementing the output dis-
play standard developed jointly by the AIUM and
NEMA [21.93]. This standard recognized two general
classes of mechanisms by ultrasound could adversely
affect biological tissue, thermal and mechanical, and
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provided simple metrics for the likelihood of such ef-
fects, the thermal index (TI) and mechanical index (MI).

Similar standards have been addressed in other
countries by organizations and agencies including
Health Canada, the European Committee for Medi-
cal Ultrasound Safety (ECMUS), the British Medical
Ultrasound Society (BMUS), the European Federa-
tion of Societies for Ultrasound in Medicine and
Biology (EFSUMB), the Australasian Society for Ultra-
sound in Medicine (ASUM), the Asian Federation for
Societies of Ultrasound in Medicine and Biology (AF-
SUMB), the Latin American Federation of Ultrasound in
Medicine and Biology (FLAUS), the Mediterranean and
African Society of Ultrasound (MASU), and the World
Federation for Ultrasound in Medicine and Biology
(WFUMB).

In spite of the confidence that ultrasound is ab-
solutely safe, all ultrasound agencies subscribe to the
policy of using ultrasound exposure levels that are as
low as reasonably achievable (ALARA) for diagnostic
ultrasound examinations.

In the presence of ultrasound contrast agents or gas in
the lungs or gut, there is a risk of damaging capillaries
and creating interstitial hemorrhaging in tissues when
high-MI examinations are performed.

However, there are some other considerations. In
addition to heating tissue and the compression/decom-
pression mechanical factors related to mechanical index,
an ultrasound wave exerts radiation pressure on tissue as
it passes through. The radiation pressure is proportional
to intensity. Radiation force is used in the measurement
of acoustic output. The body force is equal to the [power
entering a region minus the power transmitted through

References

and exiting the region] divided by the speed of sound.
At a pulsed Doppler focus in the examination of the fe-
tus, a temporal peak radiation pressure of 1700 Pa can
be generated at a frequency equal to the pulse repeti-
tion frequency (PRF) of 5kHz, which is well within
the hearing range. If the ultrasound beam pattern is
directed to intersect the ear, the radiation pressure os-
cillation can be heard by the fetus and cause increased
fetal activity [21.94].

Of more serious concern is the increase in perme-
ability in cell membranes and other biologic barriers to
small and large molecules that can be induced by ultra-
sound [21.95]. This may prove useful for the delivery of
therapeutic drugs through the skin (sonoporation) and
genes across membranes including the placental barrier
and the blood-brain barrier, but it might also allow the
inadvertent transfer of pathogens. The effect is enhanced
in the presence of gas and ultrasound contrast agents. It
is possible that such effects have escaped detection by
current monitoring methods.

The conceptual simplicity of the pulse-echo system
has allowed instrument engineers to devote all efforts
toward lowering the cost and improving the diagnostic
utility of these instruments. Unlike most other medical
imaging methods, ultrasound is low-cost, portable, real-
time, and considered safe in most applications.
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22. Structural Acoustics and Vibrations

This chapter is devoted to vibrations of structures
and to their coupling with the acoustic field.
Depending on the context, the radiated sound can
be judged as desirable, as is mostly the case for
musical instruments, or undesirable, like noise
generated by machinery. In architectural acoustics,
one main goal is to limit the transmission of sound
through walls. In the automobile industry, the
engineers have to control the noise generated
inside and outside the passenger compartment.
This can be achieved by means of passive or
active damping. In general, there is a strong
need for quieter products and better sound
quality generated by the structures in our daily
environment.

Structural acoustics and vibration is an
interdisciplinary area, with many different
potential applications. Depending on the specific
problem under investigation, one has to deal
with material properties, structural modifications,
signal processing and measurements, active
control, modal analysis, identification and
localization of sources or nonlinear vibrations,
among other hot topics.

In this chapter, the fundamental methods for
the analysis of vibrations and sound radiation
of structures are presented. It mainly focuses
on general physical concepts rather than on
specific applications such as those encountered
in ships, planes, automobiles or buildings. The
fluid—structure coupling is restricted to the case
of light compressible fluids (such as air). Practical
examples are given at the end of each section.

After a brief presentation of the properties
of the basic linear single-degree-of-freedom
oscillator, the linear vibrations of strings, beams,
membranes, plates and shells are reviewed.
Then, the structural-acoustic coupling of some
elementary systems is presented, followed
by a presentation of the main dissipation
mechanisms in structures. The last section is
devoted to nonlinear vibrations. In conclusion,
a brief overview of some advanced topics in
structural acoustics and vibrations is given.
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In this chapter, the fundamental methods for the anal-
ysis of vibrations and sound radiation of structures are
presented. It mainly focuses on general physical con-
cepts rather than on specific applications such as those
encountered in ships, planes, automobiles or buildings.
The fluid—structure coupling is restricted to the case of
light compressible fluid (such as air). The case of strong
coupling with heavy fluid (water) is not treated.

If the magnitude of the vibratory and acoustical
quantities of interest can be considered as sufficiently
small, then the equations that govern the structural—
acoustics phenomena can be linearized. The linear
theory of vibrations applied to simple continuous elastic
structures, such as bars, membranes, shells and plates,
forms a reference framework for numerous studies in-
volving more-complex geometries. In some practical
situations, it is not necessary to know the exact vibratory
shape at each point of a given system: to take advantage
of this, a continuous structure can often be represented
as a discrete system built with rigid masses connected
to springs and dampers. The main results of the linear
theory for the vibration of discrete and continuous sys-
tems are presented in Sects. 22.1-22.4. Section 22.1 is
devoted to the linear single-degree-of-freedom (DOF)
oscillator for which the fundamental results are derived
with the help of the Laplace transform. In Sect.22.2,
the case of discrete systems with multiple DOFs is
used to introduce the concepts of eigenmodes, eigen-
frequencies, the admittance and modal analysis. As an
illustration, one example of coupled oscillators is solved
in detail. Also the fundamental energy equation of statis-
tical energy analysis (SEA) that governs the mean power
flow between coupled oscillators is summarized. Sec-
tion 22.3 deals with the transverse vibrations of strings
and membranes, which can be viewed as limiting cases
of prestressed structures with negligible stiffness. In
Sect. 22.4, longitudinal and transverse vibrations of bars
are presented. The case of flexural vibrations is extended
to two-dimensional (2-D) structures such as plates and

22.7.2 Duffing Equation....................... 949

22.7.3 Coupled Nonlinear Oscillators ..... 951

22.7.4  Nonlinear Vibrations of Strings ... 955
22.7.5 Review of Nonlinear Equations

for Other Continuous Systems ..... 956

22.8 Conclusion. Advanced Topics................. 957

References ...........coooviiiiiiiiiiiie 958

shallow shells. In this latter case, the influence of curva-
ture is emphasized using the example of a spherical cap
for which analytical results can be obtained.

The three remaining sections focus on specific prob-
lems of great significance in structural acoustics. The
case of vibroacoustic coupling is treated in Sect.22.5
through examples of increasing complexity. Starting
from the simple case of a longitudinally vibrating bar
coupled to a semi-infinite tube, it is shown that modes
of the structure are coupled to the radiated field, and
that eigenfrequencies and modal shapes of the in vacuo
structure are modified by this coupling. An energetic
approach to the structural-acoustic coupling allows the
introduction of radiation filters and radiation efficien-
cies. A state-space formulation of the phenomena is
presented, which is of particular interest for the con-
trol of radiated sound. The example of a single-DOF
oscillator coupled to a tube illustrates the coupling be-
tween a structure and a cavity. Finally, attention is paid
to fluid—plate coupling, with the introduction of the con-
cept of the critical frequency. Section 22.6 is devoted to
the presentation of important causes of damping in struc-
tures. Also some indications are given with regard to the
validity of the modal approach for damped discrete and
continuous systems.

For structures subjected to motion with large am-
plitude, most of the concepts and methods developed
for linear vibrations no longer apply. Specific methods
must be used to account for the observed phenomena of
distortion, amplitude-dependent resonance, jump, hys-
teresis, instability and chaos. Section 22.7 introduces
the basic concepts of nonlinear vibrations with some
examples. The Duffing equation and the example of
two nonlinearly coupled oscillators are analyzed in de-
tail. These examples illustrate the use of perturbation
methods for solving nonlinear equations of motion for
vibrating systems. Finally, some equations for the vibra-
tions of nonlinear continuous systems (strings, beams,
shells and plates) are briefly reviewed.
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22.1 Dynamics of the Linear Single-Degree-of-Freedom (1-DOF) Oscillator

In the low-frequency range, the linear motion of an elec-
trodynamical loudspeaker, for example, can be described
by a single-degree-of-freedom oscillator. This is also
the case for any complex structure considered as a rigid
body for which the equivalent stiffness is represented
by a unique spring, and where all the dissipation mech-
anisms are approximated by a unique dashpot or fluid
damping constant; one can think of the rigid-body mode
of vibration of an automobile. Also the 1-DOF oscil-
lator has fundamental mathematical properties of great
interest in the field of vibrations, since linear vibrations
of discrete and continuous structures can be represented
by a set of oscillators, as will be shown in the following
sections.

The motion of a standard 1-DOF oscillator is gov-
erned by a second-order differential equation involving
an excitation force F () and the response of the structure.
Using a formulation with the velocity v(t), we get

d
F=M£+Rv+1(/vdt. (22.1)

This equation accounts for the motion of a mass M
subjected to a restoring force due to a linear spring of
stiffness K and a dashpot R which represents a linear
viscous fluid damping (Fig. 22.1).

Equation (22.1) can be written alternatively, using
the mass displacement £(¢) and the usual reduced para-
meters:

2

F=M<% +2§0w0% +a)(2)g> , (22.2)
where wp = «/M/K is the eigenfrequency of the loss-
less system and o = R/2Mwy is the nondimensional
damping coefficient.

Fig. 22.1 Single-DOF oscillator

22.1.1 General Solution

One strategy for solving a linear equation such as (22.2)
is to make use of the Laplace transform [22.1]. Using
this transform, (22.2) becomes

s2%(5) — 5E(0) — £(0) + 2¢0wo [s X (s) — £(0)]

2 _FG)
+wyX(s) = Ak (22.3)

where X (s) and £ (s) are the Laplace transforms of £(¢)
and F(¢), respectively. Using the tables and properties of
the Laplace transforms, we obtain the general solution

£(r) = % / F(0)G(t —6)d6
0
+[280008(0) + ()] G +EO)G(®)
(22.4)

where G(t) can take different forms, depending on the
value of the damping coefficient ¢:

® if {y < 1, which corresponds to the so-called under-

damped case, then
sinwo,/ 1 — 2
0 Co t
wo,/1— ;g

® if {o = 1, which corresponds to the critical case, we
obtain

G(r) = e Sowo! (22.5)

G(t)=te ™!, (22.6)

e finally, if {p > 1, which corresponds to the over-
damped case, we get

Ep— sinh wg, / ;g -1t

(22.7)
a)o,/(&—l

22.1.2 Free Vibrations

Free vibrations are characterized by the absence of an
external force. With F(t) =0 in (22.4), we get

E(D) = [200005(0) +E0)] GO +EOG(), (22.8)
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e if ¢y < 1, the displacement &(¢) is given by

(1) = e 0" L E0)coswoy /1 — ¢3¢

+ | £(0) +£(0)

%o 1
J1-¢ woy/1-¢3
xsinwoy/1—¢3 1 ¢ . (22.9)

In this case, the free regime is characterized
by a damped sinusoid with oscillation frequency

wo,/1— {3 and decay time 7 = 1/¢owp. The total
energy of the system decreases with time.
® if ¢y =1, we obtain
E(t)= e [£(0)(1 +wor) +£O0)] . (22.10)

The motion exhibits no oscillation. This critical case
corresponds to the situation where we get the fastest
non-oscillatory motion toward equilibrium;

® if ¢y > 1 the displacement &£(7) becomes

£(1) = e 00" 1 £(0) coshwo, /3 — 1t

0

Iq 1
Vi —1 w0, /45— 1
x sinhwoy /3 —11¢ . (22.11)

Here again, no oscillation exists. The decay is gov-
erned by the combination of two exponentials with

decay time 7 such that 1/7 = wo (5o +,/¢2 — 1).

+ 150 +£(0)

22.1.3 Impulse Response
and Green's Function

Consider now the case where £(0) = £(0) = 0 and where
F(¢) is the Dirac delta function §(¢) whose fundamental
property is

o0

/ u(t)s(t —a)dr = u(a) , (22.12)

—00

where u(t) is a test function. The response &(#) can
therefore be written as

t

&)= %/S(G)G(t—e)de
0
G(1)

t
1

=u / 3(t—60)G(0)do = Tk (22.13)

0

The function G(¢) defined in Sect.22.1.1 can therefore
be defined as the impulse response of the oscillator with
mass equal to unity. This function is also referred to as
the Green’s function of the oscillator. For an oscillator
initially at rest and excited by an arbitrary time function
F(t), the response is given by the convolution integral
of F(¢) and the Green’s function G(¢). Equation (22.4)
shows, in addition, that for F(r) =0 and £(0) =0, the
displacement is given by

£ =£0)G(r) . (22.14)
Therefore, we can see that the solution obtained with
a Dirac delta force is proportional to the one obtained
with an initial velocity £(0).

22.1.4 Harmonic Excitation

For harmonic excitation, F(t) = Fy sin £2¢, of the oscil-
lator in the underdamped case, (22.4) gives

£ = Py (0} — £2%) sin 21 — 25w $2 cos 2t
M (- 22) + (200m)’
+aGM)+BG@), (22.15)

where « and B are constants that depend on the ini-
tial conditions. The Green’s function G(¢) and its time
derivative are proportional to e =00 and become negli-
gible for Zowot > 1. With this assumption, the response
to the forcing term at frequency §2 is given by the first
term on the right-hand side of (22.15). This term can be
written alternatively as

E(t) = A(2)sin [2t — D(£2)] (22.16)
with
'3 1
A(2) =

M
M- (@3- 22 + eomn2)
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Magnitude (arb. units)
A

0 05 10 15 20 25 30 35 40
Normalized frequency

Fig. 22.2 Magnitude and phase of the mass displacement
for the forced underdamped oscillator as a function of the
normalized frequency £2/wop

and

2Zowo$2
wh— 2%
Figure 22.2 shows the variations of A and @ with 2
in the underdamped case. The amplitude A reaches

tan P(2) = (22.17)

its maximum for frequency 2 = wq,/1 — 2;’3, which is
very close to wp for ¢o < 1. The maximum is equal to
Fm/2MEgwoS2.

22.1.5 Energetic Approach

The instantaneous mechanical power pp,(f) into the sys-
tem is given by the scalar product of F and v, which
yields

d it o 1.5 2

Pm = ” <2Mv +2K§‘ )—I—Rv . (22.18)
The terms on the right-hand side of (22.18) represent the
kinetic energy of the mass M, the elastic energy of the
spring K and the energy dissipated in the mechanical
resistance R, respectively. In a number of applications,
we are mostly interested in the time-averaged value of
pm(?) rather than in details of its time evolution. In audio
acoustics, for example, the human ear is sensitive to the
sound level, which is correlated to the average value of
the instantaneous acoustic power, after integration over
a duration of nearly 50 ms. Therefore, after defining an
integration duration 7, whose appropriate selection is

discussed later in this section, we can define the average
mechanical power $,(T) as

Pu(T)
1 2 2 2 2
== [Mv (T)+ KEX(T) — Mv*(0)— K& (0)]
| T
+7/Ru2(t)dt. (22.19)
0

In a conservative system, the sum of the kinetic and elas-
tic energy remains constant over time, so that the term
between the square brackets in (22.19) is equal to zero.
As a consequence, the average input power becomes:

T
(D)= f RO (1) dr = P(T) |
0

(22.20)

where P5(T) represents the mean structural power dis-
sipated in the mechanical resistance R.

22.1.6 Mechanical Power

A particular case of importance is the steady-state har-
monic motion of the mechanical oscillator with angular
frequency w. Given an excitation force F'() = Fy sin ot,
then, due to the assumed linearity of the system, the
mass velocity is written v(t) = Vi sin(wt + ¢). There-
fore, P (T) is given by

T
1
Pu(T) = T / Fyv Ve sin wt sin(wt + ¢)de . (22.21)
0

Denoting the period of motion by 7 =27 /w, we can
write T = nt + 19, where n is a positive integer. In this
case, the mean power can be rewritten

vV

4(2mn + tow)
X [sin ¢ — sinQRwty + @)] .

1
Pu(T) = EFMVM cos ¢+

(22.22)

Comment. This equation (22.22) shows that the
mean (or average) power Fn(T) is nearly equal to
1/2 FyvVm cos ¢ only if the average duration T contains
a sufficiently large number n of periods. If T is equal to
nt, then the previous result is strict. In what follows, it
will be assumed that this condition is fulfilled, so that
the dependence versus integration time 7" of the mean
power terms will be suppressed. For a given force, the
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velocity amplitude Vi1 and phase angle ¢ are given by

Fwm w

V= —2 , (22.23)
M 2
V(@ —a}) +430%}
2
cos¢p = ;“oczuow , (22.24)
V(@2 —0}) +4g302}
and the mean power becomes:
F2 4 20)2(1)2
P, =M £0% (22.25)

2R (w2 —a)%)2 +4§ga)2wé .

Equation (22.25) shows that the maximum of the dissi-
pated power, and thus the maximum of the input power,
is obtained for w = wq, i.e. when the excitation fre-
quency is equal to the eigenfrequency of the oscillator.
In this case, we obtain:
F2
Max(Pp) = =4 .
( m) 2R
Since Fyp is known, in general, (22.26) can be used for
estimating the mechanical resistance R.

(22.26)

Remark. Recall that (22.25) is only valid in the dy-
namic equilibrium, which does not correspond to many
experimental (or numerical) situations where, for ob-
vious causality reasons, the force is applied at a given
instant of time, usually taken as origin. In this more
realistic case, the force signal should be written as
F(t) = FmH(t) sin wt, where H(t) is the Heaviside func-
tion. In this case, the Laplace transform of the velocity
is

Vis)= ™M e . (2.27)
M (s2 + wz) (s2 +2Zowos + a)(z))
From which the velocity is derived
o) = —M2 L Aw) exp(—Cowor) X
M./ D(w)
sin [a)o,/l—;g t+w(w)], (22.28)

where D(o) = (? — @?)” +4¢202wR. A(w) and Y(w)
are also functions of the excitation frequency whose
exact expressions do not add significant matter to the
present discussion. The first term in the expression of
v(t) corresponds to the steady-state regime. The impor-
tant features of the second term are the following:

® [t is non-negligible as long as the time is small
compared to the decay time (Zowo)~'. For lightly
damped structural modes, the decay time can be of

the order of 0.1 ms or more. The second term can-
not then be neglected during the first 0.5-1.0s of
the sound, if one wants to estimate the mean sound
power correctly.

® When multiplying v(¢) by F(¢) and integrating over

time, terms with frequencies w + @y 1—;3 and

‘w—wo,/l— ;‘g‘ appear in the expression of Pp,.
As a consequence, the mean power fluctuates at low
frequency, which is another cause of difficulty for
estimating its value properly.

22.1.7 Single-DOF Structural—-Acoustic
System

We now investigate the simple example of a mechani-
cal oscillator acting as a piston at one end of an air-filled
semi-infinite tube presenting an additional acoustical
resistance R, = pcS. The oscillator motion is now gov-
erned by the equation
dv
F=ME+RU+/vdt+Rav. (22.29)

The instantaneous input power is given by

d/1 1
()= — (—Mvz + 51(52) +(R+ Ry)v” .

2
(22.30)
The average input power becomes
T T
! 2 1 2
Pu(T)= = [ R (t)dt+ — [ Ryv°(¢)dt
T T
0 0
= P(T)+ Pa(T) , (22.31)

where #,(T) is the acoustic mean power radiated in the
tube. The acoustical efficiency of the system is given
by .

P P Ry
1= P~ P +PuT) R+ R,
Some remarks can be formulated with regards to (22.32).

(22.32)

® The expression for the acoustical efficiency is inde-
pendent of the integration time 7.

® Though (22.32) appears simple in form, the experi-
mental (or numerical) determination of the efficiency
is generally not straightforward. R can be esti-
mated through calculation of the mechanical power
in vacuo Pno(T).

® In the simple example discussed here, the acoustical
resistance, and hence the acoustic power, is known.
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This does not include the case where the acoustic
power is not known, and has to be estimated by
measurements of the acoustic intensity in the fluid,
for example.

Link Between Sound Power

and Free-Vibration Decay Times
For a single-DOF system, an alternative method for
estimating the sound power consists of estimating the
decay times of free vibrations through experiments
or numerical calculations. Let us take the example of
the previously described oscillator loaded by the semi-
infinite tube. We consider the case F(r) =0, with the
mass initially moved from equilibrium by a quantity
£(0) = &p and released with zero velocity at = 0. The
equation of motion is written as

%Jrzgwo%w%g:o (22.33)
with
R+R,
= Doy
The Laplace transform of the displacement is given by

s+ 2¢Lwo

_— (22.34)
52 +2¢wos + &}

£(s) =&o
from which the time evolution of the mass displacement
is obtained (assuming ¢ < 1)

HOE exp(—{wol)[cos (wo,/ 1— g“zt) +
¢ . / 5 >]
sin | woy/1—¢%t )| . (22.35)
J1=2z2 (

Equation (22.35) shows that the decay factor o
(equal to the inverse of the decay time) is equal to
two = (R+ Ry)/2M. The same mathematical deriva-
tions applied to the oscillator in vacuo yields
oo = Lowo = R/2M. In conclusion, this shows that, for

22.2 Discrete Systems

In a number of applications, real structures can
be approximated by an assembly of discrete rigid
substructures, which leads to enormous computa-
tional simplifications. In fact numerical modeling
(finite elements, finite differences) is such an ex-
ample where continuous structures are replaced by

the 1-DOF system studied here, the acoustical efficiency
can be estimated in the time domain by the expression
oa—ap

n= . (22.36)
o

22.1.8 Application: Accelerometer

Accelerometers are piezoelectric transducers which are
widely used for vibration measurements. An accelerom-
eter has a base, a piezoelectric crystal and a seismic mass
(Fig. 22.3). It delivers an electric signal which is propor-
tional to the compression force applied to the crystal.
Such a device can be modeled by a 1-DOF oscillator
equation. Let us denote by k the equivalent stiffness of
the crystal, by m the seismic mass, and by wg = /k/m
the resonance frequency of the accelerometer. Internal
damping is neglected here, for simplicity. For a sinu-
soidal excitation A sin §2¢ of the base, the compression
force is [22.2]:

k22 ,
wE —
0

Therefore, we can see that if £2 < wp, then the signal
delivered by the accelerometer is proportional to the
acceleration of the base. The frequency response curve
of an accelerometer is flat below its resonance frequency,
which gives the upper limit of its valid frequency range.

Fig.22.3 Accelerometer

an equivalent set of discretely connected elements.
In experimental techniques, such as modal analy-
sis, measurements are taken at discrete positions on
the structure under study, and thus the measure-
ments are treated by methods applicable to discrete
systems.
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22.2.1 Lagrange Equations

For a discrete system with n degrees of freedom, the
kinetic energy Ex can be formulated as a function of the
generalized coordinates ¢, and velocities ¢,

-4n) = Ex(q, )
(22.38)
Thus, given virtual vectors of displacements éqg and
velocities 8¢, the variation of the kinetic energy is written
n

Ex = Ex(q1,92, .- s qn, 41,42, - -

(22.39)

Remark. Recall that 6g has to be kinematically com-
patible with the system, though not necessarily equal to
a real displacement, so that the partial derivatives of T
versus g and §q are independent.
Applying Hamilton’s principle, with g = 0 at ; and
1y, we can write the minimization integral as
n

/ (SEx — 8V +8Wac)dr =0

n

(22.40)

where V is the potential energy of the system and Wy
is the energy of the nonconservative applied external
forces. Through integration by parts, we can write

15}
oE
/ OBk e
Gk
n
15}
IE f d /ar
= [—.k&lk] —/ —(—.>561de
o] no Y dr \ 9qx

n
B /' d aEk Sands
= dr qk

Assummg that V = V(g), which corresponds to a large
class of problems in dynamics and vibrations,

n
A%
8V = —8qr -
; gk
Finally, the virtual work § Wy, can be written as the scalar
product of the vectors F of generalized forces and virtual

displacement 8¢ in the form Wne = > i_; Fxdqx, so that
(22.40) becomes

(22.41)

(22.42)

Z/[%——<%>—E+Fk:|8qkdt 0.

aqx 04 gk

(22.43)

Since the integral in (22.43) must be equal to zero for
any d¢g this implies, for each k

dEx

d [0Ex
dr \ 9qk gk

%

— =F. (22.44)
gk

The set of n differential equations (22.44) are the La-
grange equations of the discrete system. This set yields
the equations of motion in a very elegant and practical
manner.

Small Displacements. Linearization
For small perturbations from equilibrium, we can write
= QO +&Xk, where ¢ < 1. Assuming that Q is given
by the Lagrange equations and that the generalized
forces F are independent of ¢, a first-order approxi-
mation of (22.44), for each k, gives

92 Ex
941 9q

d [/ 9’E 92E, 9E )
[—<‘lf>+ 1f—.k]X
dr \ 9Gx94 0qxdq;  9qrdq;

d [ 3*Ex 2V 92Ey
— — |+ - Xy =0,
dr \ 904, Oqkdq;  9qkdq,
(22.45)

which becomes in matrix form

MX+CX+KX=0. (22.46)

1. Since the kinetic energy Ey is a positive quadratic
form of the velocity, the mass matrix M is a sym-
metric positive operator.

2. The matrix C is a generalized damping matrix made
up of three terms:

— The first, with generic

element Cyj1 =

(?t ( (f;gq ) is associated with the temporal vari-
ation of the mass matrlx,

— The two other terms d?]kf; ;;k T relate to gy-
roscopic forces. This part of the matrix C is
antisymmetric and does not lead to dissipation.

3. The stiffness matrix K also is a sum of three terms:

— The first is associated with the time variation of
the first gyroscopic term in C;

— The second is governed by the ¢ dependence
of V;

— The third is governed by the ¢ dependence of
Ex.

In what follows, we restrict our attention to conser-
vative systems where Ey is independent of ¢ and where
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the mass matrix is taken to be constant with time. In this
case, (22.46) becomes

MX+KX=0 (22.47)
with
Myj =M 82Ek
04k04; (22.48)
K= Ky = GEA%
9q10q j

22.2.2 Eigenmodes
and Eigenfrequencies

Natural modes (or eigenmodes) are the sinusoidal (or
harmonic) solutions of (22.47) with frequency w in the
absence of a driving term. As a consequence, the natural
modes are solutions of the equation

(—w2M+K>X:0 (22.49)

with roots (or eigenvalue, or eigenfrequency) w, solu-
tions of the characteristic equation

det(—w2M+K>:0. (22.50)

The eigenvector @, associated to each eigenfre-
quency wy is given by

(—a)ﬁM+K)<bn:0. (22.51)

@, is defined with an arbitrary multiplicative constant.
The natural modes are defined by the set of eigenval-
ues wj, and associated eigenvectors @,,. Spectral analysis
theory shows that the @,, form an M and K orthogonal
basis set, so that

‘¢, M®, =0
and
‘¢, K®, =0 for m#n (22.52)

The orthogonality properties of the eigenmodes mean
that the inertial (stiffness) forces developed in a given
mode do not affect the motion of the other modes. The
modes are mechanically independent. As a consequence,
it is possible to expand any motion onto the eigenmodes.
Given a force distribution F, the motion of the system
is governed by the equation

MX+KX=F. (22.53)

The modal projection is written in the form:

X:thnqn(z). (22.5)

The functions g, (¢) in (22.54) are the modal participation
factors. Inserting (22.54) into (22.53) and, after taking
the scalar product of both sides of the equation with an
eigenfunction @,,, we find

<¢na M¢n>q'n + <¢ns K¢n>‘]n = <¢n7 F> (2 2-55)

where the notation (A, B) denotes the scalar product
'A.B between vectors the A and B. Equation (22.55)
shows that the generalized displacements are uncou-
pled. Each ¢, is governed by a single-DOF oscillator
differential equation. The quantity

my = (®,, M®,,) (22.56)

is the modal mass associated with the mode n. These
coefficients are defined with an arbitrary multiplicative
constant. Similarly,

Kn=<¢n» K¢n> (22.57)

is the modal stiffness, related to the modal mass through
the relationship

Kn = Mpah . (22.58)
Finally, the quantity
Jn =Py, F) (22.59)

is the projection of the nonconservative forces onto
mode n. Each independent oscillator equation can then
be rewritten as

. J

Gnongn =5 (22.60)

n

Remark. Since the eigenvectors are defined with arbi-
trary multiplicative constants C,, (22.56) shows that the
modal mass is proportional to Cﬁ. In addition, (22.58)
shows that f, is also proportional to C,. Therefore,
through (22.60), g, is proportional to C, ! and from
(22.54), X is independent of Cj,.

Normal Modes. The normal modes ¥, correspond to the
case where the arbitrary constant is such that the modal
masses become unity. In this case, we can write

v, = 2n (22.61)
n — \/’n—n . .
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Consequently, (22.57) becomes

(¥, K¥,,) = (22.62)

22.2.3 Admittances

In general, a given structure vibrates as a result of the
action of localized and distributed forces and moments.
For both numerical and experimental reasons, one often
has to work on a discrete representation of the structure.
In practice, the geometry of the structure is represented
by a mesh consisting of a number N of areas with dimen-
sions smaller than the wavelengths under consideration.
This results in having to consider the structure as an
N-DOF system. At each point of the mesh, the motion
is defined by three translation components plus three
rotation components. Similarly, the action of the exter-
nal medium on the structure can be reduced to three
force components plus three moment components, here
denoted by F;. The translational and rotational veloc-
ity components Vj at each point are thus related to the
forces and moments through a 6 x 6 admittance matrix,
such that

V=YF (22.63)
For each force component at a given point j on the struc-
ture, denoted Fj|;, a motion at another point i, denoted
by Vi, can be generated. As a consequence one can
define the transfer admittance

Vik . ..
Y,-jud:ﬁ'u with 1 <i,j<N

and 1<k, [<6.

In summary, the transfer admittance matrix is defined
by 6N x6N coefficients such as Yj; .

Notation. In what follows, the indices (k, /) are omitted,
for the sake of simplicity. The transfer admittances are
written as Y;;, which reduces to Y;; (or, even to ;) in
the case of a driving-point admittance. Attention here
is mostly focused on translation, though the formalism
remains valid for rotation.

The previous results obtained on modal decom-
position are now used to investigate the frequency
dependence of the admittances. Here, X(x;) = X; is one
component of displacement at point x; and F(x;) = F;
is one force component at point x;. The structure is
subjected to a forced motion at frequency w. We have

(K—o’M)X; = F;, (22.64)

where X; = Z D,,(x;)gn(t) and

Sn ' Pa(xj)Fj(@)
m, '

(0f —?)gn = (22.65)

my

For a structure discretized on N points, the displacement
at point x; is given by

Xi(w) = Z Dy (x7) (pn(x])F( ).

m"( %—a) ) (22.66)

n=1

The complete set of functions X;(w) given in (22.66) is
the operating deflexion shape (ODS) at frequency w. The
transfer admittance between points x; and x; is written

Vi) lwzcb () 'Du;)

a)2 —a)2) (22.67)

The dr1v1ng-p01nt admittance at point x; becomes

(@ (x)]?
My (w% — w2)

N

Yi() = iw Z

n=1

(22.68)

Remark. To include damping, (22.67) can be written

Yij(w) = le

where ¢, is a nondimensional damping factor. The phys-
ical origin of the damping terms will be presented in
more detail in Sect. 22.6.1.

Dy (x;) "Dy (x )
w2+21§na),,w wz)

, (22.69)

Frequency Analysis and Approximations
For weak damping, and low modal density, the modulus
of ¥;j(w) passes through maxima at frequencies close to
the eigenfrequencies w = w,, (Fig.22.4).

® For w ~ w,, the main term in Y;;(w) is equal to

Dy (xi) t<pn(xj)

(22.70)
my, (a),zl —w?)
® For w > w,, the admittance becomes
Dy(x;) 'Py(x) 1
Yi~i _—
Y a); —mw? iMw
with
1 D(x;) ' Py(x;
R Z M (22‘71)

my

I>n

It can be seen that the modes with a rank larger than
a given mode n play the role of a mass M.
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Fig. 22.4 Typical frequency dependence of an admittance
modulus for a lightly damped structure. (After Derveaux
etal. [22.3]

® Similarly, for modes with a rank smaller than n, we
find

. Di(x;) 'Py(xj) _iw
Yy~ WZ 2 ~
I<n mw; K
with
1 Dy(x;) ' Dy(x;
R Z Lzl(xj) . (22.72)
K I< miw;

Here, the contribution of the modes is equivalent to
a stiffness K.

In summary, in the vicinity of a resonance of mode n,
the transfer admittance can be written

D, (x;) l@,,(xj) iw 1
my(0t—w?) K iMo

n

Yij(a))%ia) (22.73)

22.2.4 Example:
2-DOF Plate—-Cavity Coupling

To illustrate the previous concepts, a simple example of
structural-acoustic coupling represented by a moving
plate over a cavity with a hole is considered. This cor-
responds to a crude low-frequency model for stringed
instruments or vented boxes [22.4]. V is the volume of
the cavity, Ay, is the section of the air piston of mass
my and displacement xy,, and m,, is the mass of the plate
with area Ap (Fig.22.4). It is assumed that all points
of the plate move in phase with the displacement xp;

Ay A,

Fig.22.5 Two-DOF plate—cavity coupling

kp is the equivalent stiffness of the elastic plate and
wp,0 = /kp/myp denotes its eigenfrequency in the ab-
sence of coupling to the cavity. As the plate and piston
are set in motion, the change of volume in the cavity
isequal to AV = Apx, + Apxp. Consequently, the pres-

2
sure change in the cavity is Ap = —w. F is the
vertical external force applied to the plate, R, and Ry
are fluid damping coefficients. The equations that govern

the motion of the coupled oscillators can be written

mpxy = F — kpxp — Rpxp + ApAp, -
mpXh = ApAp — Rpxy

Let us write u = c2,o/V. If the cavity is closed (A, = 0),
then the eigenfrequency of the plate is given by

wp =/ (kp + 1 A2) /my. If the stiffness k;, of the plate
tends to zero, then the eigenfrequency of the plate
coupled to the cavity becomes w, = ./ uA%/mp. Fi-
nally, if the plate is assumed to be completely rigid
(xp = 0), then the eigenfrequency of the cavity-hole
system (Helmholtz resonance) is wp = ,/ MAﬁ /mp. Solv-

ing (22.74) for a sinusoidal excitation F el with
¥p = Rp/mp and y, = Ry/my, yields for the plate ve-
locity up and air velocity uy, in the piston:

F (0} —o®+ jowm)

Up = iw— 22.75
p=io - > (22.75)
and
F A, w?
up = —iwp— L1 (22.76)
mp Ay D
with

D=( g—wz—i-iwyp)(wﬁ—wz—i-iwyh)—a)gh,

(22.77)
where
4 2 2
Cl)ph = Cl)hCl)a .
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Fig.22.6 Driving-point admittance of a plate loaded by
a cavity. Ap = 0.0lm%* V= 0.1m% f,= 100Hz; f, =
200Hz; yy = 1.0s7 !5 3, = 2.0s71 ; mp = 0.4kg; Admit-
tance Y (in dB) = 201log |up/ F|

The eigenfrequencies of the coupled system correspond
to the roots of the denominator D. Neglecting the influ-
ence of losses, these eigenfrequencies are solutions of
the equation

2 N(,2 2 4
(wp—w )(a)h—a) )—wph=0. (22.78)
The solutions w4 and w_ satisfy the relation
a)i—l—a)z_:wg—l—a)ﬁ, (22.79)

which shows that the difference between the eigenfre-
quencies increases due to the coupling between the plate
and the Helmholtz resonator, compared to the uncoupled
case. Figure 22.6 shows the modulus of the driving-point
admittance |uy,/ F| of the plate, showing two maxima at
w4 and w_ and a zero at wy,.

In stringed instruments and vented boxes, the main
effect of the open cavity is to enhance the radiated sound
in the low-frequency range, below the lowest resonance
of the moving structure (the top plate or loudspeaker
diaphragm).

22.2.5 Statistical Energy Analysis

The aim of statistical energy analysis (SEA) is to use
power flows as a means for estimating the responses of
complex systems. It is of particular interest for the anal-
ysis of coupled structures such as those encountered in

the transportation industry. It is often used for the pre-
liminary design of structures, or for identifying energy
transmission paths [22.5].

One main advantage of SEA is that it usually leads
to a substantial reduction of the number of degrees
of freedom. The price to pay is that results are only
given in terms of average and variance over frequency
and space. It is particularly suitable when structural
details are not known, or when measurements yield
uncertainty in the modal parameters. SEA techniques
focus on the analysis of energy levels in resonant modes
of dynamical systems. Its main principle is based on
the property that the average power flow between two
coupled systems (or subsystems) is proportional to the
difference in the average modal energies of each sys-
tem. In order to illustrate this basic concept of SEA,
the case of two coupled 1-DOF oscillators is sum-
marized below. Detailed developments can be found
in [22.6].

To consider a general case, it is assumed that
both oscillators are coupled by means of a coupling
spring with stiffness coefficient k1o and a gyroscopic
constant B. The equations of motion of this system are
given by

dzé'l dé dé,
— B2 +k =r,
g Trig, Tkt B tknh=F
dzéz dé g
— Ly F,
272 Trg tak q Thkesr=FhH
(22.80)

where m and m» are the masses of the oscillators, r; =
281m and rp = 28,my are the mechanical resistances,

= ki — ko and sp = kp — kq are stiffness coefficients,
and F| and F, are the magnitudes of the forces applied
to each mass. For a harmonic motion with frequency w,
the power flow between the oscillators is given by

1
P = 3 Re (F]zvz) , (22.81)
where v3 is the complex conjugate of the velocity for
the second oscillator and Fi, is the force applied by
oscillator 1 to oscillator 2. Using (22.80), the power
flow at frequency w is written [22.6]

Slz"“‘)4 B’ 2 2
L B —— 6 —mié
Py = Zni2| Do )|2( 28| Fi|* —m 81| Fa)
(22.82)
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where

D(w) = o* 20’ (81 +82)

B2
—wz(w%+w§+45152+ )

mimy
k
+Ziw<81w%+82a)%>— 12 +w%w§.
mn
(22.83)

In (22.83), w1 and w; are the natural frequencies of the
undamped uncoupled oscillators. It can be shown that
(22.82) can be generalized to a broadband excitation
with frequency bandwidth Aw. One basic property of
SEA follows from the fact that Pj, is proportional to
the energy difference W; — W, of the oscillators. For
a broadband excitation, these energies are given by

+00

s

Wi:2A’w / [vi(w)|? dw (22.84)
—00

and the basic SEA equation becomes

Py = B(W) — Wy)
give the rate at which energy is transferred from one
subsystem to the other. The SEA theory can be used, for
example, for predicting the vibration level of coupled

22.3 Strings and Membranes

Strings and membranes belong to that category of struc-
tures where the stiffness is due to external tension. This is
sometimes called geometrical stiffness, in contrast with
the elastic stiffness of most vibrating solids. In practice,
strings and membranes also are made of elastic mater-
ials and, consequently, show more or less elastic stiffness
due to their Young’s moduli. This elastic stiffness will
be neglected in the present section. The relative contri-
butions of both stiffnesses will be discussed in Sect. 22.4
in the case of prestressed beams.

22.3.1 Equations of Motion

Consider a small element at a given point of Carte-
sian coordinates x on a stretched membrane of density
p(x). The membrane is assumed to be in equilibrium
in the plane ey, e, and subjected to a tension field
7(x) so that the resulting forces per unit length are

with
2 (8103 4 820%) B> + (81 + 82) k3,

mims (o2 —w2)” 4+2(81 +82) (8103 + 8207

(22.85)
Equation (22.85) shows that g is positive and depends
on the parameters of the oscillators and on the coupling
parameters B and k;». This equation can be generalized
to the coupling between any mode m21 of a given subsys-
tem with N1 modes and a mode m of another subsystem
with N> modes. Considering a frequency band with
central frequency w., the generalization leads to the fol-
lowing expression for the power flow from subsystem 1
to subsystem 2

P12 = wc(n2Wi —naWa) (22.86)

where 712 and 77; are the coupling loss factors obtained
through averaging of the parameters f,,,,, analogous
to that defined in (22.85)

N2 = ](Z_j<,3m1m2>]vlj\/2 and 121 = %7}12 . (22.87)
Wi = N1W,,, and W) = N, W,,, are the total modal en-
ergies in both subsystems, averaged over a frequency
band, with the assumption that both energies are equally
divided among the modes. The coupling loss factors
plates over a large frequency range, where standard nu-
merical methods, such as the finite-element method are
too costly [22.6].

(Fig. 22.7):

on both sides oriented in the e, direction:
Ty =T118x +121€y ,
on both sides oriented in the e, direction:

Ty = T2€x + 1220y,
(22.88)

where 712 = 721 to ensure the moment equilibrium (reci-
procity principle). In the general case, t;; are functions of
the coordinates x. The membrane is subjected to a small
displacement in the direction e, and released, so that
its vertical motion u(x, y, t) is governed by the balance
between inertial forces and elastic forces due to ten-
sion. Gravity is neglected. After balance of forces on the
four sides of the membrane element and projection on
the vertical axis, with the assumption of small displace-
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Fig. 22.7 Balance of forces on a membrane element

ments, one obtains the equation that governs the flexural
motion of a nonuniformly stretched membrane:

(o d ou n ou n
X)hu=—\11—+7TI20—
P e \ s 128y

d ou n ou (22.89)
—|t2—+1m22— ), .
3y 12 Py 22 3
where £ is the thickness. The tension field
r=| T 2 (22.90)
T12 722
is a symmetric tensor of order two, and
duz 2ty O (22.91)
radu = —e, + —e, . .
& ax ay Y

The previous equation can be written in the more com-
pact form
div(z. grad u) = p(x)hii , (22.92)

where this last formulation has the advantage of being
independent of the selected system of coordinates.

One-Dimensional (1-D) Approximation.

Transverse Motion of Strings
Strings can be viewed as membranes where one dimen-
sion (the length) is much larger than the other two, so that
a 1-D approximation is justified. Thus, rewriting (22.89)
after integrating mass and tension along the axis ey, one
obtains the equation of transverse motion for a string
with nonuniform tension

. 0 ou

nwxu=—|Tx)— |, (22.93)
0x 0x

where ;& = pS is the linear mass density, S is the cross-

sectional area and T is the tension.

Remark.

1. A similar equation can be obtained for the transverse
motion v(x, t) of the string in the direction e,. There-
fore, two transverse motions polarized in orthogonal
directions can exist on a string.

2. In the absence of coupling terms, # and v are inde-
pendent. However, induced motion at the ends and/or
nonlinear terms usually lead to coupling between
these motions (Sect. 22.7).

3. Strings and membranes are also subjected to longi-
tudinal motion. This motion is due to the variation
of tension resulting from the variation in strain as-
sociated with the motion.

Homogeneous and Uniformly Stretched Strings
and Membranes
For a uniformly stretched and homogeneous membrane,

(22.92) reduces to
tdiv(grad u) = tAu = phii , (22.94)

where the Laplacian is written in Cartesian coordinates
as

u  3%u
Au=—+— (22.95)
oxZ = 9y?
For a string, we get the well-known wave equation
u="T Pu (22.96)
u = —_— . .
" ox2

22.3.2 Heterogeneous String.
Modal Approach

Extending the previous results to continuous structures
shows that, in the linear regime, these structures have an
infinite number of eigenmodes with similar properties of
orthogonality with respect to mass and stiffness to those
presented in Sect. 22.2 for discrete systems. In this case,
the previously defined eigenvectors @,, become continu-
ous functions of the space coordinates @(x). To illustrate
the modal approach for continuous systems, consider the
case of an heterogeneous string (i.e., a nonuniformly
stretched string with variable density), rigidly fixed at
both ends and subjected to a force density f(x, 1):

2y 9

P(x)S(x)—

dy
atr  ox X

[T(x)a—] = f(x,t), (22.97)

@, (x) are the eigenfunctions of the string, which account
for the boundary conditions. We seek solutions of the
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form

Y=Y Bu(x)ga(t) . (22.98)

Multiplying both sides of (22.97) by the eigenfunction
®,,(x) and integrating over the length of the string yields

Zéin(t)/¢n(X)¢m(X)p(X)S(X)dx
" 0

L
d do,(x)
—;%@f%mapm M]w
0

L
= / P (x) f(x, 1)dx (22.99)
0
which can be written in symbolic form as
M(F, @) + K (3, D) = (f, D) - (22.100)

Equation (22.100) is general and can be applied to all
conservative systems. M denotes the mass operator and
K the stiffness operator.

Orthogonality Properties of the Eigenmodes
Each eigenmode @, (x) is a solution of the equation

[T( )d@ (x)i|.

(22.101)

—p p()S(X) P (x) =

These eigenfunctions are orthogonal with respect to the
mass

L

/ D, (X)Dy, (x)p(x)S(x)dx =0 (22.102)
0

and orthogonal with respect to the stiffness
L
/T( )d(p”’(x) 420 4 — 0. (22.103)
/ dx

Generalized Coordinates
Taking the orthogonality properties of the eigenmodes
into account, we can write

_d [T(x)d—d)] = &’ p(x)S(x)P(x) (22.108)
dx dx

so that (22.100) becomes:

%m+%%m—ﬁm

where the modal mass is given by:

L

mzfﬁmmwmm
0

with

fu®) = / fO, )P, (x)dx .

(22.105)

(22.106)

(22.107)

The equations that govern the generalized displacements
are therefore formally identical to those obtained for dis-
crete systems. For continuous systems, truncation of the
theoretically infinite number of differential equations
has to be performed. The truncation criteria are often de-
termined by the frequency domain under consideration.
For a lossless string of length L with perfect boundary
conditions excited by a source term f(x, t), the general
solution can be written in the modal domain as

Y, D) =) Du(x)gn(t)

where

%m+%%m—ﬁm

with

L

(22.108)

Jn@) = {(f(x, 1), Pp(x)) Z/d’n(X)f(x, ndx .

0

Let us assume an initial shape y(0, ¢) and an initial veloc-
ity y(0, #). The initial values of the g,(¢) are thus given

by
L
%®=%/mmmww@mm
and
L
%@=%/mmmmw%mm
0

Amazon

(22.109)
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Denoting the Laplace transform of ¢, (t) by Q,(s), we
have

1 F,
0u(s) = [ (<) +sqn(0)+qn<0)}

2 +w 2 my

(22.110)
where Fj(s) is the Laplace transform of f;,(¢). The first
term of Q,(s) is a product of two transforms which, in
the time domain, corresponds to a convolution. Using
transform tables, we obtain

(0) sin wy, (t —0)do +

1
qn (t) =
mywn

sin wyt
U (22.111)

qn(0) cos w,t + ¢, (0)

n

If f,(t) is a Dirac delta function of the form f;05(¢),
the Laplace transform reduces to F,(s) = f,0 Equation
(22.111) can then be written

an sin w;,t

n n

4n(0) cos wpt + G (0)

qn(t) =

sin wyt
L (22.112)

n

From the above impulse response for mode n of the
string, we note the following:

1. There is an equivalence between g, (¢) from the im-
pulse source term and the initial velocity term. In
other words, the motion of the string induced by an
initial velocity profile is equivalent if the string is ex-
cited by a spatial distribution of Dirac delta function
forces.

2. A source term localized at a given point x(p can
be written f(x, ) = AS(x —x0)d(¢). In this case,
fu@®) = {f(x,1), Pp(x)) = AD,(x0)8(¢). Therefore,
the mode n will not be excited if the force is applied
on a node of vibration.

3. The first term of the function g, (¢) = sin w,t/m,wy
is the Green’s function of mode 7.

String with a Finite Mass at One End
To present general results, the string is still assumed
to be heterogeneous. The purpose of this section is to
give the orthogonality properties of the modes for a het-
erogeneous string terminated by a finite mass M. The
boundary conditions are

82y
a2’
(22.113)

9
v0,)=0 and -T2 =M
ox

at x=1L.

The eigenfunctions @(x) therefore have to satisfy

do(x)

PRSX)W* B (x) = —%[m) ]=o0,
for O<x<L

with @0)=0

and T(x)d®/dx = 0> Md(x),
at x=1L.

For n # m, the orthogonality condition with respect to
mass becomes

L
f P(X)S(X)P(xX) Py (x)dx + M Py (L)Py (L) =0

0
(22.114)

and the orthogonality condition with respect to stiffness
remains

L
/T( )dcb n(x) d@y, (x)

dx=0.
dx

(22.115)

0

For a homogeneous string with uniform tension and
constant diameter, these conditions reduce to

L
/d’n(X)Cbm(X)dx = —p—A/gqbn(L)qu(L) (22.116)
0

and

dx=0. (22.117)

L
f do,(x) d<Dm(x)
0

22.3.3 Ideal String

To solve initial-boundary problems in simple cases, we
assume that the lossless string is homogeneous with den-
sity p, constant tension 7" and constant cross section S.
In this case, the vertical displacement is given by the
wave equation

1 0%u  °u (22.118)
2 a2 ax?’ ’

where ¢ = /T/pS is the transverse wave velocity.
D'Alembert's Solution in the Time Domain

In order to show the correspondence between the wave
and modal approaches, a time-domain method is used
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first to solve the wave equation (22.118) with initial
conditions [22.7]

u(x,0)= f(x) and Z—?(x,O):g(x). (22.119)

Using the change of variables § = x —ct and n = x +ct,
we have

ulx,)=U(E&, n) (22.120)
from (22.120), we obtain:
Pu L (PU U U
— = o — 4=
a2 €2 “ogdn | on?
(22.121)

?u  9*U 92U  2*U
P — 2_ 4 —
dgdn  on?

w2 9E2
Inserting (22.121) into (22.118) yields (32U)/(d&dn)
= 0 which implies

ulx,t)=F(x—ct)+ Gx+ct), (22.122)

where F and G are are two twice-differentiable func-
tions. F(x — ct) represents a travelling wave moving to
the right (direction of increasing values for x), while
G(x +ct) is a travelling wave moving to the left. Using
(22.119) implies that F and G must fulfill the conditions

F)+G0) = f) 2129
—cF'(x)+¢G'(x) = g(x)
Solving (22.123) yields
1 1
Fx) = Ef(X)— 3 [—F(O)+GO)]
1 X
% /g(s)ds
1 0 1 (22.126)
Gx) = Ef(XH— 7 [-FO)+ G(0)]
o f ¢(s)ds
0

Finally, the solution of the wave equation is written
explicitly

u(x,t) = % [f(x—c)+ flx+cr)]
x+ct

1
+ — / g(s)ds . (22.125)
2c
x—ct

Semi-infinite String. For a semi-infinite string rigidly
fixed at x =0, we have the boundary condition
u(0, t) = 0. This requires:

F(=ct)4+G(ct)=0 (22.126)

and, finally, with the appropriate change of variables

u(x,t)=—-Gx—ct)+ G(x+ct)

=F(x—ct)— F(—x—ct). (22.127)

Equation (22.127) expresses the fact that, due to the
fixed end at x =0, the left-traveling wave is reflected
with a change of sign and becomes a right-traveling
wave. The validity domain for (22.127) is 0 < x < 400
and 7 > 0.

String of Finite Length. In the case of an ideal string
fixed at both ends, the wave approach can still be used,
with the additional boundary condition u(L,t) =0,
which yields

u(L,t)=—G(L —ct)+G(L+ct)

=F(L—ct)—F(—L—ct)=0. (22.128)

Equation (22.128) can be rewritten F(z) = F(z —2L),
which shows that F (and G) are now periodic func-
tions with spatial period 2L or, equivalently, temporal
period 2L /c. The validity domain of (22.128) is now
0 <x <L and t > 0. Equations (22.126)—(22.128) can
be used for step-by-step constructions of the string shape
at successive instants of time.

String Fixed at Both Ends. Eigenmodes
Injecting a harmonic wave of the form u(x, t) = e
in (22.118), we find the dispersion equation D(w, k)
that governs the relationship between frequency @ and
wavenumber k. Here, we obtain

i(wt—kx)

D(w, k) = w* — k> =0. (22.129)

This equation shows that the ratio between the frequency
and wavenumber is constant, which is a characteris-
tic property of a nondispersive medium. If we assume
further that the string is rigidly fixed at both ends, the
eigenmodes must satisfy the equation

do(x) o?
dxz + C—2¢(x) =0

with the boundary conditions @(0) = @(L) =0 from
which we obtain

(22.130)

D, (x) =sink,x . (22.131)
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The only possible values for the wavenumber are given
by the discrete series

k, =nm/L sothat w, =nmc/L . (22.132)

Using (22.106), the modal mass is m, = pSL/2 =
M;/2, where M is the total mass of the string. Recall,
however, that the ratio m, /My = 1/2 is purely arbitrary
since the modal masses are defined with an arbitrary
multiplicative constant. The important result here is that
all modal masses are equal and do not depend on the
rank n of the mode.

Application: Plucked String. Modal Approach
The particular case where the string is released from
an initial triangular shape at the origin of time without
initial velocity is now examined. With the assumption
of no stiffness, the initial profile of the string is given by

h

2~ forO<x <xg
©,n=1" (22.133)
u(0, 1) = .

LL ) forxo <x <L

L —xp -

The modal method consists of looking for solutions of
the form

u(x, )=y @u(x)gu(1). (22.134)

At the origin of time, we can write

(0, 1) =Y @(x)gu(0). (22.135)

The unknowns of the problem are the functions g, (0).
Exploiting again the orthogonality properties of the
eigenmodes, we find

2hL?

_ (22.136)
n2m2x0(L — xp)

qn(0) = sinkpxq .

The functions g, (¢) are given by the oscillator equations

Gn+@ign =0 (22.137)

which, in the case of zero initial velocity, leads to g, () =
qn(0) cos w,t. In summary, the transverse displacement
of the string is given by

2hL?
D=y ———  x
u(x, 1) Z n2m2x0(L — xp)

n

sin ky xo Sin k, x cos wyt . (22.138)

Despite the simplicity of this example, a number of
important issues can be derived from this result:

1. The eigenfrequencies are integer multiples of the
fundamental f; =c¢/2L. The solution is periodic
and the fundamental frequency is the inverse of the
period of vibration.

2. The amplitudes of the modal components decrease
as 1/n? with the rank n of the modes.

3. Because the magnitude is proportional to sin k,xo,
a modal component n can be suppressed by select-
ing the plucking point xo = pL/n, where p is an
integer < n.

4. The excitation point xo and observation point x can
be interchanged in (22.138). This is an illustration
of the reciprocity principle.

Moving End

To a first approximation, a vibrating string radiates as
a dipole. Because of its small diameter compared to the
acoustic wavelength, it is a poor radiator. If significant
sound is to be radiated, one end of the string must be
coupled to a component with a considerable vibrating
area (plate, shell, etc.). In Sect. 22.3.2, the general prop-
erties of a heterogeneous string attached to a mass were
obtained. In this section, the simple example of an ideal
string coupled to a spring will be considered to illustrate
the influence of such coupling on the eigenmodes, eigen-
frequencies and modal masses. We consider a string
fixed at point x =0 to a spring of stiffness Kg. The
boundary condition at this end is then

ou
T(—) =Ko u(0,1).
0x x=0

The string is rigidly fixed at the other end, so
that u(L,t) =0. We look for solutions of the form
u(x, t) = @(x)cos wt. Following (22.118), the eigen-
functions @(x) must satisfy the equation
o,
2 +k°P=0
and the boundary conditions. Thus, we derive the equa-
tion for the eigenvalues k,

(22.139)

(22.140)

tan(k, L) = —

kT
"~ with k, > 0. (22.141)
Ko

The graphical representation of (22.141) shows that the

k, are no longer integer multiples of k; (Fig.22.8). As

a consequence, the free vibration of the string is no

longer periodic. Note that the spring decreases the eigen-

frequencies relative to those of a perfectly rigid end.
The eigenfunctions become

@n(x) = sink,,x —+ n- cos k”x — M
Ko cosk, L

(22.142)
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Fig. 22.8 Graphical resolution of the eigenvalue problem
for a string attached to a spring (22.141)

from which the initial values g, (0) and the modal masses
can be derived. We obtain:

L
knT 2

mn:/,oS<sinknx+"—cosk,,x) dx
Ko

_ M [1 + (k”T>2} :
2 Ko
Equation (22.143) shows here that the modal masses
increase with the rank n of the mode. In the case of
a mass termination, a similar procedure would lead to
the eigenvalue equation
pS

MOkn '
Here, the inertial load at the end leads to an increase of
the eigenfrequencies.

(22.143)

tan(k, L) = (22.144)

Application to Stringed Instruments. In plucked and
struck strings instruments (guitar, piano, harp, etc.),
the main part of the sound is due to the free regime
of vibration, and the spectrum is composed of the
eigenfrequencies of the vibrating system. Previous con-
siderations show that the coupling between the strings
and the radiating body (top plate, soundboard) alters
the frequencies, compared to the perfect harmonic case.
Though this alteration is usually relatively small, it has
the consequence that the waveform is not perfectly peri-
odic anymore. This might have in turn some perceptual
effects on the produced sound. See the chapter on mu-
sical acoustics (Chap. 15) in this Handbook for more
details.

22.3.4 Circular Membrane in Vacuo

Membranes are used in percussion instruments, micro-
phones, loudspeakers and wall resonators. Because of
their small thickness, the influence of air loading can-
not be neglected in most applications. However, we
limit ourselves here by solving the equation for trans-
verse vibrations of a homogeneous membrane in vacuo.
Fluid-loading effects on structures are discussed in later
sections. From (22.94) the membrane equation, in cir-
cular geometry, is

92u _ 92u " lou 1 8%u
- o\ ror r2002)°

(22.145)

where o = ph. Equation (22.145) can be solved by us-

ing the method of separation of variables [22.8]. For

zero displacement at the edge, z(r =a, 6,1) =0, and

neglecting losses, the expansion of the displacement on

the eigenmodes can be expressed as

u(r 0.0=">_ [ZUnm(r, 0)x

m=1"=n=0

(Apm cos ot + By sinwt) +

i U (r, 0)x

n=1
(Aum cos i + By sin wt)] . (22.116)

In (22.146), the eigenfunctions are
Uni(r, 0) = Ju(Bumr) cos nd
and

Uy (r, 0) = Ju(Bumr) sinnf (22.147)

where J,, is the order-n Bessel function of the first
kind [22.9]. The indices n and m refer to the num-
ber of nodal lines and to the number of nodal circles,
respectively (Fig. 22.9).

The fixed edge corresponds to one nodal circle. The
symmetrical modes are those where there are no nodal
diameters. In this case, the eigenfunctions are of the
form J,,(Bon 7). All other modes can be viewed as pairs
of modes with the same eigenfrequency and the same
dependence versus r. They only differ by an angle of
1 /2n. The discrete values B,,, of the wavenumbers are
derived from the boundary condition at the edge, such
that

J.(Ba)=0. (22.148)
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For each value of n, we obtain an infinite series of
roots B,,. For n =0, for example, Jo(Ba) =0 yields

&,% @

'_‘

22.4 Bars, Plates and Shells

In this section, we consider the flexural vibrations of
bars, plates and shells, since these structures are of the
most practical use for the radiation of sound. First, the
longitudinal vibrations of bars are presented, to show
the analogies with the string wave equation, and also
because this example will be used in Sect. 22.5.1 to illus-
trate the basic concepts of fluid—structure interactions.

22.4.1 Longitudinal Vibrations of Bars
The longitudinal vibrations of a 1-D bar in vacuo,

clamped at one end and free at the other, are governed
by the equations

9%& 9%&
P =B
x (22.150)
0§
§0,0=0 —(L,H)=0
0x
The eigenfunctions are
qbn(x):sin(Zn—l)% = sinkyx (22.151)

with k, = w,/cL and thus the linear solution can be
written as

EC D =) ¢n(X)gu(d) . (22.152)
n
where the generalized displacements obey
Gn+@pgn =0. (22.153)

Fig.22.9 Eigenmodes (n,m) of a circular membrane
invacuo

Boma =2.405, 5.520, 8.654, 11,792, 14,931,....
Similarly, the roots of Ji(Ba)=0 are given by
Bima =3.832, 7.016, 10.173, 13.324, 16.471, ....

Finally, the eigenfrequencies wy,, are obtained from
the 2-D wave equation (22.145):

[T
Wpm = CPum » Where c= e

Unlike the case of ideal strings, the eigenfrequencies
of a circular membrane in vacuo are not harmonically
related. It has been shown by different authors that
the fluid and cavity loading both contribute to restore
the harmonic character of timpani sound, although the
fundamental is missing [22.10, 11].

(22.149)

Equation (22.153) yields a harmonic solution with
eigenfrequency wj,.

22.4.2 Flexural Vibrations of Beams

The flexural vibrations of a slender isotropic beam are
presented, within the framework of the Euler—Bernoulli
assumptions [22.8]. The beam is oriented along the x-
axis, and the cross section S(x) is in the (y, z) plane. The
flexural displacement v(x, t) is in the direction of the
y-axis. E(x) is the Young’s modulus, p(x) is the density,
and /;(x) is the moment of inertia of a cross section
with respect to its neutral midplane. f(x, t) represents
a source term. Applying Hamilton’s principle, we obtain
the well-known equation

2

) 2
,O(X)S(X)U-i- [E(X)I (x) ] flx, 1)

(22.154)
with the additional conditions to be satisfied
[E(x)lz(x)& 8—Ui|L =0
0x2 dx |
and
L
[%(E(x)]&x)%)v]() =0. (22.155)

Equation (22.154) is fourth order in the spatial co-
ordinate. Therefore, four boundary conditions (two
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conditions at each end) are necessary to solve the
boundary-value problem. Following (22.155), four dif-
ferent situations are compatible at each end:

Supported v=0

9%v
and M(x) = E()c)lz(x)—2 =0;
0x
d
Clamped _v=0
0x
and v=0;
Free 70 = [ Eoro Y| =0
ree =— — | =
X o | )1 (x o
9%v
and M(x)=Ex);(x)— =0;
ax2
o 3707
Guided T (x)=— E(x)lz(x)—v =0
ox | ax? |
0
and —v:O,
ox

where M(x) is the bending moment and 7 (x) is the
shear force.

Free—Free Beam with a Constant Section
As a specific example of (22.154), we consider a homo-
geneous and isotropic beam of length L, thickness 7,
width b, with a constant rectangular section S = bh
whose moment of inertia with respect to the z-axis is
I, = I = bh?/12 (Fig. 22.10).

In this case, (22.154) reduces to

9%v 92v
— S—=0.
8x4+p

El
or?

(22.156)

Looking for solutions for (22.156) of the form v(x, 1) =
@(x) cos wt yields the general solution

wx . WX
&(x) = Acosh — + Bsinh — +
c c

wx . wx
Ccos — + Dsin — (22.157)
c c

IL

Fig.22.10 Geometry of a beam with constant section

with

1 E
c=«/a)cLC/; and ¢ = —.

P
This expression shows that the phase velocity ¢ of the
flexural waves is proportional to /w. The dispersion
relationship is given by

EIl* + pSw® =0.

(22.158)

(22.159)

From (22.159), we can see that the group velocity ¢, =
dw/ dk is also proportional to «/w. The group velocity
refers to the propagation velocity of wave energy and
envelope of slowly varying amplitude. Flexural waves in
the beam are thus dispersive with the higher frequencies
propagating faster than the lower ones.

Remark. There is a paradox in (22.157) in the sense
that the group velocity tends to infinity as the frequency
tends to infinity. This results from the Euler—Bernoulli
assumptions, where shear and rotation inertia of the
cross sections are neglected. Introducing these two ef-
fects in the model (the Timoshenko model) leads to
a bounded asymptotic value of the group velocity as
frequency increases.

For abeam free at both ends, the boundary conditions
are

92 92
gﬁ(O, 1= M—z(L, =0 (22.160)
and
33 83
8x—§(0, 1= Ebc_;)(L’ H=0, (22.161)
A
1
0.5
0
-0.5
-1

0 2 4 6 8 10 12 14 16 18 50
X

Fig. 22.11 Graphical resolution of the eigenfrequency equa-

tion for a free—free beam, with X = wL/c
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which yields the equation of the eigenfrequencies
(Fig.22.11)

wlL wlL
cos — cosh— =1. (22.162)
c

c

The numerical resolution of (22.162) shows that the
eigenfrequencies f, (in Hz) are

N El © 2 2 2
fn~/ 8L2[3011 52,72,

The eigenfrequencies are not harmonically related so
that the impulse response of the beam is not periodic.

,(2n+1)2] .

(22.163)

Beam with a Variable Cross Section
As another example, we consider the flexural vibrations
for a beam with variable cross section. Here, we de-
scribe the Galerkin method [22.12]. It has the advantage
that it remains valid even in the case of nonconserva-
tive systems. In this method, the eigenfunctions @(x) of
(22.154) are approximated by a finite sum of p terms

P
PP(x) = "a;¢;(x). (22.164)
j=1
where ¢;(x) are arbitrary functions that satisfy the
boundary conditions at both ends of the beam. Insert-
ing (22.164) in (22.154), and defining A" = (0?)? as
the approximate eigenvalues of order p, one can define

the Galerkin residue
d2 o)
<E I(x)——— )

_ k(l’)p(x)s(x)qa(P)

R [(I)(P)(x):l
(22.165)

following (22.164), this can be written as

I:(D(P)(x):l Z ajx

42 d2 .
{ EE "b;f“)}—A<P>p(x>s<x>¢,~<x>}.

dx? d
(22.166)

The weak formulation of the problem is given by

f@(x)Za,{

— AP p(x)S(x)¢ j(x)} dx=0.

2 2
|:E]( )d ¢J(x)i|

(22.167)

The goal of the method is to find the coefficients a; for
which the residue R [q)(P)(x)] is equal to zero. Thus
(22.167) becomes

14 P
Z k;jaj — )»(p) Zm,-jaj =0
j=1 j=1

for i=1,2,...p, (22.168)
where the mass and stiffness coefficients are
kij —/dn(x)d 2[EI( )d2¢’(x)] (22.169)
and
iy = [ 0PSB ) . (22.170)

Equation (22.168) can be written equivalently in matrix
form:

[K—AM]a=0, (22.171)

where a is a vector with dimension p and K and M
are matrices with dimension p x p. The problem to be
solved is therefore equivalent in form to the eigenvalue
problem for a p-component discrete system (22.49).

Prestressed Beam or Stiff String
The flexural motion for a beam subjected to tension
(or prestressed beam) is governed by the same equa-
tion as a string with stiffness. For a homogeneous and
isotropic beam of constant section subjected to a uniform
tension 7', we have

sTv gy B (22.172)
PP = e '
For a propagating wave of the form y(x, 1) = el(@ =%,
we obtain the dispersion relationship
EI
w2=k2c2<1+7k2). (22.173)

For a stiff string of length L, the usual order of mag-
nitude generally implies & = TbZZ « 1 so that (22.173)
can be written:

P k2c2(1 —|—£k2L2) .

(22.174)

For a stiff string with hinged ends the boundary
conditions impose

sinkL =0 sothat k,L =nmw (22.175)
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from which we can derive through (22.174) the eigen-
frequencies
~ "7 () n’m?
o N — (1+e 5
The eigenfrequencies are raised by the stiffness. The
difference increases as n2. The inharmonicity coefficient

can be defined as

) (22.176)

I’l27'[2
2

i=¢ (22.177)

22.4.3 Flexural Vibrations of Thin Plates

The thin plate, or Kirchhoff-Love plate, described be-
low is a generalization of the Euler—Bernoulli beam
in 2-D [22.13]. The general case of orthotropic plates
is treated here. The problem is solved in Cartesian
coordinates, where w(x, y, t) denotes the transverse dis-
placement. It is assumed that the coordinates coincide
with the symmetry axes of the material. The assumption
of orthotropy leads to the following relations between
plane stresses oj; and plane strains e

Ey VyxEx 0
L= vyyvye T —=vyyvyy
Oxx
_ Uy E E
Oyy | = T Y
Oy I —vxyvye 1T —=vyyvyx
0 0 2Gyy
S.X.X
x| eyy (22.178)
Exy

These relations involve two elastic moduli £, and
E,, two Poisson’s ratios vy, and one torsional
modulus Gyy. In addition, we have the property
Ey vy = Eyvyy [22.14]. The bending and twisting mo-
ments are obtained by integration of the elementary
moments over the thickness / of the plate:

h/2
My = / 70xxdz;
—h/2
hy2
My = / Zoyydz;
—h/2
h2
Myy = My, = / 20,y dz (22.179)
—h/2

which leads to the matrix relation between the moments
and curvatures

92w
ax2
M, Dy D32 0 P
My | = D>/2 Ds 0 X 3—)12 )
Moy 0 0 D42
92w
0xdy
(22.180)
where
E.h3
Dj= ———;
12(1 — vyyvyy)
E vy b3 E v h3
Dy = xVyx = ¥y , (22.181)
6(1 —vryvyr)  6(1 —veyvyy)
E h3
D3y = ———
12(1 — vyyvyy)
Gyh?
Dy = % ) (22.182)

Again, the equation of motion can be obtained using
Hamilton’s principle [22.12]. Finally, given an external
force density term f(x, y, t), we obtain the equation of
motion for the plate:

92w
h——
PP a0
PMy  PM, M,
= +2 L,y 1)
ox2 0y? oxdy fly. 1)

(22.183)

Boundary Conditions. As for the beam, the boundary
conditions follow from integration by parts of the elastic
energy. The number of possible conditions depends on
the selected geometry. For rectangular plates, for exam-
ple, Leissalists 21 possible boundary conditions [22.15].
Along the principal directions, for example, the condi-
tions of greatest practical interest are:

1. Clamped edge: displacement w =0 and rotation
w _ .
=0,

2. Simply supported edge: displacement w =0 and
bending moment M, = 0;

3. Free edge: bending moment M, = 0 and shear force
3:/\4“ 2 aMxy _ 0
ox + day
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- Example: Homogeneous Rectangular Simply Sup-
2 ported Plate. From (22.180) and (22.183), we obtain "reduency (KH2)
o for a homogeneous orthotropic plate 50
y $20 2 e
= Pp W‘f‘ IW—'—( 2+ Da) ¥ 40
Yo p 2wy (22.184)
axZay? | T ' 30
For a rectangular plate of length a and width b, simply
supported at its edges, the boundary conditions are 20
WO,y t) =W,y t)=W(x,0,t)
=W(x, b,1)=0, i
M0, y,1) =M(a,y, t)=Myx,0,1) "
0 £
= My(x,b,1)=0. 0 10 20 30 40 50 60 70 80 90 100
(22.185) ‘Wavenumber
The eigenfunctions satisfying (22.185) are of the form Fig. 22.12 Dispersion curves for an orthotropic plate made
mirx ny of carbon fibers with D = 8437 MPa; D, = 463 MPa;
@y (x, y) = sin sin - (22.186) D3 = 852MPa; D4y = 2267MPa; h= 2mm; pp,=

and the associated eigenfrequencies are given by:

Wmn = w2 L
pph
m* nt m2n?
X\/Dla—4 +D3b—4 +(D2+D4)W .
(22.187)

In both expressions, m and n are positive integers.
As for strings and beams, the eigenfunctions @,,, are
orthogonal with respect to mass and stiffness, so that

a b
//pphgbmn(xs VP (x, y)dxdy =
0 0

0 ifm#m'orn#n',
an

(22.188)
ifm=m'andn=n';

where M,,, is the modal mass for the mode (m, n).
The eigenfrequencies for the orthotropic plate are dis-
tributed between two limiting curves in the (k, f)-plane
(Fig.22.12).

Particular Case: Isotropic Plate
In the isotropic case, the rigidity coefficients become

ER3

= 12(1—12)

(22.189)

1540kg/m3;a =0.4m; b=02m

and
_ER
YT ()
Dy = 2D — Dy = _EVP° (22.190)
2T T S A2y :

Here, the elastic behavior of the material is fully deter-
mined by two constants: the Young’s modulus E and the
Poisson’s ratio v. The eigenfunctions @,,, (x, y) are the
same as in (22.186). However, the eigenfrequencies now

reduce to
D (m? n n?
pph a’? b2 )’

Prestressed Isotropic Plate. If a tension (or compres-
sion) T in the x-direction and, simultaneously, a tension
(or compression) Ty in the y-direction are applied in the
plate plane, then the flexural equation is modified as
follows [22.1]:

Omn = (22.191)

hazw 4D 9w 4 *w n 92w
AP ot a2y T oyt
92w 92w
_Txﬁ_vaa—yzzo' (22.192)
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In this case, the eigenfrequencies become

B 1

Wmn = pph
2m?  w2n2\? m2m? n?m?
/D< ) AT

(22.193)

22.4.4 Vibrations
of Thin Shallow Spherical Shells

One interest of presenting the vibrations of shallow
spherical shells is to show the influence of curva-
ture, compared to the case of flat plates. The present
section focuses on the particular case of free edge,
which is scarcely treated in the literature [22.16]. Lin-
ear vibrations of cymbals and gongs, for example, are
conveniently described by such an idealized structure.

An isotropic spherical cap is considered, with thick-
ness h, radius of curvature R and whose projection on
a plane is a circle of radius a (Fig.22.13). Using the
Donnell-Mushtari—Vlasov assumptions for thin (7 < @)
and shallow (¢ < R) shells, the equations of motion for
the free transverse displacement w(r, 6, t) of the cap is
given by [22.17]

DVow+ %’vzwmhvzw:o, (22.194)
where E is the Young’s modulus, p is the density, v is
the Poisson’s ratio and D = Eh3/12(1 —1?) is the flex-
ural rigidity of the shell. Equation (22.194) can be
conveniently put into nondimensional form using the
reduced variables W = w/wo, ¥ = r/a and T = t/to with
o= aza/ph/D. In this case, (22.194) becomes

VoW + x Vw4 V3ih =0,

P

Fig. 22.13 Spherical cap

where
4

—12(1 =)~

x=12(1—v )th2 . (22.195)
Notice that wp can be selected arbitrarily in the linear
case. For nonlinear vibrations, this parameter should be
selected in accordance with the order of magnitude of

the nonlinear perturbation terms (Sect. 22.7).

Remark. In what follows, the nondimensional equa-
tion is solved but the overlines are removed from the
variables, for convenience.

Eigenmodes of the Spherical Cap with Free Edge. We
look for harmonic solutions of (22.195) of the form
w(r, 0, 1) = &(r, 0)q(t). The solutions must fulfill one
of the two following cases [22.18]:

if o*—x=¢*>0

then V2 (V4—§4)<D =0 case 1,
if o*—x=-¢*<0

then V? (V*+¢*) @ =0 case2.

(22.196)

In case 1, the eigenfunctions are given by

Py (r, 0) =

cos mo
[Anrn+Bn-]n(§nmr)+cnln(§nmr)] . " s
sinm6

(22.197)

where A,,, B, and C,, are constants, {,,, are determined
by the boundary conditions, J, are the Bessel functions
of the first kind and /,, are the modified Bessel functions
of the first kind. In case 2, the eigenfunctions are given
by

®nm(r’ 0) =
. cosmb
[Anr" + Buber,(Gumr) + Cabein(Gumn)] [
sinm@
(22.198)

where ber, and bei,, are the Kelvin functions defined
by [22.9]

ber, (x) +ibei, (x) = J,[xexp Bim/4)] . (22.199)
For a free edge, the eigenvalues ¢, are determined
from the equation obtained by expressing that forces
and moments are equal to zero at the edge r = a. The
four possible situations for the eigenfrequencies are
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summarized below [22.19]:

for ne€0,1, Vm=>1
Oum = X+t
for n>2, m=0 and X<x}fm
wnO:\/X'f'{j()v
for n>2, m=0 and x> xlim
a)nO:\/X_g,f(),
forn >2, m=>1,
Onm =N A+ G »
(22.200)

where wﬁ% are the eigenfrequencies obtained in the case

of the circular plate with free edge, corresponding to the
limiting case of the spherical shell with no curvature.
The limiting value x!™ that separates the Bessel from
the Kelvin axisymmetric modes is given by [22.18]:

(1=v)B+vn2m?-1)
2(n=1D(1—v)@dn—v+9)
L+ 71 =v)(n—2)—* (n16(11(+2)v2)((n13;+ :
(22.201)

lim __
n =

22.4.5 Combinations
of Elementary Structures

Interesting and powerful models of complex structures
can be obtained by combining together elementary
components. One-dimensional models of intersecting
walls, for example, can be modeled by means of con-
nected bars, with appropriate boundary conditions at
the junctions: equality of displacements, angles, forces
and moments. This allows calculations of reflection
and transmission coefficients in the different parts of
a wall or a frame. Other examples of interest are sand-
wich plates. A sandwich is usually made of two plates

22.5 Structural—Acoustic Coupling

If the sound is generated by a light and flexible struc-
ture, then the effect of the acoustic loading back on the
structure cannot be neglected, and the system has to
be considered as a whole [22.22]. In the general case,
the action of a fluid on a structure has several effects:
radiation damping and modification of the eigenfrequen-
cies. Approximations can be made in the case of a light
fluid and weak coupling. These points are examined in

with a thin viscoelastic (absorbing) layer between them.
Again, the model contains the equation of motion for
each layer plus additional boundary conditions. As a re-
sult, one can calculate, for example, the equivalent
complex stiffness of the sandwich. One main advan-
tage of such a configuration is that one can obtain
a substantial increase of loss factor over a relatively
wide frequency range, compared to a sytem of equal
thickness composed by only one plate with a simple
viscoelastic layer. However, the main drawback is that
each application needs careful design of a specific sand-
wich in order to be effective in the frequency range of
interest [22.13,20].

Periodic structures can be found in many applica-
tions, such as ships, planes or roofs where a relatively
light plate (or shell) is reinforced by stiffeners and ribs
at uniform intervals. Such problems have been studied
extensively in recent decades. A simple example of such
a structure is the periodically supported infinite beam
subjected to bending motion. By generalizing methods
previously applied to atomic chains and crystals by Bril-
louin, different authors represent the spatial part of the
wave propagation in such a beam by an equation of the
form

w(x+ L) =expMw(x), (22.202)

where w is the transverse displacement, L is the spatial
period of the structure and A is the propagation constant
to be determined. The problem is solved by expressing
the continuity and equilibrium equations at the junc-
tions. Two situations may occur: if A is purely imaginary,
the bending wave can propagate freely in the periodic
structure. The corresponding frequency range is called
the pass band. If A contains a real part, then the wave
becomes evanescent, and the corresponding frequency
range is called the stop band. Recently, some authors
have shown that SEA can by useful for tackling such
problems [22.21].

Sect.22.5.1. The simple example of a 1-D bar coupled
to a semi-infinite tube is selected in order to facilitate
the presentation of the various concepts. In a number of
applications, the goal is to control the amount of energy
radiated by a vibrating structure. This forms the heart of
Sect. 22.5.2. In particular, the state-space formulation of
structural-acoustic coupling facilitates the development
of active noise-reduction systems [22.23]. The concept
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of radiation modes and their link with sound power and
efficiency is also presented in this section [22.24,25].

In the case of structure—cavity coupling, the ef-
fects of the cavity field are different from those of
the free field. Strong structural-acoustic modes can ap-
pear, which may contribute to a substantial modification
of the radiated spectrum. These features are illustrated
in Sect.22.5.3 for the example of a 1-DOF oscillator
coupled to a finite tube.

The concept of coincidence (or critical) frequency
is essential in the radiation of sound by structures. By
comparing the dispersion equations for the structure and
fluid, respectively, one can make a distinction between
frequency domains where the radiation efficiency of the
structure is strong and where it is weak. This is treated
in Sect. 22.5.4 for an isotropic plate.

22.5.1 Longitudinally Vibrating Bar
Coupled to an External Fluid

Model and Modal Projection

We consider here the simple case of a longitudinally
vibrating bar of length L coupled at one end to a 1-D
infinite tube filled with air, which presents a resistive
loading R, = pcS at the end of the bar. It is assumed
throughout this section that the bar has a constant cross-
sectional area S and that it is clamped at one end (x = 0)
and free at the other (x = L). ps is the density of the bar,
E its Young’s modulus, ¢, = +/E/ ps is the longitudinal
wave speed and &(x, t) the longitudinal displacement
at a point M at position x along the bar (0 <x < L).
Similarly, p denotes the air density, ¢ the speed of sound
and p(x, t) the sound pressure in the tube (L < x < 00)
(Fig.22.14). In the absence of an exciting force (free
vibration), the equations of the problem are:

92 92¢
pSSm = Esﬁ —Sp(L,1)8(x—L)
forO<x <L,
p(L,t)  =pcE(L,1),
£0,n =0,
px.t)  =pcE(L,t—*L)
for L <x < o0

(22.203)

We look for the solution &(x, #) expanded in terms of
the in vacuo modes ¢, (x) of the bar. Both sides of the
first equation in (22.203) are multiplied by any eigen-
function and integrated over the length of the bar. This

gives

mS[Z%(x)%(z)}%(x)dx

ES[ Z b (X)Gm (t)] ¢n(x)dx

Spc[ > ¢m<L>qm<r>]¢n<x>a(x —L)dx.

Crt—r T T T T —

(22.204)
This equation can be rewritten in a simpler form, by
using the definition of the modal mass
L

my = / PSPy (x)dx .
0
Because of the mass orthogonality property of the eigen-
functions, the terms of the series in the first integral on
the left-hand side of (22.204) are zero for m # n, so that
the integral reduces to m,§,(t). The second integral can
be rewritten:

(22.205)

L
2
_/ESw_gl[Zd)m(x)qm(t)](pn(x)dx (22.206)
0 m

L

which, due to stiffness orthogonality properties of the
eigenfunctions, reduces to —wﬁmnqn (). Finally, due to
the properties of the delta function, the third integral can
be rewritten:

—Ran(L) Y (L) (D) , (22.207)

where R, = pcS is the acoustic radiation resistance.

Remark. In the case of the clamped—free bar, we would
get ¢, (L) = (—1)"*! and, similarly, ¢,, (L) = (—1)"+1,
However, in what follows, we choose to retain the more
general formulation of (22.207) so that the equations
remain general.

For a 1-D bar of length L coupled to a semi-infinite
tube, the displacement is given by

EC D)= ¢u(x)ga0) , (22.208)

where the functions of times ¢, (¢) obey the set of coupled
equations

MG (1) + M 03 G (1)
= —Ran(L) ) $n(L)gm(1) - (22.209)
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Once the displacement of the bar £(x, t) is known, we
can calculate the velocity £(x, ) at each point of the bar
and, in particular, at the point x = L and thus derive the
radiated sound pressure inside the tube through (22.203).
We now examine the consequences of the coupling on
systems of small dimensions, to better understand its
physical meaning.

Single-DOF System. Suppose that, for various reasons,
we can reduce the previous system to one single mode.
In this case, (22.209) reduces to

Ragi(L)
mj

This is simply the equation of a damped oscillator, where

the dimensionless damping factor ¢; is given by

R.¢?(L)
mi '

G+ q1()+3q1() =0. (22.210)

21w = (22.211)

Thus, for a single-DOF system, the acoustic coupling
adds a radiation damping to the structure. This damping
represents the amount of acoustic energy radiated by the
vibrating bar.

Two-DOF System. Now, we truncate the system to the
two lowest modes of the structure. In this case, (22.209)
reduces to:

.. . Ryp1(L)pa(L) ,
g1 +2¢1w141 +w%q1 = —aiqz
mi
=Cp2q2 ,
.. . Ry (L)p1(L) |
p+2omdp+o3qy = —————
my
=C214; -
(22.212)

Several conclusions can be drawn from this last result:

® The acoustic radiation introduces damping terms
2¢;wiq; in each equation.

® The time functions are coupled by the radiation. In
general, the coupling coefficients Ciy and Cy; are
not equal.

Taking the Laplace transform of the system in (22.212)
leads to the characteristic equation
(s2 + 281wy + w%) (52 + 25 was + w%)
— 4L Hwiwrs® =0. (22.213)

Equation (22.213) shows that the structural-acoustic
coupling modifies the eigenfrequencies and damping
factors of the system, compared to the in vacuo case.

Light-Fluid Approximation. For ¢jw; <1 and
frwy < 1 one can find first-order approximations for
both the eigenfrequencies and decay times, due to the
air—structure coupling. Denoting s = o +iw and replac-
ing it in (22.213) yields the new damping factors:

)
o1~ —({tiw——Cp2},
2w

w1
02%_<§2w2__c21), (22.214)
2w)
Similarly, the new eigenfrequencies become:
wlr e} - [2;1%% — 1+ 2)wCi2
]
+2—C21C12 ,
/ w22 , (22.215)
0wy — [24“2 ) — (&1 +8)wi Cay
w2
+—C21C12} .
2w

Forced Vibrations
The transfer function between the excitation force
and the bar displacement is now examined. Equation
(22.203) is modified through the introduction of a force
term F(xo, t) at point xo:

8%E 8%E
+ F(xq, 1)6(x — xq)
for 0<x<L

and 0<xo<L. (22.216)

Using the same modal projection as in the previous
section, we find

Gn +28nwngn +a)%%z
X
=Y Cumdm + F(xo, nPrx0) (22.217)
m#n Mn

or, equivalently, using Laplace transforms, as

Gn($) = Hy($)F(x0, )+ Y Kum()Gim(s) (22.218)

m#n
with
Pn(x0)
H,(s) =
(%) mn(s2+2§nwns+w%)
and
K ()—A (22.219)
" T 2o T a2 '
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Finally, the displacement is

E(, )= Gu(s)pn(x)
= F(x0,5) ) ¢n(x)H(s)

+Y () Y Kun(s)gn(s) . (22.220)

m#n

Matrix Formulation. Equation (22.218) can then be
rewritten (removing the tilde from the Laplace trans-
forms, for convenience) as

1 —Kip ... =Ky, q1 H,
— K71 1 ... =Ky q2 _F H;
—Kuy — Ky ... 1 qn H,

(22.221)
which can be formulated in the more compact form:

KQ=FH. (22.222)

The displacement of the bar is

t=0"¢=0¢"=K 'H'.¢F =K 'H).¢'F
(22.223)

In some applications, it is interesting to write (22.218)
in a form that allows the characteristic equation to be
determined immediately. In this case, (22.221) becomes:

2,2
STt —5C1p ... —sCy,
+2¢1w18 .,
5“4 a1
—sC: 2 ... =sC
sC21 F20rwns SC2n Q@
2 2 ql’l
s“tow
—sC —sC . "
SCni SCn2 12 pwns
Bi
_r|P ; (22.224)
Pn
where §, = On (XO). The equivalent matrix notation is
n
CQ=FRB. (22.225)
The displacement of the bar is given by
E=(CT'B.9F=(C'B).¢'F. (22.226)

Inversion of the Matrix C. Finding explicit solutions for
the generalized displacements ¢; in (22.224) requires
inversion of the matrix C. An example is given be-
low for a subsystem of order two, where we write for
convenience D,, = s+ 28w + a>,21 We obtain easily

_ BiDr+sCiafn
7 DDy —s2C12C1
and

BaD1 +sCz1 B1

PR=———— T (22.227)
D1 D; —5%C12Cy
Or, using the (H, K) formulation
Hi+ K H,
g = 1+ K12 2F=L1F
1 —K12K2)
and
H)+ Ky H
=220 (22.228)
I —K12K2

from which the displacement & can be derived. The cou-
pling appears in (22.224) through the fact that g is
not zero, even if B vanishes. In other words, one can
excite vibrations at w,, even if the structure is excited
at a node of the associated in vacuo mode. The new
eigenfrequencies and damping factors modified by the
coupling are now given by the roots of the denominator
DDy —s2C12Cay.

Orthogonalization of the Matrix C. The question is now
to study whether one can find an appropriate basis for
decoupling the system. Approximate formulations in the
case of weak coupling are derived below. We start with
a 2-DOF system before generalization. The matrix C is

Dy —sCp»
—sCy1 Dy
with
D; = 5% 4+ 2¢wis + w? . (22.229)

The corresponding diagonal matrix A is written

MO (22.230)
0 Xy
where the A; are solutions of the equation
Di—X\ —5Cqp
—5Cy1 Dy — A
=(Dy—A)(D1 —2)—5°CpCy =0.  (22.231)
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Denoting by e; the corresponding eigenvectors and
T = (e; e>), then we have the following matrix equa-

tions:
TA=CT & A=T'CT. (22.232)

In the general case, the A; are given by

1
Ma=3 [Dl + Dy + /(D1 — Dy +4s2C12C21] .
(22.233)

Weak-Coupling Approximation. It is convenient to
define the nondimensional coupling parameter
_ CpCy
D> — D,
. Ci2C2g
w3 — @ +25(Cowr — C1w1)
so that, for ¢ « 1, the eigenvalues of C can be written
to first-order approximation as

(22.234)

Alle—ssz; A2:D2+ssz. (22.235)

This approximation is justified if the C;; are small, as
in the case of a light fluid, or if the in vacuo eigen-
frequencies w; and w; are not too close to each other
(Sect.22.6.1). In this case, the previously defined matri-
ces become

ES
T=| e 2| =
— 1
Ciz
-1 — C12Co
C12Cy1 + %52
es
1 P
es G2 (22.236)
Cp

Defining further the vectors y = T !Band R=T"'0Q,
(22.225) and (22.226) can be rewritten as

AR=Fy =
E=TA 'y ¢'F. (22.237)
Here, we have:
1
A_l = X
D1 D3 —52C12Cay
2
D +es 0 e (22.238)
0 Dy —e¢s

Bi+—p
C12Co : Cy ?

y:C12C21+82s2 ﬂz—g—sﬁl
Ciz

and
n es
1+—=q
— % ! C21 ! (22 239)
~ C1pCyy +62s2 &s T
92— 41
Cn2

To a first-order approximation, it can be shown that
A A AT, (22.240)
where A !is the in vacuo diagonal matrix given by

1

— 0

A =P (22.261)
0 —
D,

and A7 is the coupling diagonal matrix given by

(5)
- D
Acl= ! 1 2
C )
D,

This result is of particular interest for computing the
perturbation due to air loading of all significant variables
of the system.

(22.242)

Generalization. Equation (22.235) can be generalized
to n coupled modes. In this case, the eigenvalues be-
come:

Ai=Dj+¢;
with & = —s° L
' ZDj—Di

and 1<j<n
and j#i. (22.243)
Approximate Expressions for Displacement and Mode
Shapes. From the above results, we can now find a first-
order approximate expression for the bar displacement £.
As in the previous sections, we start with the simple ex-
ample of a 2-DOF system. Let us write first the in vacuo
displacement

§0 = #10910 + $20920 - (22.244)

N.B. The notation ¢;o, denotes the eigenmode in vacuo
and should not be confused with ¢;(xg), which de-
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notes the value of this eigenmode at one particular point
of the structure. For the structure vibrating in air, the
displacement becomes

& = ¢1091 +P209> -

From (22.226) one can derive a first-order approxima-
tion for the bar displacement

(22.245)

sCia sCoy
§=¢10 (6110 + —6120) +¢20 (qzo +6110—> .
Dy D,

(22.246)

Operating Deflexion Shapes. Equation (22.246) can be
rewritten

_ sCay
&= 6110((/’10 + D—2¢20)

sCi2
+q20({ ¢20 +¢>10D—
1

$io
m; Dj
In experiments on structures, sinusoidal excitation is
often used. Imagine that we apply a sudden harmonic
force F(t) = H(t)sinwt at time ¢t = 0 to the structure,
with excitation location and frequency such that g»g is
negligible compared to g1o. H(¢) is the Heaviside func-
tion. In this case, the spatial pattern of the structure is
given by

with g0 = F. (22.247)

sCh

1 =¢10+¢20D—2. (22.248)

Because of the time dependence of the second term
(through the Laplace variable s), the spatial shape
evolves with time. Here, we can use the Laplace limit
theorem, which states that the value of ¢(¢) as time tends
to infinity is given by the product of s¢(s) as s tends to
zero. Since s2C1» /Dy tends to zero as s tends to zero,
the second term on the right-hand side of (22.248) van-
ishes after some time. Calculating the inverse Laplace
transform shows that this decay time is of the order of
the magnitude of the decay time of the second structural
mode. After this transient regime, the spatial shape is
nearly equal to the spatial shape in vacuo ¢1¢. In the more
general case, (22.247) shows that F excites both g9 and
g20. After a transient regime, the bar displacement then
finally converges to:

®10P1 n ¢2oﬂz}
Di(iw) Di(iw)]

The quantity between in square brackets is called the
operating deflexion shape (ODS) of the structure at

§(w, x) = [ (22.249)

frequency w. Since it is very difficult in practice to ex-
cite a single g;o, the ODS describes the multi-mode
shapes that are observed for sinusoidal excitation of
structures.

State-Space Formulation

The transfer function formulation is convenient if the
system is initially at rest, and for time-invariant sys-
tems. For other applications, such as sound control, it is
useful to express the results in terms of state-space vari-
ables [22.26-29]. In most cases, the mechanical state of
the system is given by the position and the velocity of
the DOFs. Since the unloaded structure is described by
its eigenmodes ¢,,, all useful information about the state
of the system is contained in the modal participation fac-
tors ¢, and in their first derivatives with time ¢,. This
allows us to rewrite the equations for a 2-DOF coupled
system as follows

X1 0 0 1 0
dlx| o o o 1
di | X3 [-? 0 2501 Cn
X4 0 —w3 Cu =20
X 0
| 20| F. (22.250)
X3 Bi
X4 B2

where
Xi=q1; Xo=q2; X3=¢q1: X4=¢q2. (22.251)

Equation (22.250) can then be formulated equivalently
as

X=AX+BF, (22.252)

where F is the input and X is the state vector. The output
Y depends on the investigated mechanical problem. If
we decide, for example, to investigate the displacement,
then we can write for the output

Y=(¢1 ¢2 0 o)tX:l‘X.

Equations (22.252) and (22.253) are general expressions
for a linear system expressed in terms of state-space
variables.

(22.253)

Remark 1. The representation presented in (22.250) is
not unique. Selecting, for example

Xi=q1; Xa=4q1; Xz=q; Xa=¢q2 (22.254)

leads to different values for A and B.
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Fig. 22.14 Longitudinally vibrating bar coupled to a semi-
infinite tube

Remark 2. Denoting by M, R, and K, the mass, resis-
tance and stiffness matrices, respectively, of the 2-DOF
system, the matrix A can be rewritten more generally
using submatrices as

A 0 | ,
~-M 1K —-M~IR

where I is the identity matrix.

(22.255)

22.5.2 Energetic Approach
to Structural—-Acoustic Systems

Two-DOF System

We now consider a 2-DOF structure coupled to a radiat-
ing wave, but now include damping terms in the structure
r1 and rp, to compare the power dissipated in vacuo and
air, respectively. The damping terms r, and r,» are due
to radiation. Modal masses and stiffnesses are written
explicitly, so that comparison with the case of a single
oscillator becomes easier. We can then write

migy +(r1 +ra)q1 +kigr +yg2 = g1(xo) F,
maga+ (r2+re2)d2 +kiga + ygi1 = ¢pa(x0) F

(22.256)
where y = —C1om| = —Ca1mj3. In what follows, we use
the notations:

2wy =
2001 =k
2 =k
! " (22.257)
2p0n =2
20002 =2
2 k
)5 = m—22

to make a distinction between the damping factors in air
and in vacuo. The force F is applied at point x = xg so
that the mechanical input power is given by

d
Pm(t) = Fg(xo, 1) = F [¢1(x0)q1 + ¢p2(x0)g2]
(22.258)

Using (22.256) allows pny(?) to be written as

(D) =m1G1G1 + (r1 + 14147 + k1141
+2yq142
+madngo +(r2 +ra2)ds +kagags -
(22.259)

Integrating pm(¢) over a duration 7" and removing the
conservative energy terms yields the mean input power

T
| . .
(D) = = / (r1 +ra)dl + (2 4 ra2)2
0

+2yqgaqr dr . (22.260)

The input power is now seen as the sum of three terms:

® The mean power
T

™ ! 2 -2
P =7 [ rgi+rgydt
0

dissipated in the structure;

® The mean acoustic power
T

> _ 1 ) )

Pa(T) = ? ralql+raZQ2dt
0

radiated in the air;

® The mean coupling power

T

2 .

Pe(T) = 7/quq1dt
0

due to the exchange of energy between the two

oscillators via the fluid.

Let us denote the steady-state excitation frequency by
. The transient regime is neglected, and the integration
time 7 is supposed to be taken equal to an integer mul-
tiple of the period T =nt = n2nw /w. The mean input
power can then be written as

1 .2
P = 3 [(r] +ra)lq1l

+ (2t raldal +271galldnl ] . (22.260)

Pm can be written in matrix form. Writing Q = (?1>,
q2
R, = n 0 and R, = fal ¥ , we have
0 rm Y ta2
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Pn=0"[R+R,1 0, (22.262)

where QH is the Hermitian conjugate (conjugate trans-
pose) of Q.

Generalization
The mean power for a multiple-DOF system is written:

t‘Pm(T) =
1 T n n n
F [0 raiz+ XY v |a
n Ci=l i=1 j=1
J#i

(22.263)
with Yij = _miCij .

This mean power can be written in the same form as
(22.262), where the resistance matrix is defined as

ri+rat oo Vi - VI oo Vin
B e ribTa e W e P
Vil Viji B o TR Vin
Ynl  ooo Vaio -+ Vnj - tn+Tan
(22.264)

Remark. The resistance matrix can again be viewed as
the sum of a structural resistance matrix Rg and an acous-
tical resistance matrix R,. This leads to the expression
for the mean acoustic power

Pa=0"R.0 (22.265)
and acoustical efficiency
DH IR
0 [R.JQ (22.266)

"7 QH[R, 1R, 0

which generalizes (22.32). Note that we have assumed
that the structural resistance matrix Ry is diagonal, which
is usually a reasonable assumption for lightly damped
structures. However, strong structural damping can also
be the source of intermodal coupling. In this case, Ry
is no longer diagonal, but the general results expressed
in (22.262) and (22.266) remain valid. A comparison of
efficiencies between the cases of light and heavy fluids,
respectively has been conducted by Rumerman [22.30].

Radiation Filter
Because R, is real, symmetric and positive definite, we
can write this matrix in the form

R, =P'QP, (22.267)

where 2 is a diagonal matrix [22.25]. As a consequence,
the acoustic power becomes, removing for simplicity the
integration time 7',

P, =b"Qb
where
b=PQ. (22.268)
This can be written explicitly as
(22.269)

Pa=Z-Qn|bn|2-
n

Equation (22.269) shows that, defining the appropriate
basis, the acoustic power can be expressed as a sum
of quadratic terms, thus removing the cross products
between the ¢; in the previous subsections. Another in-
teresting consequence of the properties of R, is that the
acoustic power can be decomposed using the Cholesky
method. This leads to the expression:

Py= QHRaQ
= 0161GO =2z = Y [zl

n

(22.270)

where, by comparison with (22.269), the vector z(w) can
be viewed as the output of a set of radiation filters whose
transfer functions G(w) are given by

G(w) = VL (w)P(w) (22.271)
with input vector @, so that
z=GQ. (22.272)

Impulsively Excited Structure:

Total Radiated Energy
For an impulsively excited structure, the total radiated
energy is given by:

Er= / O"R,Qdw = sz(w)z(w) do (22.273)
0 0
which, by Parseval’s theorem, is equivalent to [22.31]
Er= /zt(t)z(t)dt . (22.274)
0
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State-Space Analysis
The interest of formulating structural acoustic coupling
in terms of state-space variables is now emphasized
using an example. Denoting by r the internal state of
filter G with input X (or Q) and output z, we can use
a state-space realization of the form:

F=Agr+BgX,
z=Cgr+DgX.

(22.275)

Combining these equations with the equations of motion
of the structure gives

F Bg Ag r 0
with the output
X
= . 22.277
b4 (DG Cg) <r> ( )

If, for example, the purpose is to minimize the total
energy radiated by a source, then the cost function can
be defined as

_ Jo Z@wznde

max(E] (22.278)

22.5.3 Oscillator Coupled to a Tube
of Finite Length

Presentation of the Model
The purpose of this section is to present the fundamental
concepts for a vibrating structure coupled to an acoustic
cavity. As a simple example, we consider a single-DOF
oscillator coupled to a 1-D tube of cross-sectional area
S and finite length L loaded at its end x = L by an
impedance Zp, defined here as the ratio between the
pressure and acoustic velocity. The selected structure is
a mechanical oscillator of mass M, stiffness K = M a)%
and dashpot R =2M¢owq driven by a force T(0, 7) at

K M
O—|él Zy,
T ' 4 N
0 L %

Fig.22.15 Single-DOF mechanical oscillator coupled to
a finite loaded tube

position x = 0 (Fig. 22.15). The amplitude of the motion
of the mass is assumed to be small, so that the acoustic
velocity v(0, £) is equal to the mechanical velocity £(r).
We assume lossless wave propagation in the tube itself.
The set of equations for the model is written:

1 9% 92
??fzax—f forO<x<L;
v dp
Por = ax
p(L.s)=Zyv(L,s); v(0,1)=E&@)
M (& +280w0é + w3g) = —Sp(0, 1)+ T(1)

(22.279)

Mass Displacement
Using the Laplace transforms, we obtain
plx,s) =exp(—2)F(s)+exp (2)G(s),
[exp ( — %)F(s)—

exp (%)G(s)] ,

1
v(x,s) = e

(22.280)

where F(s) and G(s) are two functions to be determined.
The boundary condition at x = L gives

G(s)= F(s)

Zy, — 2L
L re exp(——s). (22.281)
Z1 + pc c

The continuity of the displacement at position x =0
yields:

N S
v(0, s) = pCF(s) |:1 7L pe exp < . >j|
=s&(s) . (22.282)

Finally, the equation governing the oscillator motion
becomes

(s2+2§0w0s+w%)$(s)

+ tanh (SL

T R, ‘LM
2%— M"—?Lf;‘(s) (22.283)

1+ zp tanh (—)
C
with
L= ZL o and Ry = pcS. (22.284)
pc

Equation (22.283) shows that, due to the loading of the
oscillator by the finite tube, the damping term 2¢pwo
becomes:

250wo + 28,00 Z(s) , (22.285)
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where
& =250
M
and
7L +tanh (E)
Z(s) = —iL (22.286)
1 + z1 tanh (7)

so that we can write:
T(s) 1

O = M et G ZWs
(22.287)
F(s) is derived from (22.282):
pes&(s)
F(s)=
[1- 2 e (- 2L)]
pesE(s)exp (£)(zL+1) (22,289

- 2 [zL sinh (%) + cosh (%)] )
Equations (22.280) and (22.281) yield the pressure in
the tube

plx, s) = pcs&(s)
71 cosh (S(X—C_L)) —sinh (@)

cosh (£) 4z sinh (3£)

(22.289)
The pressure p(0, s) acting on the oscillator is
71, cosh (.£) + sinh (&
0, 5) = pesk(s)—= SL( ) ! (SCL)
cosh (££) 4z sinh (%)
= pcs&(s)Z(s) .

Taking the inverse Laplace transform of (22.289) and
(22.287) yields the pressure in the tube and the mass
displacement in the time domain.

(22.290)

Discussion of Z(s). Several interesting limiting cases can
be examined:

® [f the load at the end of the tube at x = L is such that
Z1 = pc, then G(s) =0 and F(s) = pcs&(s). This
means that when the tube is loaded by its character-
istic impedance there is no returning wave. In this
case Z(s) = 1, and the only effect of the tube is to in-
crease the damping of the oscillator, which becomes
equal to &y + &,. The increase of damping is entirely
due to radiation and is, of course, identical to that

obtained for the 1-DOF approximation of the vibrat-
ing bar loaded by the semi-infinite tube presented in
Sect.22.5.1.

® If the tube is closed at x = L, then zp, tends to
oo so that Z(s) = 1/tanh(sL/c). If, in addition, the
length L of the tube is sufficiently small so that
we can make the approximation tanh(sL /c) ~ sL/c,
then the displacement can be written

1w !

M 524200805 + f + 2295
(22.291)

£(s)

This is equivalent to the tube acting as an added
stiffness K, = 2woM¢,c/L, which increases the
eigenfrequency of the mechanical oscillator.

® [f the tube is open at x = L and if we neglect radia-
tion, then z;. = 0 and Z(s) = tanh(sL /c). For a small
tube, or more generally for sL/c <« 1, we obtain

T(s) 1
()= —+ P
M 524 200005 + wy+

2w0las?L
c

(22.292)

so that the tube acts as an added mass
M, =2Mwol,L/c, which decreases the eigenfre-
quency of the oscillator.

In the most general case, the coupling between
a structure and a cavity yields new vibroacoustic (or
structural-acoustic) modes that differ from the in vacuo
modes of the structure and from the cavity modes with
rigid walls [22.32]. For the present example, assuming
light damping, these modes are the poles of £(w), which
are obtained from the equation

—* 4 0 — 2w Im[ Z()] =0 . (22.293)
For a lossless tube closed at x = L, the eigenmodes are
the solutions of

L
(0] — @?) tan 25 4 20,000 =0 . (22.294)
c
For high frequencies, i. e., for > wo, the displacement
of the oscillator tends to zero and (22.294) reduces to

L
tan 2= ~0. (22.295)

c

In this regime, the eigenfrequencies tend to those of the
tube closed at both ends.
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22.5.4 Two-Dimensional Elasto—Acoustic
Coupling

We now turn to the case of 2-D systems. First, the
case of an infinite isotropic plate is examined to intro-
duce the concept of critical frequency. The presentation
used the wave formalism and is inspired from Filippi
et al., [22.33] and Lesueur [22.34]. We then consider
the case of a finite plate using the wavenumber Fourier-
transform method [22.35,36].

Infinite Isotropic Plate. Critical Frequency

The case of thin plates submerged in compressible flu-
ids and subjected to a transverse flexural displacement
&(x, y, t)is considered. Kirchhoff-Love approximations
are assumed, so that shear stresses and rotary inertia
are neglected. The infinite plate is located in the plane
z=0. In what follows, # is the plate thickness, E the
Young’s modulus, v the Poisson’s ratio and ps the den-
sity of the plate. In the half-space z < 0, the pressure
field is pi(x, y, z,t) in fluid 1 of density p; where the
speed of sound is cy. For z > 0, the pressure field is
pa2(x, y, z, ) in fluid 2 of density p» with speed of sound
is ¢p. The motion of the plate is harmonic with fre-
quency w. The equations of the problem are written in
Cartesian coordinates:

® Forz<O0
2
Vpi+ 2 pi=0 (22.296)
ol
with the continuity condition
d
aizl(x, y,0—) = a)zplé(x, y). (22.297)
e Forz>0
2 w’
Vipr+—5p2=0 (22.298)
)
with the continuity condition
d
7%?(x,y,0—+) = W’ pk(x, ). (22.299)

® For z =0, we have the loaded-plate equation:

p1(x, y,0—) = pa(x, y, 0+)

= —w’psh&(x, y)+ DV*E(x, y) (22.300)

ER3

where D = ——.
12(1 —v2)

General Solution. The continuity conditions yields the

following equalities for the wavenumber components
ky=ki=k, and ky=k; =k,. (22.301)

Therefore the general solution of the problem can be
written in the form:

pi(x,y,2) = (Ale7kex 4 pleiki)
(AlLeky 4 Bletky) Bl eiki:
pa(x,y,2) = (A2e7ikex 4 B2eike)
(AZe0 4 B2e) 2ol
E(x,y) = (Cy e~k 4 p eikxx)
(Cye_ikyy + D, eikyy) i
(22.302)

where the constants A, B, C, and D depend on the initial
conditions. The wavenumbers in both fluids are written

2

2 W 2, .2, 412

klzc_2:kX+ky+kZ
1

and

2 w? 2,22, .22

ky=— =ki+ky+k; . (22.303)
)

From (22.296-22.303) we derive the dispersion equation
for the fluid-loaded plate

io? L1 4 £2
2 2
J%_@_@ J%_@_@

+D(K2+K2)’ —w?psh =0

(22.304)

and the expressions for the pressure fields

iwpicrk 222
o= P1C1K] £(x, y)e+1 kT —k3—k3z
[k —k2—k2

. w
with k= —,
Cl

1 ook i 22
by = ke ik

JB—k—i2

. w
with ky = — .
2

(22.305)

Equation (22.305) shows that the acoustic waves can

be either progressive or evanescent, depending on the

values of the wavenumber components & and k.
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Radiated Power. The mean acoustic power in the fluids
are given by

(#1) = Jis) 7 Re (p1[iwE]* ) dS
b e )
W7 P1C] f(S) € k%—k)z(—kg

x|&Cx, )7 ds,
(P2) = fis) 3 Re (p2[iw]*)dS

_ 1.2 ky
— —|—§a) 02C2 f(S)Re <ﬁ
B—12—12

x|&Cx, )7 dS .

(22.306)

The minus sign in ($;) follows from the fact that the
acoustic intensity vector in fluid 1 is oriented towards
the negative direction of the z-axis. The radiation effi-
ciencies o; of the plate in both fluids (with i € [1, 2]) are
defined as

o = | T2
" pici(V2)
with
1
w%=5/&@mwﬁw (22.307)
)
which gives
k.
o, =Re <—’> (22.308)
ke

These quantities represent the ratio between the amount
of acoustic energy radiated in fluid and the total kinetic
energy of the plate. Equation (22.308) shows that, if
ki is real, we have a propagating acoustic wave and
the mean radiated power is different from zero. In the
opposite case, the acoustic wave is evanescent and the
mean radiated power is equal to zero.

Particular Case of Two Identical Fluids. One particular
case of interest corresponds to the practical situation
where the plate is coupled to the same fluid on both
sides. In this case, the dispersion equation becomes:

2P

k2 — I

Diw —w*psh+Dki =0, (22.309)

where ky = kpcos6 and ky = kg sinf. kg is the flexu-
ral wavenumber coupled to the fluid, € is the angle of
propagation and k = w/c is the acoustic wavenumber.

For a plate vibrating in vacuo, the flexural wavenumber
is written

ko = wzpsh /4
FO = D

so that the dispersion equation can be rewritten

K 2i
E - 10 (22.311)
kFO )Oshkz

(22.310)

Light-Fluid Approximation. The light-fluid approxi-
mation corresponds to

2ip
pshk;
In this case, the wavenumbers are given by:

< 1. (22.312)

krp =kpo or kp=1ikpo. (22.313)

The case kr = kro corresponds to propagating waves. In
this case, the radiation efficiency becomes

1
o =Re<5>=_____
k; 2

1
1@ (22.314)

2 2

[12(1 -

with @ = — 20 =vHu
h E

=0 if w<aw.;

o
A '
15 :
10
5 :
% 1 2 3 4 5 6
wlw,

Fig.22.16 Radiation efficiency o for progressive flexural
waves in an infinite isotropic plate submerged in a light
fluid, o is the critical frequency
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o
A
2.0
1.5
1.0
0.5
0 >
0 1 2 3 4 5 6
w/w.

Fig.22.17 Radiation efficiency for evanescent flexural
waves in an infinite isotropic plate submerged in a light
fluid

w 1s the critical (or coincidence) frequency of the plate
coupled to the light fluid. For this frequency, the wave-
length in the plate is equal to the wavelength in the fluid.
For w > o, (kg < k), the flexural waves are supersonic.
The radiation efficiency tends to infinity as w tends to
. and tends to unity as w tends to infinity (Fig. 22.16).
o tends to infinity for v = w. because we are dealing
with an infinite plate.

For w < w,, the flexural waves are subsonic. The
radiation efficiency is equal to zero which means that
the plate does not radiate sound. This result follows
from the fact that acoustic pressure and velocity are in
quadrature.

The solution kr = ikpg corresponds to evanescent waves
in the plate. In this case, the radiation efficiency becomes

(k 1 1
o=Re|—

= = . (
k) 2 D¢

Equation (22.315) shows that the radiation efficiency
of a flexural evanescent wave increases with frequency
and tends to unity as the frequency tends to infinity
(Fig.22.17).

22.315)

Simply Supported Radiating Isotropic Plate

Equations of Motion. We address the problem of
structural-acoustic interaction for a 2-D, rectangular,
baffled, simply supported isotropic thin plate radiating
in air.

The system is described by the equations
4 %%
DV S(x’ Yy, t)+p§h_2(x7 Yy, t)
ot
= p(x,y,0—, ) — p(x,y,0+)
for 0<x<Ly and O<y<Ly,
S(O’ y? t) = S(Lxs y7 t) = E(xv 07 t)
=&(x, Ly, 1)=0,
£'0,y,0)=&"(Ly, y, ) =&"(x,0,1)
= %‘”(X, Ly7 t) = 0 ’
v(x, y, 04, 1) = —v(x, y, 0—, 1) = &(x, y, 1)

for O<x<L, and O<y<L,,

v(x,y,0)=0

for x ¢ 10, Ly[ or y¢& 10, Ly[,

v

—+Vp=0,
Por T 1p32

p

Vip———=0,

P= 2%

(22.316)
ER?

where / is the thickness of the plate, D = EI = SET(ES)
is the flexural rigidity factor, E is the Young’s modulus,
v is the Poisson’s ratio and ps is the plate’s density.
The transverse displacement of the plate is denoted
by &(x, y,t). The acoustic variables are the pressure
p(x, y,z,t) and the velocity v(x, y, z, ). p is the air
density and c is the speed of sound in air.

Eigenmodes in Vacuo. Solving the plate equations in
vacuo with simply supported boundary conditions yields
the eigenmodes

_ _ . mmx . qny
Gmn (X, ¥) = P (x)P,(y) = sin I Sin L

(22.317)

allowing the displacement to be expanded as follows
§(x,y, 1) = Z(pmn(xa VGmn(t)
m,n

= P (X)Pn(Y)gmn (1) . (22.318)

Defining the vectors

0"'=(qo1 q10 q11 - gMN) ,
and (22.319)

D' = (¢o1 P10 P11 ... PuN)
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(22.318) can be written

Ex,y,n=0'® (22.320)
which is similar in form to the 1-D systems studied
in Sect.22.5.1. In (22.318), the number of considered
modes (with indices M and N in both directions, re-
spectively) depends on the nature and frequency content
of the practical problem to be solved.

Calculation of the Radiated Sound Field Using
Wavenumber Fourier Transform. Using the spatial
Fourier transform enables the pressure on the plate sur-
face to be easily determined [22.36]. For any 2-D spatial
function f(x, y), the transform is defined by:

+00 +00

F(ky, ky) =/ /f(x,y)ei(k*‘”k)'y)dxdy,

—00 —00

Sx,y) = Wx
+00 +00

/ / F(ky, ky)e 0 Thd) e, dk,,

—00 —O0

(22.321)

This allows us to transform the wave equation for a har-
monic sound pressure in space as follows

+00 +00
f / (V2 +i)p(x, y, etV dedy = 0.
—0o0 —0O0
(22.322)
This leads to:
32
(kz—kﬁ—kﬁjt@)P(kx,ky,z)=0 (22.323)
with a solution given by
E(ky, k :
Pky, ky,z)= 70))0 (kx y) e_lkzz
J kZ
with
ky = /K> — k2 — k3, (22.324)

where Z(k,, ky) is the wavenumber transform of the
transverse plate velocity &(x, y). The complex sound
pressure in space is obtained by using the inverse trans-

form, so that

+00 +00

wp / / E(km ky)
@n)? k;

—00 —O0

p(x,y,2)=

x e ik Tyt g dk, . (22.325)
This equation can be solved by using the method of
stationary phase or the fast Fourier transform algo-
rithm [22.37].

Radiated Sound Power and the Radiation Impedance
Matrix. In the harmonic case, the total sound power
radiated by the plate is given by

1 +00 +00
Pa=3Re //p(x,y,o)é*(x,y)dxdy )

—00 —00

(22.326)

where (*) denotes the complex conjugates. Using Parse-
val’s theorem and (22.324) yields

B k)P

_ wp =Ky, Ky

= 55 Re //Tdkxdky
—00 —00

(22.327)

Notice that this last result is only valid for wavenumbers
such that , /k2 +k§ < k. Alternatively, the sound power

can be written in terms of the wavenumber transform of
the acoustic pressure, such that

1 2
P = Swpn? // | P(ky, ky)|” k;dky dky .
k3+k3 <k?

(22.328)

Using (22.320) for the plate velocity and @ (ky, ky) as
the wavenumber transform of @(x, y) yields the squared
modulus of the velocity field

|E (ky, ky)|* = | Q' D (ky, ky)|?

= QM@ (k. ky) @' (ks ky)Q .
(22.329)

Finally, substituting this resultinto (22.327), the acoustic
power can be written as

P, =0"R,0 . (22.330)
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0 X

Fig.22.18 Geometry of the thin isotropic baffled radiating
plate

The radiation impedance matrix R, is defined as

D*(ky, k)P (ky, ky
R, wp Re // (kx y) (kx ))dkxdky

~ 82 k2 — 12 — 2
X y
(22.331)

which generalizes the results obtained in (22.265) to 2-D
systems. Each element (R,);; of the matrix R, quanti-
fies the mutual radiation resistance resulting from the
interference between the fields of modes (m,n) and
(m', n"), respectively. If (m, n) = (m’, n’), we obtain the
self-radiation resistances, which are the diagonal terms
of the matrix R,. These terms can be written explicitly
as

(Ra)ij = (Ra)mn,m’n’

w * * v ’ / y
= _,0 Re // ¢m(kX) ‘pn(k})@m (kX) ¢11 (k}) dkx dky .
872 \/szkgfk'%

(22.332)

22.6 Damping

In this section, we start by summarizing briefly the
conditions for modal decoupling in discrete damped
systems, and the concept of proportional damping is
introduced. The modal approach is convenient for treat-
ing the case of localized damping (Sect.22.6.1). The
following example of a string with a dissipative end il-
lustrates the limit of the modal approach, and shows
that such a system cannot exhibit stationary solutions.
A physical interpretation is presented in terms of damped
propagating waves. Other authors use a state-space
modal approach to address the analysis of damped
structures [22.41,42].

The section continues with the presentation of
three damping mechanisms in plates: thermoelastic-
ity, viscoelasticity and radiation, with emphasis on
the time-domain formulation. The section ends with

For a baffled simply supported plate, the radiation resis-
tances become

mm'nn’ wpm?
(Ra)mn,m’n’ =

SLIL2
xRe ( J[[ om0 st Lyt

/(18 = om0 ' o)

(3 — (nm /Ly ][k — (n’ﬂ/Ly)2]>) . (22.333)

where the functions of the form f,,,/(kxL,) are given
by

Smm (kx Ly) =
2(1 —coskyLy,) for m even, m' even
2(1+coskyL,) for m odd, m’ odd
2isink, Ly for m odd, m’
—2isink,L, for m even, m’

even
odd
(22.334)

For the application of the radiation modal expansion to
active structural control of sound, see, for example, the
work by Gibbs et al.[22.38]. In a recent work, Kim inves-
tigated structural-acoustic coupling for active control
purpose, using an impedance/mobility approach [22.39].
Alternative techniques make use of multipole expansion
of the radiated sound pressure [22.40].

a brief presentation of friction, stick—slip vibrations
and hysteretic damping, which are often encountered
in structural damping models.

22.6.1 Modal Projection in Damped Systems

Discrete Systems
For a linear system with multiple degrees of freedom,
with a dissipation energy of the form

1

&p = 3 Xcx, (22.335)

where C is a symmetric damping matrix with positive
elements, the equations of motion can be written as

MX+CX+KX=F. (22.336)
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Denoting the eigenfrequencies and eigenfunctions of
the associated conservative system by w, and ®,, re-
spectively, we use the expansion X =73, @, (1).
Denoting by &g, the intermodal coefficients, the gener-
alized coordinates are governed by the system of coupled
differential equations

.. . /i )
Gn +2wn8ngn +wﬁqn = m—n — 2wy Z Cnmm -
n m#n
(22.337)

Weakly Damped Systems. In the case of weak damping,
a first-order development of both the eigenfrequencies
and eigenvectors of the form

W= +Aw, ; ®,=,+ AP, (22.338)

in (22.336), with F = 0, leads to the matrix equation

(K—2M)A®, +w,(—2A0,M+C) &, ~ 0
(22.339)

from which we get:

Awy ~ilwy . (22.340)

Equation (22.340) yields two significant results:

1. The correction frequency is purely imaginary. As
a consequence, the eigenmode is transformed into
a damped sinusoid of the form e’ e=én@n?

2. To first order, the correction frequency is indepen-
dent of the intermodal coefficients, thus the damping
matrix is diagonal.

The perturbation of the eigenvectors due to damping
is given by

AB, =" oy
m#n

with

2
n . (22.341)

Am 18mn oy, (C()% — 0),2”)

Consequently, in the presence of damping, the eigenvec-
tors become

. ;mn
@', = @, +2im,0? § 3
n n nWy m " (0),21 — 0),2,,)

m#n

Equation (22.342) shows that

1. If the eigenfrequencies of the associated conser-
vative system are sufficiently different from each
other then, to first order, the perturbation of the
eigenvectors are of the same order of magnitude as
the intermodal damping ¢, If w, = w,,, terms of
the form @2 —w?, in the denominator can lead to
significant corrections.

2. The correction terms for the eigenvectors are also
purely imaginary. Thus, the eigenmodes are no
longer in phase (or in antiphase) as for the conser-
vative case.

Proportional Damping. The system can be decou-
pled without any approximations if the damping matrix
can be written in the form of a linear combination
of mass and stiffness matrices C = oM + K where
«a and B are real constants. This corresponds to the
so-called proportional damping case. In this case, we
obtain

.. . i
Gn +2w0,8nqn +w24n ===
mpy
with
o Bwy,
= 22.343
n 20 3 ( )

We therefore obtain a frequency-dependent modal
damping that decreases with frequency below
w = 4/a/B, and increases with frequency above this
value. This damping law does not correspond to partic-
ular physical phenomena, but is rather used for practical
mathematical considerations. It can be useful in some
cases for fitting experimental curves over a restricted
frequency range.

Localized Damping in Continuous Systems

In some applications, the damping of the vibrations of
continuous systems is localized at discrete points of the
structure. In this section, this problem is illustrated by
the case of a string of finite length L with eigenfre-
quencies w, and eigenfunctions @,,(x). A fluid damping
term is introduced at position x = xg, with 0 < xog < L,
so that this term is of the form —Ry(x, 1)6(x — xo). The
equation of motion can therefore be written

92 9
p(x)S(x)Wy +Ra—);5(x—x0)
9 [T(x)a—y] = f(x,1). (22.3uL)
ox ox
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Applying the usual scalar products, we can write

L
> im0 / By ()P (x) p(x) S(x) dx
0

m

L
Y dnl0) [ RO x0)0 (00,00
m 0

- (r)/ch ( >1(T< )d‘p’”(x))d
- dm n(X dx X dx X
0

L

= / Dp(x) f(x, t)dx .

0

(22.345)

The generalized displacements are governed by the
equations
Jn

Gn + 2wy Z CnmGm +wiQn = m— s
. n

(22.346)

where the intermodal coefficients are written here

R D
Com = 1n(x0) @ (x0) ) (22.347)
2my wy,
For weak damping, we have
G 200 Enn + @2 qn = n]:—” : (22.348)

n

where the modal damping coefficient are given by

_ R®Z(xo)

Cn = (22.349)

2m, wy,

Example. For ahomogeneous string rigidly fixed at both
ends, we have: @, (x) = sink,x and w, = ck,, =nmc/L.
With a damper fixed at position xo = L /2, we get {, =

02
M' Two cases can be differentiated:
yren

1. Ifnisodd, sin?(n7/2) =1 and ¢, = %
2. Ifniseven, ¢, =0.

In this case, only the odd modes are damped.

String With a Dissipative End. The case of a dissipa-
tive end is slightly more delicate to handle since the
dissipation is localized at a boundary, and thus is di-
rectly involved in the definition of the eigenmodes. The
equations of the problem are
92y 92y
pSaﬂ Tax2 =0 (22.350)

with the boundary conditions

a a
v0,0=0 and T, 1)=-RZ(L,1).
ox ot
(22.351)
One strategy consists of looking for complex solutions

of the separate variables y(x, ) = f(x)g(¢). The time
dependence is assumed to be of the form

g(t)y=A e+ Be" (22.352)

with A, B and s € C. Inserting (22.352) into (22.350),
we find that f(x) is of the form

f(x) _ Ce—sx/c+ Desx/c

I T
with ¢=_|—,
pS

where C and D € C. The boundary solution at x =0
yields C = — D. The boundary condition at x = L yields
two possible cases:

(22.353)

sL .. sL
cosh — = rsinh— and B=0,
c c

(22.354)

sL .. sL
cosh— = —rsinh— and A =0,
c c

where r = R/Z. and Z. = T/c is the characteristic
impedance of the string. Defining s = iw+ o, we find
two sets of solutions depending on whether R is larger
or smaller than Z..

1. Forr<1,

wL al
cos— =0, tanh— =rand B=0,
c c
wL al
cos— =0, tanh—=—rand A=0.
c c
(22.355)
2. Forr>1,
L L 1
sinw—:O, tanha—:—andeo,
c c r
L 1
§in®L =0, ftanh = =—-and A=0.
c r
(22.356)
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Magnitude (arb. units)
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String length
Fig. 22.19 Temporal evolution of a string with one dissipa-

tive end

We focus on the case r > 1. Defining a = AC and b =
BC, and taking (22.355) into account, we obtain

Yo =ey ayenr!
n
x (e—(iwn+a)x/c _ e(iwn+a)x/c)

+ efott § :b” eiwnt
n

% (e_(iwn—ot)x/c _ e(iwn —Ot)x/C) (22357)

which can be rearranged, in condensed form, as:

y0x, 1) = e [ef”x/"F(er f) - e‘”‘/"F(t - f)]
C C

(22.358)
with
F(t) — Z (an e—iwnt _ bn eiwnl) .

n

(22.359)

The complex constants a, and b,, are determined by the
initial conditions of the problem. It can be shown that
(22.359) yields a real function F'(¢). Several conclusions
can be drawn from this example:

1. The mechanical resistance R yields a decay time 1/«
which is independent of frequency.

2. The term in square brackets in (22.358) corresponds
to two traveling waves in opposite directions with
different amplitudes, except at x =0 where the
rigidly fixed boundary condition must be fulfilled.

As a consequence, we cannot get a steady-state
solution.

In conclusion, as shown in Fig. 22.19, the string with
a dissipative end cannot exhibit stationary wave solu-
tions. We cannot make reference to nodes and antinodes,
since the points of maximum (and minimum) amplitude
are moving with time, though first-order approximations
can be made for weak dissipation.

22.6.2 Damping Mechanisms in Plates

In vibrating structures, the dissipation of energy is partly
due to radiation, and partly due to other internal damping
mechanisms such as thermoelasticity and viscoelasticity.
The relative prominence of these mechanisms is depen-
dent on the material. In this section, models for these
three mechanisms are briefly reviewed in the particular
case of free rectangular plates, for which the losses at
the boundaries are neglected.

Thermoelasticity

Thermoelastic damping affects the vibrations of plates
with significant thermal conductivity, such as metallic
plates. A model for such damping can be derived from
the equations that govern the coupling between plate vi-
brations and the diffusion of heat [22.43,44]. Here, the
method previously used by Cremer for isotropic bars is
extended to orthotropic plates to derive the expressions
for the complex rigidity constants [22.20]. The tem-
perature change 6 is assumed to be sufficiently small,
so that the stress—strain relationships can be linearized.
The plate is located in the (x, y) plane and is subjected to
transverse flexural vibrations. w(x, y, t) is the transverse
displacement. The stress components are given by:

D,
Oy = —122 Diw xx + 7w,yy —¢0,

D;
Oyy = =122 Daw,yy+ —~wan | =650

Oyy = —62D4w yy , (22.360)

where ¢, and ¢, are the thermal coefficients of the ma-
terial. In the particular case of an isotropic material, we
have ¢ = ¢, = ¢. Equation (22.360) has to be comple-
mented by the heat diffusion equation. Assuming that 6
only depends on z, we have

KQ,ZZ — pCSO = —ZTOS(¢xw,XX +¢yw»W) ’
(22.361)

where Tj is the absolute temperature, C is the specific
heat at constant strain, and « is the thermal conductivity.
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It is assumed that 6(z) is given by an equation of the
form [22.20]

6(2) = Oy sin 2= hoh (22.362)
z)=6psin—forze|—=, - |, .
0" 22
which takes into account the fact that there is no heat
transmission between plate and air. Through integra-
tion of zoj; over the thickness i of the plate, one
obtains, in the Laplace domain, the relationship between
the bending and twisting moments M;; and the partial
derivatives of the transverse displacement w of the plate.

The rigidity factors are now complex functions of the
form [22.45]:

Bi(s) =Dy +¢2—2— |
1+71s
Di(s) = Dy + 2y —2
s) = , ,
2 2 x Py 1+1s
~ SC
Ds(s) = D3 + ¢2 .
3(5) 3+¢>1+rs
Dy(s) = Dy , (22.363)

where the thermoelastic relaxation time t and the ther-
mal constant ¢ are given by
pCh? 8Toh?
T= 5 and ¢ = -
KT KT

(22.364)

As a consequence of (22.364), the thermoelastic losses
decrease as the thickness 4 of the plate increases. Notice
also that Dy is real. As a consequence, the particu-
lar flexural modes of the plate, such as the torsional
modes, which involve this rigidity factor will be rela-
tively less affected by thermoelastic damping than the
other modes. In other words, the thermoelastic damp-
ing factors depend on the modal shapes [22.46]. The
complex rigidities can be rewritten in the form

Di(s) = D; [1+di(s)]
SR,'

=Di|1+——
I

:|, i=1[1,2,3],

Da(s)= Dy . (22.365)
Because the thermoelastic damping is small for most
materials, the d;;(s) can often be considered as pertur-
bation terms of the complex rigidities. For convenience,
these terms are written in (22.365) using the following

nondimensional numbers

8Tyt
= 74DipC’

_ 16T0¢x¢y .
N 74D3pC

8To¢§

=2 22.366
3 T D3pC ( )

The decay factor 1/7 is written here in the form c1 /A2 in
order to highlight the fact that this factor is proportional
to the inverse squared thickness of the plate.

Viscoelasticity
A large class of materials is subject to viscoelastic
damping [22.47]. A convenient method for representing
viscoelastic phenomena is to use a differential formu-
lation between the stress o and strain & tensors of the
form

N Y ove
w=1 v=1

As a consequence, the differential equations involv-
ing the flexural displacements and moments in thin
plates contain time derivatives up to order N. By taking
the Laplace transform of both sides in (22.367) and in-
serting it into the plate equation, one obtains the complex
rigidities due to viscoelasticity:

. 1+Z{,v:1 5" piv

; .
1+ Zlu\;lzl S qy
(22.368)

Di(s) = Di[1 +diy(s)] = D

Equation (22.368) is a particular class of representation
for the complex rigidities. The operator is bounded by
the condition [22.48]

gy #0.

Another restrictive condition on the coefficients in
(22.368) follows from the fact that the energy for de-
forming the material from its initial undisturbed state
must be positive. For a generalized viscoelastic strain—
stress relationship, the Laplace transform is given by

Gij =Y au($)eu -
k,l

(22.369)

(22.370)

Gurtin and Sternberg [22.48] have proven that one
necessary condition for the model to be dissipative is

Im[X;;a;(iw)X] >0 for w>0 (22.371)
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for any real symmetric tensor X;;. For the viscoelastic
orthotropic plate model, (22.371) together with (22.368)
yield the following conditions

pin >0, psy>0%, pan>0,
D; pon?

—— >0.

4D D3
As for thermoelastic damping, if the viscoelastic losses
in the materials are sufficiently small, the corresponding
terms can be viewed as first-order corrections to the
rigidity.

(22.372)
PINP3N —

Time-Domain Model of Radiation Damping

in Isotropic Plates
In this section, an approximate time-domain model for
isotropic plates is presented that takes the effect of
radiation into account. The leading idea is to use a differ-
ential operator for the radiation losses (i. e., a polynomial
formulation in the Laplace domain), similar to that pre-
sented in the previous paragraphs for thermoelastic and
viscoelastic damping. Experiments performed on freely
suspended plates show that in the low-frequency do-
main (i.e., below the critical frequency), viscoelastic
and/or thermoelastic losses are the main causes of damp-
ing [22.45]. Above the critical frequency, damping is
mainly governed by radiation.

The equations that govern the flexural motion
of an isotropic plate surrounded by air are given
in (22.316). For a travelling wave of the form
w(x, y, 1) = W(x, y)expli(@r — k.x)], where k is the
wavenumber and @ = w + i« is the complex frequency,
one obtains the dispersion equation

20a 1 Dh?

(22.373)

With the assumption of a light fluid, one can derive the
radiation decay factor ¢ from (22.373) by reformulat-
ing this equation through the introduction of a rigidity
modulus D of the form

D~D<1 2oac 1 )
- weph /2 — 22

with
2 P
we=c" | ——
‘T VhmD
and
w
2=—". (22.374)
(O

Damping factor (s™)
200]

150

100

50

0 2 4 6 8 10 12
Frequency (kHz)

Fig.22.20 Comparison between damping model (solid
line) and measurements (o) for a free rectangular aluminum
plate. Damping factors (in s~!) as a function of frequency
(in kHz). (After Chaigne et al. [22.45])

The complex rigidity D can be rewritten in the form of
a third-order Padé development:

2pac Ziz:l bm(wic)m
weph Zizoan(i)n
=D[1+d:(s)]

ﬁ(s)éD<l+

(22.375)
with

ap=1.1669,a; = 1.6574 ,

ap)=1.5528 ,a3=1,

b1 =0.0620, b, =0.5950,

b3 =1.0272.

Figure 22.20 shows a comparison between this asymp-
totic model and experimental data in the case of an
aluminum plate. The present formulation of radiation
damping cannot be easily generalized to anisotropic
plates where the dispersion equation depends on the
direction of wave propagation [22.14].

22.6.3 Friction

Elementary 1-DOF Oscillator

with Coulomb Damping
The Coulomb damping corresponds to the simple mod-
eling of a friction force applied to a solid sticking and/or
sliding on dry surfaces. Figure 22.21 shows a 1-DOF
oscillator subjected to Coulomb damping. For an initial
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Mg

d&/dr

M

— >
Fy=uaMg

Fig.22.21 One-DOF oscillator subjected to Coulomb
damping

displacement £(0) = &, the motion of the mass M can
occur under the condition that the restoring force K&
due to the spring is larger than the static friction force
Fs = nusMg, where ug is the static friction coefficient
with 0 < ug < 1. After the motion has started, the mass
is subjected to a dynamic frictional force Fq = pugMg
where g < ps. This force is in the opposite direction
to the velocity, so that the equation of motion can be
written [22.12]

d? d
Md—g—i-Fd sgn< (f)—i—KE 0

(&)
where sgn| — | =
dr

During the initial part of the motion, we have

‘&IJ%

(22.376)

gls

2
itf +wgE = % (22.377)
whose solution is
&)= (%‘0 - &> cos wot + E
K K
for 0§t§t1=1. (22.378)

wQ

The solution (22.378) remains valid until the time 7| =
1 /wo where the velocity reduces to zero. At that time,
the displacement is &£(t1) =& =2F3/K —§&p. If K& >
s Mg, then the motion is governed by

42
dtf +a)0§ = —a)OI;{d (22.379)
whose solution is
&)= (50 - 3E> cos wot — &
K K
2
for H<t<tHh=—. (22.380)

wQ

At the time 1 =2m/wg, the displacement is
E(t) =& =&y —4F3/K. The motion decreases lin-
early with time and the equation of the envelope is
& — (2Fg)/(mv/ KM)t. The motion stops abruptly at
time #,, where &£(¢,,) < s Fa/aK.

Stick=Slip Vibrations
A number of acoustic sources are due to frictional ef-
fects [22.49]. The sounds produced can be perceived as
noise (such as squeal) or music (like for violin bowed
strings). In all cases, the vibrations are the result of
self-sustained oscillations. The simplest example of such
systems is a 1-DOF oscillator whose mass is resting on
a belt moving at constant velocity V (Fig. 22.22).

The equation of motion of such an oscillator can be
written in a general form

ME+ RE+ K& = F(vy, £)
Vo—§&.

The previous Coulomb model presented in Sect.22.6.3
does not account for the energy exchange between os-
cillator and belt. One widely used semi-empirical model
assumes a friction force F(t) < Fy = usMg during the
sticking phase, while the sliding frictional force de-
creases with relative mass-belt velocity (Fig.22.23).
Various mathematical formulations have been proposed
for such frictional forces. Leine et al. [22.50], for exam-
ple, make use of the following model

with v, = (22.381)

F(§) =min(|K§][, Fs) sgn(K§),
F(op. €) vy =0 stick,
vl‘v =

Fa = T

vy #0 slip,

(22.382)

where § is an arbitrary constant. In fact, the energy ex-
change depends on many factors: material properties,

R

-—
Vo

Fig.22.22 One-DOF oscillator in stick—slip vibrations
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Fig. 22.23 Typical frictional force versus relative mass/belt
velocity

surface roughness, thermal properties of the mater-
ials in contact [22.51], etc. See, for example, [22.52]
and [22.49] for a review of friction models.

A periodic oscillation can be obtained for specific
ranges of belt velocity and friction parameters. In many
cases, such a complex system leads to bifurcations and
chaos [22.53].

22.6.4 Hysteretic Damping

Hysteretic damping is a widely used model of structural
damping. In the frequency domain, it corresponds to
the case of a frequency-dependent dashpot that leads to
a loss factor independent of frequency. Recall that the
loss factor 1 is defined as the ratio between the energy
lost in the system during a period and the maximum of
the potential energy [22.54]. For a 1-DOF system, the

22.7 Nonlinear Vibrations

Nonlinearities in structures can be either due to non-
linear properties of the material or to large amplitude of
vibration affecting the equations of motion. We limit our
attention to this latter case, which is called geometrical
nonlinearity. The most frequently encountered nonlin-
ear terms are cubic and quadratic. These nonlinearities
are responsible for many important phenomena: exis-

equation of motion is written in the frequency domain
as
[—Mo® +iwR(w)+ K15 (w) = F(w) (22.383)

or, equivalently,

{ — Mo+ K[l +in sgn(w)] }E(a)) = F(w).
(22.384)

This formulation accounts for steady-state oscillations
of the system. However, its major drawback follows from
the fact that the corresponding time-domain description
is not causal. In the frequency domain, the dashpot force
is Fg(w) = iwR(w)E(w) =1Kn sgn(w) & (w). Taking the
inverse Fourier transform of Fy(w) yields [22.54]

) +o0 +o0
fd(t)le—)7 / sgn(w)ei“”dw/S(r)e*i“”dt.
2
(22.385)

Inverting (22.385) yields the displacement of the mass

. +00
1 elwt o
&)= K7 / en(@) dw / fa(m)e @tdr .

—0o0

(22.386)

Selecting, for example, f4(¢) = &(¢) where §(¢) is the
Dirac delta function leads to

1

1
§)=——-

(22.387)
wKnt

—00 <t <+00
which is clearly not causal, since the response anticipates
the excitation [22.54]. Thus, hysteretic damping is gen-
erally not appropriate in the time domain, and one has to
find other strategies for modeling frequency-dependent
damping while preserving the causality.

tence of harmonics of the excitation frequency in the
response, combination of modes, jumps and hysteresis
in response curves, instability and chaos. The purpose
of this section is to introduce most of these properties
for simple systems: single and coupled nonlinear os-
cillators. Finally, a number of nonlinear equations for
continuous structures are briefly reviewed.
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22.7.1 Example of a Nonlinear Oscillator

Equation of Motion
To introduce the fundamental concepts of nonlin-
ear vibrations, we start with a simple example of
a nonsymmetrical oscillator: the interrupted pendulum
(Fig.22.24). The oscillator consists of a point mass m
suspended by a massless thread of length L and sub-
jected to gravity g. The length of the thread varies with
time, as it moves around the pulley of radius R [22.55].

The equation of motion can be derived from the
Lagrange equations (Sect.22.2). Selecting the angle 0

Fig. 22.24 Interrupted pendulum (After Denardo [22.55])

Displacement 6 (rad)
A

0.6
0.4

0.2

-0.2

-0.4

0 2 4 6 8 10
Time ¢ (1/wq)

Fig.22.25 Interrupted pendulum (after Denardo). Wave-
form: exact solution (solid line). Perturbative solution to
the third order (dashed line)

between the vertical axis and the actual direction of the
thread as the parameter of the system, the kinetic energy
is written Ex = 1/2m(L — R6)*#* and the equation of
motion becomes

6+ sin9:p%(99), (22.388)
where a)(z] =g/L and p=R/L. As R tends to zero in
(22.388), we find the well-known equation for a pendu-
lum where the only nonlinear term is due to sin6. The
nonlinear right-hand side member of the equation is due
to the rigid support. The validity domain of this equa-
tion is 6 € [0, Omax] Where Omax = min (1/p, 7/2). We
assume that the pendulum is released at time ¢ = 0 from
its initial position 6y with zero initial velocity.

Resolution with the Harmonic Balance Method
It is observed experimentally that the solution is pe-
riodic for small amplitudes with p < 1, with a period
of oscillation that depends on amplitude (Fig.22.25).
With increasing amplitude, the solution departs more
and more from the linear harmonic reference motion.
This encourages us to look for solutions of the form

6  =eAcoswt+e’Bcoslwt
+&3C cos 3wt +. ...
= &b +8292+8393—|—. ..
o = wé+8w%+82w§+s3w§+. ..
In (22.389), the solution is expanded in the form of

a Fourier series, where the amplitudes of the expansion
terms are proportional to increasing powers of a nondi-
mensional parameter ¢ < 1. Similarly, the frequency w
is expanded in terms of increasing power of €. The ba-
sic principle of the harmonic balance method used here
for solving this nonlinear equation consists of insert-
ing (22.389) in (22.388) and matching sinusoidal terms
to calculate the unknowns (A, B, C, wi, wy, w3) from
the equations, obtained separately for each power of
& [22.55]. An example up to the third order in ¢ is given
below. We start by defining a nondimensional time vari-
able T = wt. Limiting the development of sin@ to the
third order, we obtain

d%o d(, do
2 2 3 2
0—67/6) = 0 .
10} dr2+w0( /) P dt( dT)

(22.389)

(22.390)

Inserting (22.389) in (22.390) and equating terms of
equal power in &, we find

d’e
?21+91 =0 (22.391)
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whose solution is 6}
dure applied to the term in &

426, w? d /. do
—— tth=—=0+p—|0—|.
1) dr

= A cos wt. With the same proce-
2_ one obtains

(22.392)

Equation (22.392) yields the following relation

w?

—3Bcos2t = lAcosr pAZCOSZ‘L'.
w?
0

(22.393)

Using the harmonic balance method for each component
nt leads to
A2
=0 and B= P .
3
At this stage, (22.394) shows that the pulley is responsi-
ble for a nonlinear quadratic perturbation. To first order,
the quadratic nonlinearity has no effect on the frequency.
However, extending the calculations to the third order in
&, we get
d%0; 0} &

5z 0= 201+ o Trg7010).
0

(22.394)

(22.395)

Using the harmonic balance method in (22.395) now
yields

A3

C= 192(36,0 —1)
and
2 2
@ _A4 -
w2 —(4p*-3). (22.396)

In summary, by defining 610 = €A as the amplitude of
the fundamental, we find the third-order perturbation
solution

2

0
6 =60jpcos wt + o cos 2wt
NI
and
0}
2 2
—(4p° =3
o =aife G-

The following comments can be made:

® To third order, 6 is linked to the initial angle 6y by
the relation:
3

9 0
O ~ 010+ —2 + (36p> — 1)L . 22.398
o >~ 010+ —— ) +( )192 ( )

® Figure 22.25 shows that the third-order approxi-
mation yields a good estimation of the period. In
addition, the waveform is also correctly predicted
for 6 > 0. However, the estimation is less good for
6 <0.

® Forp=0,wehave w >~ wy(l — 9120/16), and the term
cos 2wt is equal to zero. The system exhibits a cubic
nonlinearity due to gravity.

e For 0 < p <+/3/2, the oscillation frequency de-
creases as the amplitude increases. A softening effect
is obtained.

e For p > +/3/2, the oscillation frequency increases
with amplitude we have an hardening effect.

e For p =+/3/2, it is observed that the frequency is
independent of the magnitude. The softening effect
due to gravity is compensated by the hardening effect
due to the rigid pulley. This result remains valid up
to fourth order.

Many of the nonlinear effects derived for this simple
oscillator, such as amplitude-dependent frequency and
softening/hardening effects, are found in more-complex
systems.

22.7.2 Duffing Equation

A number of nonlinear vibrations are governed by the
Duffing equation. This presentation starts with the ex-
ample of an elastic pendulum. General results for this
cubic nonlinearity are then discussed.

Elastic Pendulum
To illustrate the Duffing equation, the elastic pendulum
shown in Fig. 22.26 is considered [22.56]. The mass M
moves horizontally due to the harmonic force F cos §2t.
Two springs with stiffness &, and length Lg at rest, are

Fig.22.26 Elastic pendulum
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stretched to the length L when attached to the mass. The
displacement of the mass from its equilibrium position
is x. We introduce the dimensionless parameters A =
Lo/L <1 and y = x/L. During the motion, the actual
length of the spring is I(y) = L+/1+ y? and the elastic
potential energyis V = 1/2k(l — Lo)>. By differentiating
this expression with respect to y, the elastic force is
obtained from which the equation of motion for the mass
is derived

Md2y+2k 1 * F 2t
= — —F————= | = — COS .

(22.399)

With the additional assumption of small amplitude
(Ymax < 1), and defining further a% = 2k/M we obtain
the first-order approximation

d2
LR -ay+

2
[Or98 F
a2 Lyg’ = —— cos £2t

2 ML
(22.400)

which can be written in nondimensional form, after
defining T = wt with w? = a)%(l —Mand y = 2/w, as
&y vty

— = CcosyT,
oz Tty T

where n=1/2(1—2)) and o« = F/MLw?*. Equation
(22.401) is a forced Duffing equation with a hardening
cubic coefficient (n > 0).

(22.401)

Forced Vibrations
We consider the case where n > 0 and o defined in
(22.401) are small compared to unity. By analogy with
the linear case, a first approximation of the solution
is y1(t) = A cos yt, where A is the unknown. Inserting
y1 into (22.401), we get the differential equation that
governs the second-order approximation y>(¢)

d2
d_yzz = —Acos yr —nA> cos® yr +acos yt .
T

(22.402)
Using the equality 4 cos® yt =3 cos yt +cos 3yt and

selecting the appropriate origin of time to avoid constant
terms, we get

A+3nA3/4 —a nA3
n(t) = — YT+ 36,2

cos 3yt .
(22.403)

Using the method originally used by Duffing, we look
for the value of A that is equal to the lowest terms of the

0 >
0 1 2

Y
Fig.22.27 Frequency response curve of the undamped
Duffing equation with n > 0. y = §2/w is the reduced
frequency

series in (22.403), which yields:

3nA3
(l—yz)A+nT:(x.

(22.404)
In order to plot the resonance curve, this can be written
as

3nA? o
2

—1= +—. 22.405
v =D 1 Al ( )

With « = 0, the free regime is obtained. For o # 0, two
branches of solution are obtained, depending on whether
A is positive or negative. A nonlinear oscillator of the
hardening type is obtained here, since the resonance
frequency increases with the amplitude (Fig. 22.27).

Duffing Equation with a Viscous Damping Term. With
the introduction of a viscous damping term, we obtain
the nondimensional equation

d? d
_y+5_y+y+ny3=acosyr_ (22.406)
dr? dr

In this case, the response curves are governed by the
equation

2
3nA3
e (22.407)

4

|:(1—y2)A+ ] +p2A2 =42

which corresponds to the curves shown in Fig. 22.28.
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Fig.22.28 Response curves of the damped Duffing equa-
tion

Jump and Hysteresis. It can be seen from Fig. 22.28 that
a frequency range exists where three different values for
|A| correspond to one single value of the reduced fre-
quency y. Only the two extreme solutions are stable,
while the intermediate value is unstable. As a con-
sequence, on decreasing or increasing the frequency,
a jump phenomenon is observed at points correspond-
ing to the vertical tangents. The hysteresis cycle include
these two jumps in addition to the stable portions of the
upper and lower resonance curves.

Generation of Subharmonics. An important property
of nonlinear oscillators is that they exhibit spectral com-
ponents that are not present in the forcing terms, and
which are also distinct from their eigenfrequencies. The
generation of subharmonics is examined here. The Duff-
ing equation with a forcing term at reduced frequency
3y is considered
d2

—§+y+ny3 =owcos3yt
dr

with n << 1. We look for solutions of the form

(22.408)

¥(1) = yo(r) +ny1(r) with y>=1+ny?.
(22.409)

By inserting (22.409) in (22.408) and eliminating the
higher-order terms in 1, we get

d*yo 2 2 &y 2 3
oz Ty Yo myivo by 0y iy nyg
=acos3yr. (22.410)

The linear solution (zero-order term) is obtained by
imposing n = 0 in (22.410), which yields:

d2
—y20+y2y0:acos3yr. (22.411)

dr
With the appropriate initial conditions, we obtain the
zero-order solution yo(t) = A cos yt + C cos 3yt with
C = —a/8y?. By pursuing the mathematical derivations
iteratively, we obtain the first-order approximation y;

d*y 2 2 3

a2 FYYVI=YIYo— Y -
Inserting the expression for yp(7) in (22.412) it is found
that y;(7) must be a solution of the equation

(22.412)

dz)’l 2
a2 +yn
3 302 Aa
— 2 2
_A|:]/1—Z<A +W—8—y2)j|008]/‘[

+terms in 3y, Sy, 7y, 9y. (22.413)

The first term on the right-hand side of (22.413) is
a resonant excitation term or secular term, which leads
to an infinitely growing solution. As such a solution
is not physically possible, this secular terms must be
eliminated, which leads to the condition:

) 3 e 302 Aa
Ty 64yt 8y2)
Equation (22.414) yields the condition of existence,

in terms of amplitude A and nonlinear strength n, for
subharmonics of order three

N (644%* — 8 Aay® +20%) = 0.

256
(22.415)

(22.414)

yo—yt—

Similarly, one can show that the Duffing oscillator can
yield superharmonics of order three. The method con-
sists of imposing a forcing term with reduced frequency
y and looking for the condition of existence of solutions
with frequency 3y.

22.7.3 Coupled Nonlinear Oscillators

Continuous systems and discrete systems with several
degrees of freedom subjected to large amplitude of mo-
tion show multiple nonlinear coupling effects. In this
section, we limit ourselves to nonlinear coupling be-
tween two oscillators, which represents a significant
step forward in terms of complexity compared to the
single-DOF nonlinear oscillator.
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Example of a Quadratic Nonlinear Coupling
Here, the case of a quadratic nonlinear coupling between
two oscillators is investigated using the multiple-scales
method [22.57]. The equations are:

=e(— Braxixa —2u1x1)
X +w%x2 = s( — ,lexf —2u2x2 + P cos .Qt) ,
(22.416)

where x; and xp are the displacements, w; and w;
are the eigenfrequencies of the oscillators in the lin-
ear range. The perturbation terms are grouped on the
right-hand side of (22.416). The nondimensional pa-
rameter ¢ < 1 indicates that these terms are small. The
quadratic nonlinear coupling is due to the presence of
the terms B12x1x2 and ﬂmx?. It is assumed that the sys-
tem has a so-called internal resonance in the sense that
wy = 2w] + €01, where o7 is the internal detuning pa-
rameter. The forcing frequency 2 is close to w> so that
we can write §2 = wy + g0y where o7 is the external de-
tuning parameter, and w1 and p, are viscous damping
parameters.

X1 +w%x1

Resolution with the Method of Multiple Scales
Solving the above equations involves calculating the am-
plitudes a; and a; of both oscillators as a function of the
external detuning parameter o2. Another goal is to de-
termine the values of the threshold in terms of amplitude
and frequency, at which the nonlinear set of oscillators
exhibit bifurcations and unstable behavior. The present
example contains most of the concepts and methods
used in the theory of multiple scales applied to nonlin-
ear oscillators. The main steps of the calculations are the
following:

1. Definition of time scales and general form of the
solution

Solvability conditions. Elimination of secular terms
Autonomous system and fixed points

Stability of the system

Amplitudes and phases of the solution

DA

Definition of Time Scales and General Form of the

Solution. The time scales are defined as
T;=¢/t with j>0 (22.417)

and the solutions are expanded into

x1(t) = x10(To, T1) +ex11(To, T1) + O(e?)

x2(t) = x20(To, T1) + ex21(Ty, Ti) + O(e?)
(22.418)

where the expansion is limited here to the first order in ¢.
The differentiation operators can be written

a a a

% =ﬁ+€ﬁ7

52 - 92 , 5 9 (22.419)
ﬁ —ﬁ"r‘ Sa_Toﬁ

In what follows, we write D; =09/dT;. Inserting
(22.419) into (22.416) and matching the coefficients of
terms with the same power in ¢ yields:

e for the zero-order term £ = 1

D(Z)xzo + w%xzo =0;
(22.420)

2 2 .
Dgx10 +wixio = 0;

e for the first-order term &:

2 2

Dyx11 + oix1i

= —2DyD1x10 — B12x10Xx20 — 2141 Dox10 ,
2 2

Dyxa1 + w3x21

= —2DyD1x0 — Ba1x,

—2pu2 Dox2g + P cos £21 .
(22.421)
The solutions of (22.420) can be written
x10(t) = A (TN + AF(Ty)e 1 ;
x20(1) = Ap(T)) ™ + A3(T))e 2 | (22.422)

where the (*) indicates the complex conjugate.

Solvability Conditions. In order to calculate the com-
plex terms A{(77) and A, (T}), the expressions (22.422)
are inserted into (22.421). Then, conditions are deter-
mined so that no secular terms, such as 7 cos wt, exist
in the solution. This leads to the so-called solvability
conditions:

0A ;
AL ) - froAf A =0,

—2iwq
Ty
0A :
i =2 + 112 Ay — By Ate i
0T
+£ei<72T1 _
(22.423)
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Equations (22.423) are usually written in polar form
AT =5

Ao(T)) = %2 el?2 | (22.428)
where the amplitudes a; and phases 6; are functions of
T1. Substituting (22.424) in (22.423) yields the system
that governs the slow temporal evolution of the response,
with scale T = et:

day  ar— Broaiaz
or, M T,
sin(oy Ty +6, —201) ,

00
aj R Proarax cos(o1 Ty + 6> —261) ,

0T 4w
day prad .
- = —u2a2+ sin(o1T1 + 602 —201)
JaT» 4wn

P
+—sin(o2 T —62),
27

002 pria?
— = — T+ 6, —260
a28T2 2o cos(o1Ty + 62 1)

P
———cos(02T1 —67) .
2w

(22.425)

Autonomous System and Fixed Points. Now, the sys-
tem is written in autonomous form, i.e. in the form
X = F(X). In practice, this is achieved with the changes
of variables y; = 0271 — 6, and y» = 01T + 6, — 26,.
As a consequence (22.425) becomes:

dar Cprar— Poaray .
oty 1ai V2,
% =0y — ,32111? cos Y2 + r cos
Ty 2 dwnan 2 2woan "
day pra? . P .
— = —2a2+ sinyy + ——sinyy ,
T MHaaz dan V2 2wn Y1
v _, _Pom o Barai cos
YD) ! 2w v2 4wnay ”
- cosyj .
2woan &
(22.426)

The fixed points correspond to the steady-state solutions,
which are those of interest in the case of forced vibra-
tions. These solutions are obtained through cancelation

of the time derivatives in (22.426), which gives:

Braaz
ai (Ml +
4wy

pria? P
0y — Ccos y2 +
dworan 2woan

sin yz) =0,

cosy; =0,

2
a

B . P .
—uaaz + siny, + —siny; =0,
2w7

21
4wy

B a% P
o1+ COS Y2 — COS ¥|
ar 2wran

cosyr =0.

Broaz
2
(22.427)

Imposing a; = 01in (22.427) yields the response curve a;
of the second oscillator in the linear case (Fig. 22.29)

P
= ——— (22.428)

2602‘/0224‘#%

Stability of the Nonlinear Coupled System. Intuitively,
a physically unstable system behaves in such a way that,
subjected to a small departure from equilibrium, its mo-
tion will never bring it back to its initial position but will
rather continue its deviation. From a mathematical point
of view, the deviations from an equilibrium position for
a system with multiple variables such as (22.427) are
calculated from the partial derivatives of each equation
with regard to all variables of the system. This leads to

Amplitudes a;, a,

A
40

30
20

10

0 d >
-50 —-40 -30 -20 -10 O 10 20 30 40 50
Detuning o,

Fig.22.29 Frequency response curves of the nonlinearly
coupled oscillators as a function of the external detuning
parameter
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the definition of the Jacobian matrix ¢ of the system:

af on an o
da; 0y dax Oy»
o o 0p of

da; dy1 dar 0
g — |2 oty (22.429)

da; 0y dax Oy»

s Ofs Ofs Ofs
day 0y1 Oay 9y

In our case, the eigenvalues of this Jacobian are

Al =—p2+ioy;
A= —pp—ioy;
Broax . (22.430)
A3 =— siny, —puy;
4w
Broaz .
Ay = sinyy .
2w

The system is unstable if the real part of any one of
these eigenvalues is positive. In (22.430), the real parts
of A1 and A, are negative, because of the damping
term po. However, calculating the product of the two
other eigenvalues yields

2 2
a . as .
A3Ag = —% sinyy — '312 22 sin? V2.
2w 8w

1
(22.431)

This product can be negative, leading to an instability, if

a > —— /4t + (o1 + )2 . (22.432)

Iﬂl

The instability domain corresponding to (22.432) is the
shaded area in Fig. 22.29.

Amplitudes and Phases of the Solution. Solutions for

the nonlinear coupled system are obtained by combining
(22.422) with (22.424), taking the definitions of 77, o7,
o7 y1 and y; into account. We then obtain

X100 =ajcos(wit+6;)
Nty
)

= aj cos (%t— ,
Xo0 = apcos(wat+6p) = ancos (.Ql — )/1) ,

(22.433)

where, by solving the system (22.427), the amplitudes
of the oscillators are given by

2a)1 N
a» = Bl (01402)> +4u?
12
ai _2[ PZ/(4521) ] / ’
ith I 2“’ (01 402)]
wi | = o (o) +02)]
1312,321
2wiwy
and > = [2u102 — po(op +02)] .
12821

(22.434)

Equation (22.433) shows that, for steady-state oscil-
lations, the forcing frequency 2 is the same as the
oscillation frequency of the second oscillator whereas,
for appropriate conditions of instability, the first one os-
cillates with frequency £2/2, as a result of the nonlinear
coupling. Figure 22.29 shows the resonance curves of
the coupled nonlinear oscillators as a function of o73.
By increasing this parameter progressively, successive
phenomena occur:

1. First the resonance curve is that of the second oscil-
lator. No subharmonics are observed as long as the
amplitude remains below the instability region.

2. Asthe amplitude of the second oscillator reaches the
instability limit given in (22.432), the first oscillator
starts to oscillate. In our example, its magnitude a;
is larger than as.

Amplitudes (mm)
A

0.12]
0.10
0.08
0.06
0.04

0.02

0 A o 0AD-6-05 PAPAPN

219.4 219.6 219.8 220 2202 220.4 220.6 220.8 221.0
Excitation frequency (Hz)

Fig.22.30 Experimental response curves for two nonlin-
early coupled degrees of freedom of a harmonically forced
spherical shell (after Thomas et al. [22.19])
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3. As the amplitude reaches the top of the resonance
curve 1, it suddenly jumps back to the resonance
curve 2, and oscillation at £2/2 disappears.

4. Following the frequency axis in the reverse direction,
similar phenomena are observed, although the jumps
do not occur at the same frequencies. Also the values
of the instability thresholds are different.

To illustrate this theoretical part, Fig. 22.30 shows an
example of experimental results for nonlinear coupling
between two particular degrees of freedom of a spher-
ical shell with free edge subjected to large-amplitude
motion [22.19].

22.7.4 Nonlinear Vibrations of Strings

As an example of nonlinear coupling in a continu-
ous system, the forced vibrations of a homogeneous
elastic string is examined. Following the presenta-
tion by Murthy and Ramakrishna, only the coupling
between the two polarizations y(x, ¢) and z(x, t) is pre-
sented [22.58, 59]. Other complicating effects such as
torsional and longitudinal motions are neglected. See,
for example, [22.60] for a more complete description of
the nonlinear vibrating string.

Equations of Motion
As aresult of the initial tension Ty applied to the string,
the length of a small element dx increases by a rel-
ative quantity A, so that the actual length ds is given
by:

ds—dx=Adx. (22.435)

As aresult, for a string with a Young’s modulus of E and
cross-sectional area of A, the actual tension becomes

T=To+EAA. (22.436)

In the general case, we have ds = [dx2 + dy2 + dzz]l/z,
which, by means of a second-order development is
written

ds:d"{“%[z(ﬁ—i)ﬁ (g_”
_%Kg_)yc) +<§_i>} +] (22.437)

With the additional assumption that EA > Ty, the po-
tential energy of the string of length L rigidly fixed at

both ends is written [22.58]
L
T v\ 2 2
V:/ Doy, (&=
2 ox 0x
0
EA[ [dy 2 az\*1?
— | = — dx . 22.438
S G) (@) [l o

The kinetic energy of the string is given by

% L v\, (%)
Ek:?/{(@) +<5) }dx, (22.439)
0

Using Hamilton’s principle, and considering further that
a sinusoidal force f(x)coswt is applied to the string in
the y-direction, we get the coupled equations of mo-
tion, where the derivatives are written with subscripts
for convenience

c? d

= ?1 |:3)’xxy)2c + a (yxZJZC)i|

J )

+—=coswrt
"

2
Yt — CoYxx

2
‘] 2, 0 2
= |:3Zxxzx + (nyx)] ,
(22.440)
where co = /To/mu and c; = /EA/u are the trans-

verse and longitudinal velocities in the linear case. It
can be seen that the nonlinear terms on the right-hand
side of (22.440) are negligible, as long as the slopes
vy and z, are small. The terms on the left-hand side of
(22.440) correspond to the linear case. The coupling be-
tween the two polarizations is due to the presence of the
nonlinear terms. As a consequence, a force applied in the
y-direction can give rise to a motion in the z-direction.

2
21t — Cplxx

Forced Vibrations

Neglecting the nonlinear terms in (22.440) is generally
not justified near resonance. We assume that the ex-
citation frequency w is close to one particular (linear)
eigenfrequency w, = nmco/L of the string. If the cou-
pling between the modes is neglected (which might not
always be justified, see [22.59]) then the motion of the
string can be described, to a first approximation by

. nmx
y(x, 1) = apy sin - cos wt
and

. onmx
z(x, t) = ay; sin - sin wt . (22.441)
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This leads to the following relations between the ampli-
tudes a,y and a,,

9¢2 nrw 4
(“’3% ;a)z)any + 3—21(7) oy
T nw o
3_21(7)461'”61’%Z =% (22.442)
9% nw 4 '
((1);21 ;a)z)anz =+ 3—; (T) 312
T nw
Yy, =0,

where «;, is the projection of the excitation force onto
the nth mode of the string.

Planar Motion. The case of planar motion for the string
is obtained by setting a,; = 0 in (22.442). In this case,
the amplitude in the y-direction is governed by the
nonlinear equation

9% nm o
(a),zl — a)z)any + 3—21(T)4a3y = ;n

(22.443)

which is similar in form to (22.404), obtained in the case
of a discrete Duffing oscillator. Therefore, all properties
of Duffing oscillators of the hardening type presented in
Sect.22.7.2 can be transposed here.

Nonplanar Motion. Eliminating a,, between the two
equations in (22.442) yields first for a,,

3¢ nrw o
(0 = aJan, + 2L (), = 2

(22.444)

which is similar in form to (22.443) except that the
nonlinear term has increased by a factor of 4/3 compared
to the planar case. The second equation can be written
in the form:

, 16

273

2
e =y — = — (22.445)

2 4
ner(f) any
Equation (22.445) shows that the string can exhibit

nonplanar motion under the condition

1/3
16, /

ud ()]
This condition can be obtained either by increasing the

excitation force or by varying the frequency to come
closer to resonance.

any > At = ( (22.446)

22.7.5 Review of Nonlinear Equations
for Other Continuous Systems

Beams

In this paragraph, the influence of amplitude on the
flexural equations of beams is summarized. For more-
extensive developments, one can refer to the review by
Nayfeh [22.57]. The same notations as in Sect. 22.4.2 are
used. The case of a homogeneous beam with constant
cross section is considered. The plane cross sections
remain plane during the motion. The radius of gyra-
tion r = /I;/S is assumed to be small compared to the
wavelength so that transverse shear and rotary inertia
are neglected. We assume planar motion, and the losses
are simply modeled by a linear viscous term. Given an
arbitrary characteristic length wg, we can define the set
of dimensionless variables [22.57]

X w
f=—,w'=—,L"=—,

wo wo wo

r r |E

wo w3\ o

In this case, the nonlinear flexural equation of a beam
hinged at both ends is written in nondimensional form
(removing the asterisk for convenience):

rz(wtt + pw + wxxxx)
L
1/ Tdx + fx,0)
=—[w w x, 1),
2L ¥ xx

0
where p is the dimensionless viscous damping param-
eter, and where the indices refer to the derivatives.
Equation (22.448) shows that the nonlinear term is due
to the increase in axial tension consecutive to large-
amplitude motion. Expanding the solution on the linear
eigenmodes w(x, 1) = Z @, (x)gn (1), we obtain, for the

(22.448)

special case of the hingned—hinged beam, the following
set of nonlinearly coupled differential equations:

5 00
4n +CO,21Qn = —¢& (HC]n + T”ZC]n Z mzqrzn) + fu(®)
m=1

(22.449)

where ¢ is a small dimensionless parameter indicat-
ing that the slenderness ratio of the beam is small.
Equation (22.449) generalizes (22.416) obtained for two
nonlinearly coupled oscillators, though an important dif-
ference is that we have to deal here with cubic nonlinear
terms, instead of the quadratic terms in the previously
mentioned 2-DOF nonlinear system.
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Shallow Spherical Shells and Plates
Similarly, the case of large deflections for transverse vi-
brations of shallow spherical shells is now examined.
The same notations and assumptions as in Sect.22.4.4
are used. The only difference is that we assume here
large displacements and moderate rotations. Moderate
rotations mean that it is justified to linearize the an-
gular functions sinf and cos6 in the equations. The
definition of large displacement depends on the order of
magnitude of the characteristic length used for obtain-
ing the dimensionless equations of motions (see below).
These standard assumptions lead to the well-known von
Karman equations, also called Marguerre’s or Koiter’s
equations in the literature [22.19, 61]. Hamdouni and
Millet have shown recently that these equations can also
be obtained through an asymptotic method applied to
the general equations of elasticity [22.62]. Like in the
linear case (Sect.22.4.4), the assumption of thin shal-
low shell allows one to write the equations of motion
as a function of the circular coordinates (r, ) that refer
to the projection of a current point of the shell on the
horizontal plane. Finally, we obtain [22.19]
s VPF ; .
\Y w—I—T—i-phw:L(w, F)—pw+p,

4 Eh _, Eh
V'F— —V‘w=——L(w, w),
R 2
(22.450)

where F is the Airy stress function, and where L is
a bilinear quadratic operator which is written in circular
coordinates as

F, F w w
L(w, F) = w,,(—r + %) + F,,(—’ + %)
r r r r

_ofwro _wo\(Fo Fo
r r2 r r2 )

(22.451)

In (22.450), F contains linear and quadratic terms in w.
Therefore, L(w, F) contains quadratic and cubic terms
in w. In total, the nonlinear equations of the shell con-
tain linear, quadratic and cubic terms. With R — oo,
(22.450) reduces to the nonlinear plate equations. In this
case, only cubic terms are present.

22.8 Conclusion. Advanced Topics

A number of applications of interest in the field of
structural acoustics and vibrations were not described
in this chapter, since they are exhaustively presented in

Equation (22.450) can be put into nondimensional
form with the change of variables [22.19]

r=ar,

t= az\/mf,

w= h3/a2w,

F=Eh Ja*F,

1= (2Eh*/Ra*)\/ph/ DIt

p=Eh /RSP . (22.452)

Equation (22.450) becomes, with the overbars dropped
for convenience,

VAiw+eqVAF +ib

=ecL(w, F)+eq(—pw+p), (22.453)

4
V- v = L w)
Rh3 2 T
Equation (22.453) has the advantage of highlight-
ing a quadratic perturbation coefficient eq = 12(1 —
v)h /R and a cubic perturbation coefficient e, = 12(1 —
v2)h*/a*. In view of the assumptions of a thin shallow
shell, the cubic nonlinear terms are much smaller than
the quadratic ones. The quadratic terms are due to the
curvature of the shell.
Expanding the solution on the linear eigenmodes

w(r, 0,1) =Y @y (r, 0)gu(1)

n

(22.454)

yields the set of coupled differential equations

Gn +a)iQn = 5q<— Z Zanqup‘Iq —ug +pn>
P q

+é&c Z Z Z ﬂnpqrqpqur 5
q9 4 r

(22.455)

which shows multiple cubic and quadratic coupling. For
aplate, the coefficients ay, 4 are equal to zero. For shells,
one can see an analogy with the interrupted pendulum
presented in Sect. 22.7.1 in the sense that the quadratic
nonlinearity is due to the asymmetry arising from the
curvature.

other chapters; this is, for example, the case of near-
field acoustical holography and modal analysis. Also
the area of active control of sound was only briefly men-
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tioned, since the presentation of this technique would
need a significant part devoted to signal processing.

In recent years, new theories have been developed
in order to allow better prediction and modeling of
structures and the related acoustic field in the medium
frequency range, i. e., when modes overlap due to both
damping and increasing modal density. In this context,
anew model and the associated numerical method based
on the theory of structural fuzzy has been given by
Soize [22.63]. Fuzzy structures are systems composed
by a well-defined master structure with other smaller
subsystems attached on it, whose location, geometry
and material properties are not known with certainty.
One can think of the main body of a ship (or of a plane),
with some attached equipment and/or ribs. The general
idea is to describe the behavior of the subsystems with
a probabilistic law; the input data are given in terms
of mean value and dispersion. The advantage of such
a technique is to greatly reduce the number of degrees
of freedom. A recent paper by Lyon shows the analogy
between SEA and structural fuzzy framework [22.64].

Several analytical models of structural acoustics and
vibrations have been presented in this chapter. However,
one should be aware of the fact that analytical solutions
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Noise is discussed in terms of a source—path-
receiver model. After an introduction to sound
propagation and radiation efficiency, the quanti-
ties measured for noise control are defined, and
the instruments used for noise measurement and
control are described.

The noise emission of sources is discussed
with emphasis on the determination of the sound
power level of a variety of sources. The properties
of two very significant sources of environmental
noise, aircraft and motor vehicles, are presented.
Tire noise is identified as a major noise source for
motor vehicles. Criteria for the noise emission of
sources are given, and the basic principles of noise
control are presented. A section on active control
of noise is included.

The path from the source to the receiver in-
cludes propagation in the atmosphere, noise
barriers, the use of sound-absorptive materials,
and silencers. Guidance is given on the determi-
nation of sound pressure level in a room when the
sound power output of the source is known.

At the receiver, the effects of noise are
presented, including both hearing damage and
annoyance. A brief section is devoted to sound
quality.

Finally, noise regulations and policies are
discussed. Many activities of the US government
are discussed, and information on both state and
local noise policies and regulations are presented.
The activities of the European Union are included,
as are the noise policies in many countries.
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23.0.1 The Source-Path—Receiver Model

The standard definition of noise is unwanted sound. This
definition implies that there is an observer who hears the
noise and makes a judgment based on a number of factors
that what is heard is not wanted. This judgment may be
made because the sound is too loud, is annoying, or has
an unpleasant quality. In all cases, the receiver applies
some metric to what is heard in order to characterize
sound as noise. In other cases, the level of the sound is
high enough to cause hearing damage, and the listener
may accept the noise levels, as in an industrial situation,
or may actually want the sound, as at a loud concert or
in an automobile with a very loud audio system. The
concept of unwanted sound also implies that there is
a person who wants the sound level reduced; hence, the
field of noise control has been developed to satisfy these
needs. In some cases, control of noise is an administra-
tive matter such as setting hours of operation for noisy
outdoor activities or otherwise managing noise sources
to make the levels acceptable. In most cases, however,
a technical analysis of the source, an understanding of
the propagation of sound from the source to the receiver,
and application of one or more psychoacoustic metrics
is required to find a solution to a noise problem. This
process may be called noise control engineering. This
source—path—receiver model was first proposed by Bolt
and Ingard in 1956 [23.1], and has proved to be very
useful as a systematic way to approach noise control
problems. There are many situations where the distinc-
tion between a source and a path is not clear; for example
when sound travels from a source through a structure and
is radiated by the structure Chap. 22. Nevertheless, the
above model has proved to be useful in many practical
situations.

Another concept that has proved to be useful is the
distinction between emission and immission. The verb
emit is common in the English language, and means to
send out. The verb immit is currently much less common,
but has a long history, and means to receive [23.2]. Noise
control then deals with noise emission from sources —
using a variety of metrics — and noise immission is the
reception of sound by an observer — expressed as some
metric based on sound pressure level.

23.0.2 Properties of Sound Waves

Noise propagation, for the purposes of this chapter,
can be described in terms of linear acoustics Chap. 3.
Exceptions include propagation of sonic booms and
very-high-amplitude sound waves such as in gas tur-

bines and other devices. For such problems, nonlinear
acoustical theory is needed Chap. 8, which will not be
covered here. The physical quantities most often used
in noise control are sound pressure, particle velocity,
sound intensity and sound power. A one-dimensional
treatment serves to illustrate the principles involved. The
linear one-dimensional wave equation may be expressed
in terms of sound pressure as

cr_"%l0_p, (23.1)

where p is the sound pressure, x is distance, and ¢ is
time. The speed of sound c is given by

¢ =20.05VT, (23.2)

where T is the temperature in Kelvin. At 20°C,
¢ = 343.3m/s, rounded to 344 m/s for most noise con-
trol problems.

The source term Q in (23.2) represents the various
sources of sound, and may be in the form of fluctuations
in mass, force, or heat introduced into the medium. Or,
it may be nonlinear terms placed on the right-hand side
of the equation as in the acoustic analogy proposed by
Lighthill [23.3] which explains the generation of sound
by turbulence Chap. 3.

For Q =0 in an unbounded medium at rest, any
function, f(x —ct), a propagating wave, satisfies the
wave equation. The exact solution is determined by the
nature of the sources and the boundary conditions. The
particle velocity (for one-dimensional propagation) is
found from

ou ap

Por = ox
Where u is the particle velocity. As will be shown below,
the sound pressure and particle velocity in almost all
cases are small compared with atmospheric pressure and
the speed of sound, respectively. Therefore, air can be
considered a linear medium for the propagation of sound
waves, and the sound pressures as a function of time
from two (or more) sources can be added to find the
total pressure p

p(t) = pi1(®) + p2(1) . (23.4)

However, the quantity measured by sound level meters
and other analyzers is the root-mean-square (RMS) pres-
sure over some time interval, which may be very short.
In this case, the way two sound pressures are combined
depends on the correlation coefficient between them.
The total mean-square pressure is

(23.3)

PP=p+pi+2pip, (23.5)
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where the overbars represent time averages. When p;
and p, are uncorrelated, the cross-term in (23.5) is
zero, and it is the mean square pressures that add. This
is the case in most noise control situations where the
noise comes from one or more different sources. When
p1 = p2, it is the pressures that add. When p; = —p»,
generally the objective in active noise control, the result-
ing mean-square pressure is zero. For sinusoidal signals,
the mean-square pressure depends on the amplitudes of
the waves and the phase difference between them.

Other quantities of importance are the intensity I of
the sound wave, a vector in the direction of propagation
that is the sound energy per unit of area perpendicular to
an element of surface area dS, Chap. 6. For a source of
sound, the total sound power W radiated by the source
is given by

W:/I-dS,
s

where the integral is over a surface that surrounds
the source. Sound power is a widely used measure of
the noise emission of the source. Its determination us-
ing sound intensity is advantageous in the presence of
background noise because, in the absence of sound-
absorptive materials inside the surface, any sound energy
that enters the surface from the outside also leaves the
surface from the inside, and thus does not affect the radi-
ated power. In practice, the sound intensity on the surface
is determined by scanning or by measurements at a finite
number of measurement positions, and only an approx-
imation to the ideal situation is obtained Chap. 6. Other
techniques for the determination of the sound power of
sources depend on an approximation of the intensity in
terms of mean-square pressure, and are discussed later
in this chapter.

(23.6)

The Decibel as a Unit of Level

As will be shown below, the magnitude of the quanti-
ties associated with a sound wave described above vary
over a very wide range, and it is convenient to use loga-
rithms to compress the scale. Logarithms are also useful
in many noise transmission problems because quantities
that are multiplicative in terms of the quantities them-
selves are additive using logarithms. The decibel is a unit
of level, and is defined as

X
L, =101log o (23.7)

0
where X is a quantity related to energy, Xy is a refer-
ence quantity, and log is the logarithm to the base 10.
In the case of sound pressure, X = p?, the mean square

pressure and Xo = p%. The reference pressure py is stan-
dardized at 20 wPa (2 x 10~> N/m?). The sound pressure
level can then be written as

2

————dB.
(2x1075)2

For sound power and sound intensity, the reference lev-
els are 10712 W and 10~'2 W/m?, respectively, and the
corresponding sound power and sound intensity levels
are

L, =10log (23.8)

dB, (23.9)

w

L =10log ﬁ dB . (23.10)
Note that all three quantities above are expressed in deci-
bels; the decibel is a unit of level, and may be used to
express a variety of quantities related to energy relative
to a reference level. This fact often causes confusion be-
cause the quantity being expressed in decibels is often
not stated (“The level is 75dB.”), and the meaning of
the statement is not clear. The wide use of sound power
level as a measure of noise emission can easily cause
confusion between sound power level and sound pres-
sure level. In this situation, it is convenient, and common
in the information technology industry, to omit the 10
before the logarithm in (23.9), and express the sound
power level in bels, where one bel = 10 dB.

Relative Magnitudes
As mentioned above, the quantities associated with
a sound wave are small. For example, a sound pres-
sure level of 90 dB is relatively high and corresponds to
an RMS sound pressure of

PA= \/[(4>< 10-10) x10%0/10] = 0.63Pa. (23.11)

Since atmospheric pressure py is nominally 1.01 x 10° Pa,
the ratio po/ par is very small: 0.62 x 1077,

The particle velocity can be determined from (23.3)
assuming plane wave propagation of a sinusoidal wave
having a radian frequency w (w = 2x f). In this case,
(23.3) reduces to p = pcu where p is the density of air,
nominally 1.18 kg/m?. The particle velocity is then

u=0.63/(1.18x344) = 1.6x 10> m/s  (23.12)

and the ratio u/c is 4.7x107°. The particle velocity
is very small compared with the speed of sound, and
the model of a wave traveling with speed ¢ and having
a particle velocity u is justified. When this is not the
case, the compressional portion of the wave travels with
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Fig. 23.1a—c Schematic of loudspeakers in an enclosure.
(a) Two loudspeakers operating in phase to form a mono-
pole. (b) Two loudspeakers operating out of phase to form
a dipole. (c) Four speakers that form a quadrupole

speed ¢+ u and the rarefaction travels with speed ¢ — u.
This phenomenon is important when considering the
propagation of sonic booms and other finite-amplitude
waves.

23.0.3 Radiation Efficiency

The radiation efficiency of ideal sources is best described
in terms of the sound power radiated by higher-order

A-weighted sound power (W)

A
10* B727,
DC9
CV330,
CV340
DHC7
107 &
QQQQ & [ |
NS
& &
Accelerating Snow~ N
motorcycles mobiles &
1 Chainsaws @ Q-
Tractor
trailers (55 mph)
Standard
02 autos (65 mph)
Gas- Greater power
mowers
Food
blenders
10~
Dishwashers Quieter
technology
10° 10* 10° 10°
Mechanical power (W)

Fig.23.2 A-weighted sound power versus mechanical
power. (After Shaw [23.4] with permission, Phys. Today
28(1), 46 (1975) ©1975, AIP)

Noise level in dB re 20 pPa

120‘1 Indoor levels Outdoor levels

110 |
Rock band
Jet flyover at 300m
100 |
Inside subway train
- (New York) Gas lawnmower at 1m

Diesel truck at 15m

g0k Food blender at 1m Noisy urban daytime

Garbage disposal at 1m
Very loud speech at Im Gas lawnmower at 30m

70

Vacuum cleaner at 2m

Normal speech at Im Somiciiatass

60 Large business office

Quiet speech at Im

Dishwasher next room

Small theater, large conference

room (background)

40+ Ouiet urban nighttime
Library Ouiet suburban nighttime

50

30

Broadcast and recording studio

Concert hall (background) Ouiet rural nighttime

20 |

10 |

Hearing threshold

0

Fig.23.3 Typical levels for indoor and outdoor environ-
ments. (After Burgé [23.5], with permission)

sources relative to monopole radiation, as discussed be-
low. For actual sources, the radiation efficiency can be
expressed in terms of the sound power output of the
source relative to the mechanical power input. As shown
below, the acoustic power radiated by an actual source
is a very small fraction of the mechanical power of the
source.

Radiation Efficiency of Ideal Sources

One way of classifying sources and determining the effi-
ciency of the radiation of sound is in terms of a monopole
and higher-order sources. If a sinusoidal source, such as
two small baffled loudspeakers operating in phase hav-
ing aradian frequency w = 2 f injects mass per second
with amplitude Q, into the air, the power W,, radiated
by the combination of the two sources can be shown to
be [23.6]

212
Wy, = % . (23.13)

The situation is illustrated in Fig. 23.1.
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Typical outdoor setting

A-weighted sound level in dB re 20 pPa
A

120 |
110 |
100 |
90
80
Noisy urban (daytime)
70 |
Commercial retail area
60 Non-park setting
Suburban (daytime)
50
Suburban (nighttime)
40
Grand Canyon (along river)
30
Hawaii volcanoes (crater overlook)
20 Park setting
10  Grand Canyon (remote trail)
0 Haleakala (in crater, no wind)

Fig. 23.4 Comparison of outdoor A-weighted levels in dif-
ferent environments. (After Miller [23.7], with permission)

The plus signs indicate that the two loudspeakers are
operating in phase. The distance between all loudspeak-
ers is d. In the second case (b) the two loudspeakers are
operated out of phase and form a dipole with a dipole
moment in the direction shown. In this case, the total
power radiated relative to monopole radiation can be
shown [23.6] to be

1
Wq= — (kd)® W, 23.14
d 24( ) W, ( )

where k is the wave number (w/c) and d is the distance
between the two sources. If two dipoles with opposite

dipole moments are combined, the result is a quadrupole
—as illustrated in (c). In this case, the total power radiated
relative to monopole radiation can be shown [23.6] to
be:

1

We =155 (kd)* Wiy . (23.15)
It can be seen that at small values of kd (low frequencies),
dipole and quadrupole sources of sound are much less
efficient in radiating sound than monopoles. The dipole
case is especially important because one way to reduce
the source noise level is to create a secondary source
of opposite phase near the primary sources. The sound
radiated by the secondary source partially cancels the
sound radiated by the primary source, and the radiation
efficiency is reduced.

Radiation Efficiency of Machines

The sound power radiated by a source is also a very small
fraction of the mechanical power driving the source.
Shaw [23.4] studied the radiation efficiency of a number
of practical sources, and found that only a small frac-
tion of the mechanical power was converted to sound.
Fig.23.2 shows the relationship between A-weighted
sound power and mechanical power for a wide variety
of sources.

23.0.4 Sound Pressure Level
of Common Sounds

Many authors have shown the relationship between
sound pressure level and many common sounds. Data
adapted from Burgé [23.5] are shown in Fig.23.3. A-
weighted sound pressure levels range from about 25
to 110dB, which is a range in sound pressure of ap-
proximately 1:18 000. Similar data, but at lower sound
pressure levels, have been adapted from Miller and are
shown in Fig. 23.4. The vertical scales are labeled differ-
ently to conform to the practice of each author. As can
be seen, there is a considerable difference for certain
common terms; environmental levels may vary greatly
in urban and suburban areas.

23.1 Instruments for Noise Measurements

23.1.1 Introduction

The most common quantity for control and assessment
of noise is the frequency-weighted sound level, as meas-
ured by a sound level meter. Exponential time weighting

may also be employed for measurements of frequency-
weighted sound level. Sound pressure levels are usually
measured through constant-percentage-bandwidth fil-
ters. Sound intensity is commonly used for localization
of noise sources and for direct determination of sound
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power level. As discussed in Sect. 23.2.1, measurements
of time-average sound pressure levels are also widely
used for the determination of sound power levels. The
time-average sound level is also known as the equivalent-
continuous sound level.

23.1.2 Sound Level

Sound pressure almost always varies with the position
of the receiver in space and with time. When meas-
ured by a sound level meter, the instantaneous sound
pressure signal is frequency weighted, squared, time in-
tegrated, and time averaged before the logarithm is taken
to display the result in decibels relative to the stan-
dard reference pressure. The process is illustrated by
the following expression for a time-averaged frequency-
weighted sound level L, in decibels:

172\ 2
[/m)J @]
Lyt =10log B )
0

(23.16)

where T is the duration of the averaging time inter-
val, £ is a dummy variable for time integration over the
averaging time interval ending at the time of observa-
tion ¢, pw(&€) is the instantaneous frequency-weighted
sound pressure signal in Pascals, and py is the standard
reference pressure of 20 Pa.

The numerator of the argument of the logarithm
in (23.16) represents the root-mean-square frequency-
weighted sound pressure over the duration of the
averaging time interval. In principle, there is no time
weighting involved in a determination of a root-mean-
square sound pressure.

The frequency weighting applied to the instant-
aneous sound-pressure signal could be either the
standard A or C weighting described below, or the
weighting of a bandpass filter, in which case the re-
sult is a band sound pressure level. When reporting the
result of a measurement of sound level, the frequency
weighting should always be stated.

In general, for measurements of time-average sound
level, it is important to record both the duration of
the averaging time interval and the time of observa-
tion at the end of the averaging time. Sound level meters
that display time-average sound levels are integrating—
averaging sound level meters.

For applications such as determining estimates of
the sound level that would have been indicated if the
contaminating influence of background noise had not

been present, for combining narrow-band sound pres-
sure levels into wider-bandwidth sound pressure level, or
for calculating sound power levels from measurements
of corresponding sound pressure levels, it is necessary
to work with mean-square sound pressures, not with
root-mean-square sound pressures.

Before the development of digital technology, sound
level meters utilized a dial-and-pointer system to display
the level of the sound pressure signal. These instruments
employ exponential time weighting as illustrated by
the following expression for exponential-time-weighted
frequency-weighted sound level L. (¢) in decibels:

Ly,t(t) =
" o 1/2
(/0 [ P -9/ dg |

10log )
Po

(23.17)

where 7 is one of the standardized time constants, & is
a dummy variable of time integration from some time in
the past, as indicated by the —oo for the lower limit of the
integral, to the time # when the level is observed, and the
other terms are as described above for the time-average
sound level. The numerator in the argument of the
logarithm in (23.17) represents an exponentially-time-
weighted quasi-RMS sound pressure. The exponential
time weighting de-emphasizes the contributions to the
integral from sound-pressure signals at earlier times,
with the degree of de-emphasis increasing as the time
constant increases.

By international agreement, the two standardized
exponential time constants are 125ms for fast or F
time weighting and 1000 ms for slow or S time weight-
ing. The time weighting is applied to the square of
the instantaneous frequency-weighted sound-pressure
signal. Instruments that measure time-weighted sound
levels are conventional sound level meters.

Note that in contrast to a time-average sound level,
indications of exponential-time-weighted sound level
vary continuously on the display device of the sound
level meter.

A maximum sound level is the highest time-
weighted sound level occurring within a stated time
interval. A hold capability is needed to display an in-
dication of a maximum sound level on a conventional
sound level meter. Maximum sound levels are not the
same as peak sound levels.

Although a proper description of a measurement of
a sound level is, for example, “the A-weighted sound
level was 90dB”, the statement “the sound level was
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90dB(A)” is widely used, and implies that the decibel
is A-weighted. The instantaneous sound pressure signal
is frequency weighted, not the decibel.

23.1.3 Sound Exposure
and Sound Exposure Level

For transient sounds (including the sounds produced by
many different kinds of machines, the sound of the pass
by of an automobile or motorcycle or the overflight of
an aircraft, the sound from blasting or explosions, and
sonic booms), the most appropriate quantity to measure
is sound exposure or sound exposure level. Instruments
that measure sound exposure level are integrating sound
level meters. Sound exposure may be measured with one
of the standardized frequency weightings.

Sound exposure encompasses the magnitude or level
of the sound pressure and its duration in a single quan-
tity. The expression for a frequency-weighted sound
exposure Ey, in Pascal-squared seconds, is as follows

1)

EW:/pa(t)dt (23.18)

n

with running time in seconds. In principle, no time
weighting is involved in a determination of sound ex-
posure according to (23.18).

The frequency-weighted sound exposure level Lyg
in decibels, is given by

Lywe = 10log Ey/Ey) , (23.19)

where Eg is the reference sound exposure equal to
( p% Ty) = (20 Pa)? x(1s) or the product of the square of
the reference pressure and the reference time for sound
exposure of Ty = 1s.

It is often necessary to make use of the link be-
tween a measurement of the sound exposure level for
a transient sound occurring in a given time interval
and the corresponding time-average sound level. For
a given frequency weighting, the relation is given by the
following

Lyt = Lwg—10log (T/Ty) , (23.20)

where T is the averaging time for the determination
of time-average sound level, in seconds, and Tp is the
reference time of 1s. The relationship of (23.20) may
be extended to the determination of the time-average
sound level corresponding to the total sound exposure
of a series of transient sounds occurring within a given
time interval such as 8 h or 24 h.

Transmission level (dB)
A

0

-20

—40

—-60

T 100 1000 10000

Frequency (Hz)

Fig. 23.5 Design goals for A- and C-frequency weightings

23.1.4 Frequency Weightings

Specifications for A- and C-weighting as well as a new
Z-weighting are given in IEC 61672-1:2002 [23.8]. De-
sign goals for the A- and C-weightings are shown in
Fig.23.5. The design goal for the Z-weighting is flat
(transmission level = 0dB) over the frequency range
10-20kHz.

23.1.5 Octave and One-Third-Octave Bands

In general, frequency-weighted sound levels are not
adequate for the diagnosis of noise problems and the de-
sign and implementation of engineering controls. Sound
levels do not contain enough information to calculate
measures of human response such as loudness level

Relative transmission loss (dB)
A

. 125 250 500 1000 2000 4000 8000

-3

Frequency (Hz')

Fig.23.6 Idealized octave-band filters for nominal mid-
band frequencies from 125 Hz to 8 kHz

Amazon EX1014 Page 971

967

T°€T |9 Hed



968 PartG

Structural Acoustics and Noise

T°€T|D Med

Table 23.1 Nominal octave and one-third-octave midband
frequencies in Hz

ob (1/3)ob  ob (1/3)ob  ob (1/3)ob
31.5 16 250 200 2000 1600
31.5 250 2000
40 315 2500
63 50 500 400 4000 3150
63 500 4000
80 630 5000
125 100 1000 800 8000 6300
125 1000 8000
160 1250 10000

ob = octave band

or ratings of room noise such as those obtained from
noise criterion (NC) and other criteria by means of
a curve-tangent method (Chap. 11). In these cases, a set
of bandpass filters covering octave- or one-third-octave
frequency bands should be used. The filters may be
implemented by analog or digital techniques. Idealized
octave-band filter shapes are shown in Fig. 23.6 for the
125 Hz to 8 kHz range of nominal midband frequencies.
This range is adequate for many noise problems. Sound
pressure levels in the octave bands with nominal mid-
band frequencies of 31.5 Hz and 63 Hz are important for
many applications, e.g., noise from heating, ventilating,
and air-conditioning equipment in rooms.

There are three one-third-octave bands in each oc-
tave band. Nominal midband frequencies are shown in
Table 23.1. The standardized midband frequencies in-
crease by a factor of ten in each decade. Specifications
for octave-band and fractional-octave-band filters are
given in IEC 61260:1995.

23.1.6 Sound Level Meters

A sound level meter consists of a microphone, an
amplifier and means to process the waveform of the
sound-pressure signal from the microphone according
to the equations above. There may be an analog or a dig-
ital readout or other device to indicate the measured
sound levels. Extensive analog, or digital, or a combi-
nation of analog and digital signal processing may be
utilized. Storage devices may include digital memory,
computers, and printers.

A sound level meter should conform to the re-
quirements of IEC 61672-1:2002 [23.8]. This standard
provides design goals for various electroacoustical re-
quirements along with appropriate tolerance limits
around the design goals for class 1 and class 2 perfor-

mance categories. The two performance classes differ
mainly in the tolerance limits and the ranges of environ-
mental conditions over which an instrument conforms
to the requirements within the tolerance limits.

Sound level meters are intended for measurement of
sounds that are audible to humans, generally assumed to
be in the frequency range from 20 Hz to 20 kHz.

Microphones are covered in detail in Chap.24.
Sound level meters generally use a condenser micro-
phone, either with a direct-current (DC) polarizing
voltage or pre-polarization to provide the electrostatic
field between the diaphragm and back plate.

The acoustical sensitivity of a measuring system
should be checked using a class 1 or class 2 sound
calibrator that produces a known sound pressure level
at a specified frequency in the cavity of a coupler
into which the microphone is inserted [23.9]. More de-
tails on means to establish the sensitivity of acoustical
instruments may be found in Chap. 15.

In the presence of turbulent airflow, pressure fluc-
tuations at the microphone diaphragm will occur that
are not related to the sound pressure in the sound field.
In this case, a windscreen — which may be made from
an open-cell material, a metal, or a nonmetallic fabric
— may be used. The insertion loss of a windscreen is
the difference between the sound pressure level meas-
ured without and with the windscreen (in the absence of
airflow), and may be determined in a free or a diffuse
sound field. A standard for measurement of windscreen
performance is available [23.10]. The insertion loss of
windscreens that do not have spherical shapes may vary
with sound incidence angle.

Microphones are generally designed to have their
best frequency response from a specified reference di-
rection of sound incidence in a free sound field or
in response to sounds incident on the microphone
from random directions, i.e., so-called free-field or
random-incidence microphones. The specifications in
IEC 61672-1:2002 apply equally to either microphone
type when installed on a sound level meter.

A free-field microphone should be used when there
is a principal direction from which the sound is incident
on the microphone. A random-incidence microphone is
preferred for applications where the direction of sound
incidence is unknown, unpredictable, or varies with
time, a situation commonly encountered when measur-
ing noise levels in a factory or community.

In addition to the time-average, time-weighted, and
peak sound levels described above, many sound level
meters can record maximum and minimum levels in
a given time interval, as well as statistical measures
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Microphone, amplifier and A/D converter |—

Microphone, amplifier and A/D converter |—

Microphone, amplifier and A/D converter |—

Microphone, amplifier and A/D converter |— Digital signal

processor
and
storage device

Microphone, amplifier and A/D converter |—

Microphone, amplifier and A/D converter |—

Microphone, amplifier and A/D converter |—

Microphone, amplifier and A/D converter |—

Fig.23.7 Block diagram of a multichannel instrument us-
ing digital signal processing

such as the sound level exceeded at various percentages
of a time interval, e.g., 10% of the time in an hour of
observations. Performance specifications for the mea-
surement of percentile sound level are not standardized,
and the results may vary depending on the manufacturer
of the instrument and the percentile of interest, with the
greatest variations at the extremes of the percentiles.

23.1.7 Multichannel Instruments

Many applications for noise control are best satisfied by
use of a microphone array. These include measurement
of sound pressure level at multiple positions on a mea-
surement surface for determination of sound power, and
measurements at several locations around a time-varying
sound source. In the first case, several microphones may
be connected to a multiplexer, and the outputs sampled
sequentially. In the second case, the microphones may
each be connected to an amplifier and analog-to-digital

Add
inputs

(A/D) converter. High sampling rates (e.g., greater than
40kHz) are required. The data are sent to a digital sig-
nal processor and storage device, for example, a digital
computer. A block diagram of such a system is shown
in Fig. 23.7.

The number of samples of sound pressure level data
that can be stored in a multichannel measurement system
depends on the available storage capacity, which can be
quite large in the case of systems used for monitoring
noise in the community and around airports.

23.1.8 Sound Intensity Analyzers

Sound intensity is covered in detail in Chap. 25. Sound
intensity analyzers often use two closely spaced micro-
phones to approximate the pressure gradient in a sound
field. Particle velocity is found by integration of the time
derivative of the sound-pressure gradient (23.3). Sound
pressure is the average of the pressures at the two mi-
crophones. A block diagram of a sound intensity meter
is shown in Fig.23.8. Processing of the sampled sig-
nals may be accomplished either with analog circuits
or digitally. Standards for sound intensity analyzers are
available [23.11,12].

23.1.9 FFT Analyzers

Unlike octave-band and one-third-octave band filters,
which are proportional (or constant-percentage) band-
width filters, a fast Fourier transform (FFT) analyzer is
essentially a set of fixed-bandwidth filters. The FFT is
a computational implementation of the discrete Fourier
transform that produces a set of discrete-frequency spec-
tral lines. The number of spectral lines in a given
frequency interval depends on the number of samples
of the time series obtained from digital sampling of the
sound-pressure signal. If a periodic wave is sampled

» VAR (p, +pa)2

Pa
mike T)_ Pre-amp \)—» Filter
Ar Sums

PB‘

mike (_)— Pre-amp Filter — Integrate

" converter \
A/D %'Product

converter

Average
and
calculate

Out

Subtract
inputs

Fig.23.8 Block diagram of an analog-to-digital sound intensity analyzer with octave-band filters. Alternatively, the
preamplifier outputs of the microphones could be suitably amplified and converted to digital format; all further processing

would then be done digitally
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with a sampling period that is not an integral number of
wavelengths of the wave, spectral leakage occurs. FFT
analyzers contain windows to improve spectral estimates
—the Hanning window is the most common. There are no

23.2 Noise Sources

In this section, methods for the specification of noise
emissions are given, noise emission criteria are de-
scribed, and some basic principles of noise control are
presented. A general description of noise control for sta-
tionary sources is presented, and some information on
vehicle noise and aircraft noise is given. A short section
on the principles of active noise control is included.

23.2.1 Measures of Noise Emission

This section is an edited version of a textbook chapter
of [23.13].

Two quantities are needed to describe the strength of
a noise source, its sound power level and its directivity.

The sound power level is a measure of the total sound
power radiated by the source in all directions and is
usually stated as a function of frequency, for example,
in one-third octave bands. The sound power level is then
the preferred descriptor for the emission of sound energy
by noise sources.

The directivity of a source is a measure of the vari-
ation in its sound radiation with direction. Directivity is
usually stated as a function of angular position around
the acoustical center of the source and also as a function
of frequency.

From the sound power level and directivity, it is
possible to calculate the sound pressure levels produced
by the source in the acoustical environment in which
it operates. In Sect. 23.3.2, a classical method for this
calculation is presented — as is an alternative method for
long and flat rooms.

A source may set a nearby surface into vibration if
it is rigidly attached to that surface, causing more sound
power to be radiated than if the source were vibration
isolated. Both the operating and mounting conditions
of the source therefore influence the amount of sound
power radiated as well as the directivity of the source.
Nonetheless, the sound power level alone is useful for:
comparing the noise radiated by machines of the same
type and size as well as by machines of different types
and sizes; determining whether a machine complies with
a specified upper limit of noise emission; planning in

national or international standards for the performance
of FFT analyzers. The results of measurements by FFT
analyzers may vary depending on the design implemen-
tation by the manufacturer or computer programmer.

order to determine the amount of transmission loss or
noise control required; and engineering work to assist in
developing quiet machinery and equipment.

Expanding the dot product in (23.6) allows the sur-
face integral to be written in terms of scalar quantities

W=/IndS,
S

where I, = I cos(0) is the component of sound intensity
normal to the surface at the location of dS; dS is the
magnitude of the elemental surface area vector.

The integral may be carried out over a spherical or
hemispherical surface that surrounds the source. Other
regular surfaces, such as a parallelepiped or a cylinder,
are also used in practice, and, in principle, any closed
surface can be used. If the source is nondirectional and
the integration is carried out over a spherical surface
having a radius r and centered on the source, sound
intensity and sound power are related by

W
" 4ar?’
where / is the magnitude of intensity on the surface (at
radius r), I,, is the normal component of intensity on the
surface (at radius r), W is the sound power, S is the area
of spherical surface (47r?), and r is the radius of the
sphere.

In general, a source is directional, and the sound
intensity is not the same at all points on the surface.
Consequently, an approximation must be made to eval-
uate the integral of (23.21). It is customary to divide
the measurement surface into a number of subsegments,
each having an area S;, and to approximate the nor-
mal component of the sound intensity on each surface
subsegment. The sound power of the source may then
be calculated by a summation over all of the surface
subsegments:

W=) LiSi.
i

here I,; is the normal component of sound intensity
averaged over the i-th area segment, S; is the i-th area
segment, and i is the number of segments.

(23.21)

I(atr)y=I,(atr) = % (23.22)

(23.23)
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When each segment of the measurement surface has
the same area,

W= SxZIm- =S x(I,), (23.24)
i
where (/,) is the average value of the normal sound
intensity over the measurement surface, and S is the
total area of the measurement surface.
The sound power level is then

w

Lw = 10log W (23.25)
where W is the standard reference power, 10~ AS

Equation (23.24) is usually used to determine the
sound power of a source from the sound intensity level
except when the source is highly directional. For direc-
tional sources, the subareas of the measurement surface
may be selected to be unequal and (23.23) should be
used.

Table23.2 A-frequency weightings for octave- and one-
third-octave bands

Mid band One-third Octave-band
center frequency octave band weightings
(Hz) weightings (dB)
(dB)
50 -30.2 -26.2
63 -26.2
80 -22.5
100 -19.1 -16.1
125 -16.1
160 -13.4
200 -10.9 -8.6
250 -8.6
315 -6.6
400 -4.8 -3.2
500 -3.2
630 -1.9
800 -0.8 0
1000 0
1250 0.6
1600 1.0 1.2
2000 1.2
2500 1.3
3150 1.2 1.0
4000 1.0
5000 0.5
6300 -0.1 -1.1
8000 -1.1
10000 -2.5

A-Weighted Sound Power

All procedures described in this section apply to the
determination of sound power levels in octave or one-
third-octave bands. The techniques are independent
of bandwidth. The A-weighted sound power level is
obtained by summing (on a mean-square basis) the
octave-band or one-third octave-band data after applying
the appropriate A-weighting corrections. A-weighting
values are listed Table 23.2.

Measurement Environments
Three different types of laboratory environments in
which noise sources are measured are found in mod-
ern acoustics laboratories: anechoic rooms (free field),
hemi-anechoic rooms (free field over a reflecting plane),
and reverberation rooms (diffuse field). In an anechoic
room, all of the boundaries are highly absorbent, and the
free-field region extends very nearly to the boundaries
of the room. Because the floor itself is absorptive, ane-
choic rooms usually require a suspended wire grid or
other mechanism to support the sound source, test per-
sonnel, and measurement instruments. A hemi-anechoic
room has a hard, reflective floor, but all other boundaries
are highly absorbent. Both anechoic and hemi-anechoic
environments are used to determine the sound power
level of a source, but the hemi-anechoic room is clearly
more practical for testing large, heavy sources.

In a reverberation room, where all boundaries are
acoustically hard and reflective, the reverberant field ex-
tends throughout the volume of the room except for
a small region in the vicinity of the source. The sound
power level of a source may be determined from an es-
timate of the average sound pressure level in the diffuse
field region of the room coupled with a knowledge of
the absorptive properties of the boundaries, or by com-
parison with a reference sound source of known sound
power output. A standard for the calibration of reference
sound sources is available [23.14].

Free-Field Approximation

for the Determination of Sound Power
For the far field of a source radiating into free space, the
magnitude of the intensity at a point a distance r from
the source is:

2
I(atr) = M, (23.26)

pc

where pc is the characteristic resistance of air equal to
about 406 MKS Rayl at normal room conditions, and
PRrRMS 18 the root-mean-square sound pressure, at r.
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Strictly speaking, this relationship is only correct
in the far field of a source radiating into free space.
Good approximations to free-space, or free-field, con-
ditions can be achieved in properly designed anechoic
or hemi-anechoic rooms, or outdoors. Hence, (23.26)
is approximately correct in the far field of a source
over a reflecting plane, provided that the space above
the reflecting plane remains essentially a free field
at distance r. Even if the free field is not perfect,
and a small fraction of the sound is reflected from
the walls and ceiling of the room, an environmental
correction may be introduced to allow valid measure-
ments to be taken in the room. The relations below
are widely used in standards that determine the sound
power of a source from a measurement of sound pressure
level.

If a closed measurement surface is placed around
a source so that all points on the surface are in the
far field, and if the intensity vector is assumed to be
essentially normal to the surface so that [ = I, at all
points on the surface, then (23.23) and (23.26) can be
combined to yield

(23.27)

here p; is the average RMS sound pressure over area
segment S;.

The sound power level is as expressed in (23.25). If
all segments are of equal area,

S 1 s S,
W:—— S = — .
chZijp, el

(23.28)

where S is the total area of the measurement surface, N
is the number of area segments, and (p?) is the average
mean square pressure over the measurement surface.

In logarithmic form with reference power 10712 W
and reference pressure 20 WPa, the sound power level is

S 400
Lw:Lp—i-lOlogS——i-lOlogE .
0

(23.29)
where Sp = 1 m?2.

For pc = 406 MKS Rayl, the last term in (23.29) is
—0.064, and can usually be neglected.

Hence, the sound power level of a source can be com-
puted from sound pressure level measurements made in
a free field. Equation (23.29) is widely used in stan-
dardized methods for the determination of sound power
levels in a free field or in a free field over a reflecting
plane.

Sound Power Determination in a Diffuse Field
The sound power level of a source can also be computed
from sound pressure level measurements made in an
enclosure with a diffuse sound field because in such
a field the sound energy density is constant; it is directly
related to the mean-square sound pressure and, therefore,
to the sound power radiated by the source. The sound
pressure level in the reverberant room builds up until
the total sound power absorbed by the walls of the room
is equal to the sound power generated by the source.
The sound power is determined by measuring the mean-
square sound pressure in the reverberant field. This value
is either compared with the mean-square pressure of
a source of known sound power output (comparison
method) or calculated directly from the mean-square
pressure produced by the source and a knowledge of
the sound-absorptive properties of the reverberant room
(direct method).

The procedure for determining the sound power level
of a noise source by the comparison method requires the
use of a reference sound source of known sound power
output. The procedure is essentially as follows.

With the equipment being evaluated at a suitable lo-
cation in the room, determine, in each frequency band,
the average sound pressure level (on a mean-square ba-
sis) in the reverberant field using the microphone array
or traverse described above.

Replace the source under test with the reference
sound source and repeat the measurement to obtain the
average level for the reference sound source.

The sound power level of the source under test Ly
for a given frequency band is calculated from

Lw = Lw:+ ((Lp> - (Lp>r)

where Lw is the one-third-octave band sound power
level for the source being evaluated, (L) is the space-
averaged one-third octave band sound pressure level of
source being evaluated, L is the calibrated one-third-
octave band sound power level of the reference source,
and (Lp); is the space-averaged one-third-octave band
sound pressure level of the reference sound source.

The direct method does not use a reference sound
source. Instead, this method requires that the sound-
absorptive properties of the room be determined by
measuring the reverberation time in the room for each
frequency band. Measurement of Tep is described in
Chap. 11.

With this method, the space-averaged sound pres-
sure level for each frequency band of the source being
evaluated is determined as described above for the com-
parison method. The sound power level of the source is

(23.30)
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where Ly is the band sound power level of the sound
source under test, L_p is the band space-averaged sound
pressure level of the sound source under test, A is the
equivalent absorption area of the room, given by:

A=55.26< \% ) 7
c Trev

V is the room volume, Tiey is the reverberation time for
the particular band, Ag is the reference absorption area,
S is the total surface area of the room, f is the midband
frequency of the measurement, ¢ is the speed of sound
at temperature 6 in °C, B is the atmospheric pressure,
with By = 1.013x10° Pa, Vo = 1m?, Ty = Is.

Diffuse sound fields can be obtained in labora-
tory reverberation rooms. Sufficiently close engineering
approximations to diffuse-field conditions can be ob-
tained in rooms that are fairly reverberant and irregularly
shaped. When these environments are not available or
when it is not possible to move the noise source under
test, other techniques valid for the in situ determination
of sound power level may be used and are described later
in this section.

Non-steady and impulsive noises are difficult to mea-
sure under reverberant-field conditions. Measurements
on such noise sources should be made under free-field
conditions.

Sound Power Determination

in an Ordinary Room
The sound pressure field in an ordinary room such as
an office or laboratory space that has not been designed
for acoustical measurements is neither a free-field nor
a diffuse field. Here the relationship between the sound
intensity and the mean-square pressure is more compli-
cated. Instead of measuring the mean-square pressure,
it is usually more advantageous to use a sound inten-
sity analyzer that measures the sound intensity directly
(Sect.23.1.8). By sampling the sound intensity at de-
fined locations in the vicinity of the source, the sound
power level of the source can be determined. A stan-
dard for the in situ determination of sound power is also
available, and is described below.

Source Directivity
Most sources of sound [23.15, 16] of practical interest
are directional to some degree. If one measures the sound
pressure level in a given frequency band a fixed distance
away from the source, different levels will generally be
found for different directions. A plot of these levels in
polar fashion at the angles for which they were obtained
is called the directivity pattern of the source.

The directivity factor Qg is defined as the ratio of the
mean-square sound pressure, pg, at angle 6 and distance
r from an actual source radiating W and the mean-square
sound pressure p§ at the same distance from a nondi-
rectional source radiating the same acoustic power W.
Alternatively, Qg is defined as the ratio of the intensity
in the direction of propagation W/m? at angle # and dis-
tance r from an actual source to the intensity at the same
distance from a nondirectional source, both sources ra-
diating the same sound power W. It must be assumed
that the directivity factor is independent of distance from
the source.

The directivity index DIy of a sound source on arigid
plane (radiating into hemispherical space) at angle 6 and
for a given frequency band is computed from

Dlp = Lyg—(Lp)u+3dB, (23.32)

where Ly is the sound pressure level measured a dis-
tance r and angle 6 from the source, and (Lp)y is the
sound pressure level of the space-averaged mean-square
pressure averaged over a test hemisphere of radius r (and
area 277r2) centered on and surrounding the source.

The 3dB in this equation is added to (L,)y be-
cause the measurement was made over a hemisphere
instead of a full sphere. The reason for this is that the
intensity at radius r is twice as large if a source radi-
ates into a hemisphere as compared to a sphere. That
is, if a nondirectional source were to radiate uniformly
into hemispherical space, DIy = DI =3 dB. Equations
are available for sound radiation into a sphere and into
a quarter sphere [23.15, 16].

23.2.2 International Standards for the
Determination of Sound Power

The International Organization for Standardization
(ISO) has published a series of international standards,
the ISO 3740 series [23.17], which describes several
methods for determining the sound power levels of noise
sources. Table 23.3 summarizes the applicability of each
of the basic standards of the ISO 3740 series. The most
important factor in selecting an appropriate noise mea-
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Noise | 23.2 Noise Sources

surement method is the ultimate use of the sound power
level data that are to be obtained.

In making a decision on the appropriate measure-
ment method to be used, several factors should be
considered: (a) the size of the noise source, (b) the
moveability of the noise source, (c) the test environ-
ments available for the measurements, (d) the character
of the noise emitted by the noise source, and (e) the
grade (classification) of accuracy required for the mea-
surements. The methods described in this chapter are
consistent with those of the ISO 3740 series. A set of
standards with the same objectives is available from the
American National Standards Institute (ANSI) or the
Acoustical Society of America (ASA).

Determination of Sound Power

in a Free Field
The basis for sound power level in a free field us-
ing sound pressure is the approximate relationships in
(23.28) and (23.29) above. Essentially, a measurement
surface is chosen and microphone positions are defined
over this surface. Sound pressure level measurements
are taken at each microphone position for each fre-
quency band, and from these, the sound power levels
are computed. The relevant ISO standards are ISO 3744,
ISO 3745, and ISO 3746.

Selection of a Measurement Surface. The international
standards allow a variety of measurement surfaces to be
used; some are discussed here. In selecting the shape
of the measurement surface to be used for a particu-
lar source, an attempt should be made to choose one
where the direction of sound propagation is approxi-
mately normal to the surface at the various measurement
points. For example, for small sources that approximate
a point source, the selection of a spherical or hemispher-
ical surface may be the most appropriate; the direction
of sound propagation will be essentially normal to this
surface. For machines in a hemi-anechoic environment
that are large and in the shape of a box, the paral-
lelepiped measurement surface may be preferable. For
tall machines in a hemi-anechoic environment having
a height much greater than the length and depth, a cylin-
drical measurement surface [23.18, 19] may be the most
appropriate.

Measurement in Hemi-anechoic Space. The sound
power determination in a hemi-anechoic space may be
performed according to ISO 3744 for engineering-grade
accuracy or according to ISO 3745 for precision-grade
accuracy. ISO 3744 is strictly for hemi-anechoic en-

Measurement z
surface
I 0.99r
0.89r I 0.667
10 ‘ 20
8~ 1719 | e 18 7
‘ 0.75r
16 45 i 1415 6
1 12.13 ‘ 20 u
) \ 0157} y
i X
Reference box
y
Measurement
surface
1
e ——o——>

Reference box

Fig. 23.9 Microphone positions for a hemispherical mea-
surement surface according to ISO 3744. [ISO CD 3744
(N1497)]. (Courtesy of the International Organiza-
tion for Standardization, Geneva, Switzerland. ©ISO,
WWW.150.01g)

vironments, while ISO 3745 includes requirements
for both hemi-anechoic and fully anechoic environ-
ments. These standards specify requirements for the
measurement surfaces and locations of microphones,
procedures for measuring the sound pressure levels
and applying certain corrections, and the method for
computing the sound power levels from the surface-
average sound pressure levels. In addition, they provide
detailed information and requirements on criteria for
the adequacy of the test environment and background
noise, calibration of instrumentation, installation and
operation of the source, and information to be re-
ported. Several annexes in each standard include
information on measurement uncertainty and the qual-
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Reference box

Reflecting plane

Fig. 23.10 Microphone positions for a rectangular mea-
surement surface according to ISO 3744. [ISO CD 3744
(N1497)]. (Courtesy of the International Organiza-
tion for Standardization, Geneva, Switzerland. ©ISO,
WWW.150.01g)

ification of the test rooms. ISO 3746 is a survey
method.

As examples, microphone positions for a hemispher-
ical measurement surface, a rectangular measurement
surface, and a cylindrical measurement surface are
shown in Figs. 23.9-23.11, respectively.

Determination of Sound Power

in a Diffuse Field
ISO 3741 is a precision method for the determination of
sound power level in a reverberant test environment. The
standard includes both the direct method and the com-
parison method described above. Requirements on the
volume of the reverberation room are specified. Qual-
ification procedures for both broadband and discrete
frequency sound, are included, the minimum distance
between the source and the microphone(s) are specified,
and other measurement details are given.

Determination of Sound Power in Situ
In ISO 3747, engineering or survey methods are given
for determination of the sound power of a source in situ,
when the source cannot be moved.

Determination of Sound Power

Using Sound Intensity
Sound intensity is discussed in detail in Chap.25.
The fundamental procedures for the determination of
sound power from sound intensity are discussed above.

Top path 1

Top path 2

N Reference box
Top path 3 !’ Q\

Side path 64. = l“ d

H=l3+d3

Side path 1

2R=1L+2d, 2R =1, +2d,

Reflecting plane

Fig. 23.11 Microphone positions for a cylindrical measure-
ment surface

The sound intensity is measured over a selected sur-
face enclosing the source. In principle, the integral
over any surface totally enclosing the source of the
scalar product (dot product) of the sound intensity
vector and the associated elemental area vector pro-
vides a measure of the sound power radiated directly
into the air by all sources located within the enclosing
surface.

The use of sound intensity to determine sound power
has several advantages over the free-field methods de-
scribed above using sound pressure.

1. It is not necessary to make the approximation / =
p?/pc. Therefore, it is not necessary to make any
assumption about the direction of sound intensity
relative to the measurement surface. What is required
is proper orientation of the intensity probe.

2. If there is no sound absorption within the mea-
surement surface, the sound energy that enters the
measurement surface from the outside also exits.
Therefore, the sound power measurement is less sen-
sitive to background noise levels and reflections from
room surfaces than the pressure methods described
above. The pressure methods require corrections for
background noise and, in some cases, environmental
corrections for reflections from room surfaces.

3. Measurements can often be made in an ordinary
room.

There are, however, disadvantages to the intensity
method.
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An intensity analyzer is more complex than a sound
level meter in the sense that the two channels required
for the measurements (Sect.23.1.8) must be carefully
matched in phase. When using discrete microphone po-
sitions, a very large number of microphone positions
may be required to obtain a specified accuracy in the
measurements. Mean square sound pressures on a mea-
surement surface are always positive, whereas sound
intensity may be outward from the measurement surface
(positive) or inward (negative). Thus, the summation
of sound intensities over the measurement surface may
produce a small number, and the accuracy of the mea-
surement may be difficult to determine.

Standards have been developed to overcome these
disadvantages. Instrument standards have been devel-
oped [23.11, 12] and there are standards available for
the determination of sound power via sound intensity
both for fixed intensity-probe positions [23.20] and for
scanning [23.21-23] with an intensity probe over the
measurement surface. The standards also describe field
indicators that can be used to estimate the accuracy of the
sound power determination, and technical information
on the use of field indicators is available [23.24,25].

After substantial experience with the determination
of sound power via sound intensity has been achieved,
it is expected that these standards will be revised.

Determination of Sound Power in a Duct

The most common application of in-duct measurements
is to determine the sound power radiated by air-moving
devices. The sound power level of a source in a duct
can be determined according to ISO 5136 [23.26] from
sound pressure level measurements, provided that the
sound field in the duct is essentially a plane progressive
wave, using the equation

S
Lw:Lp+1010gS— , (23.33)
0

where Lw is the level of total sound power traveling
down duct, L, is the sound pressure level measured just
off centerline of duct, S is the cross-sectional area of
duct, and Sp =1 mZ.

The above relation assumes not only a nonreflecting
termination for the end of the duct opposite the source
but also a uniform sound intensity across the duct. At
frequencies near and above the first cross resonance of
the duct the latter assumption is no longer satisfied.
Also, when following the measurement procedures of
ISO 5136, several correction factors are incorporated
into (23.33) to account for microphone response and
atmospheric conditions.

Equation (23.33) can still be used provided Ly, is
replaced by a suitable space average (Lp) obtained by
averaging the mean square sound pressures obtained at
selected radial and circumferential positions in the duct,
or by using a traversing circumferential microphone. The
number of measurement positions across the cross sec-
tion used to determine (L) will depend on the accuracy
desired and the frequency [23.27].

In practical situations, reflections occur at the open
end of the duct, especially at low frequencies. The ef-
fect of branches and bends must be considered [23.28].
When there is flow in the duct, it is also necessary to sur-
round the microphone by a suitable windscreen. This is
necessary to reduce turbulent pressure fluctuations at the
microphone, which can cause an error in the measured
sound pressure level.

23.2.3 Emission Sound Pressure Level

Another measure of the noise emission of a source is
the emission sound pressure level. The sound pressure
level measured in the vicinity of a noise source is de-
pendent not only on its operating condition, but also the
distance from the source and the acoustical environ-
ment — primarily reflections from the room surfaces
— but also on the presence of other nearby sources.
There are, however, cases where the noise emissions of
a source can be described using sound pressure levels.
These levels may be specified at an operator’s position
and at selected bystander positions, and in a controlled
acoustical environment. Peak C-weighted sound levels
(Sect. 23.1.4) may also be important when the levels are
high enough to cause hearing damage, and these lev-
els are not determined when using sound power level as
a measure of noise emissions.

A series of international standards has been de-
veloped to ensure consistency in the measurement
process and to estimate emission sound pressure levels
when only sound power level information is avail-
able. ISO 11200 [23.29] provides an introduction and
overview of the series. ISO 11201 [23.30] provides
guidance for measurements at the operating position
and bystander position when the acoustical environment
is a free field over a reflecting plane. If the measure-
ments cannot be made in a free field over a reflecting
plane, it may be necessary to use a semi-reverberant
environment. Using this method, A-weighted or C-
weighted peak sound levels may be measured using
ISO 11202 [23.31]. When only the sound power level of
the source is available, it may be necessary to make
estimates of the emission sound pressure level, and
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this procedure is covered in ISO 11203 [23.32]. As
in the case of engineering and survey methods for
determination of sound power level, environmental cor-
rections may be needed in the measurement of emission
sound pressure level, and this subject is covered in
ISO 11204 [23.33]. Sound intensity level may be used
to determine sound power level of a source, as described
in the previous section. Sound intensity measurement
may also be used in the determination of emission
sound pressure level. The procedures are standardized
in ISO 11205 [23.34].

23.2.4 Other Noise Emission Standards

Many standards organizations, trade associations, and
other organizations have developed standards to de-
termine the noise emissions of specific sources. This
section is devoted to a brief description of such stan-
dards.

ISO Standards
The ISO has many standards for specific noise sources.

Noise emitted by road vehicles [23.35-41]
Information technology equipment [23.42—44]
Noise emitted by rotating electrical
machinery [23.45]

Shipboard noise [23.46,47]

Aircraft noise [23.48,49]

Industrial plants [23.50,51]

Construction machinery [23.52]
Agricultural machinery [23.53,54]
Earth-moving machinery [23.55-58]
Lawn care equipment [23.59]

Air terminal devices [23.60]

Pipes and valves [23.61]

Brush saws [23.62].

For other equipment, the ISO has published stan-
dards related to the writing of noise test codes [23.63].

American National Standards

The determination of noise emissions from a wide
variety of mechanical equipment is the subject of
two American national standards. ANSI S12.15-
1992 [23.64] defines microphone positions and other
information for determining noise emissions from a wide
variety of tools. It defines measurement surfaces for
portable tools and gives information on determination of
sound power level for stationary tools. The tools covered
include the following.

Portable electric tools:

Circular hand saws
Drills

Grinders

Polishers
Reciprocating saws
Nibblers
Screwdrivers

Nut settlers and tappers
Hedge trimmers
Shears

Grass shears
Routers

Planers

Edge trimmers
Rotary cultivators

Stationary and fixed electric tools:

Drill presses
Scroll saws
Scroll saws
Disk sanders
Joiner/planers
Bench grinders
Belt sanders
Radial saws
Hacksaws
Band saws

A second American national standard, ANSI S12.16-
1992(R2002) [23.65], gives guidance to users on how to
request noise emission data for machinery, and refers to
industry standards for a wide variety of equipment. The
applicable standard is given and the data to be reported.
Examples of equipment included in the standard are:

Fans

Hydraulic fluid power pumps

Hydraulic fluid power motors

Pneumatic tools

Gear drives and gear motors

Mechanical equipment (general)

Liquid immersed transformers

Dry type ventilated and non ventilated and sealed

transformers

Control valves and associated piping

® Air-conditioning equipment; refrigeration equip-
ment, chillers, etc.

® Stationary heavy duty internal combustion engines

® Electric motors, turbines, and generators

® Machine tools
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23.2.5 Criteria for Noise Emissions

Criteria for noise emissions can be divided into standards
for making a noise declaration, specific criteria for both
indoor and outdoor sources, and criteria for obtaining an
environmental label for a product.

General Noise Declaration Standards
After the sound power level of a product has been de-
termined, the results are usually communicated to users
either in the form of a product noise declaration pub-
lished in product literature, on the manufacturer’s web
site, or a physical label attached to the product. The
emission sound pressure level may also be declared
(Sect.23.2.3). Noise declarations are generally in terms
of a statistical upper limit determined according to na-
tional or international standards. The basic statistical
procedures are contained in ISO 7574, a four-part series
of standards [23.66].

The preferred descriptor of product noise emis-
sions is the declared A-weighted sound power level,
Lwad.- A widely used international standard is
ISO 4871:1996 [23.67] for machinery in general. This
standard is an implementation of ISO 7574 and must be
followed by noise test codes. ISO 9296:1998 [23.68]
is an example of such a code specifically for com-
puter and business equipment (information technology
equipment).

Noise Emission Limits
Below, two examples of upper limits for noise emis-
sions are given, one for office equipment widely used
for specification of noise emissions of information tech-
nology equipment, and the other for specification of
outdoor equipment.

Indoor Equipment. Since the middle of the 1980s,
recommended limits for equipment in the information
technology industry have been published by the Swedish
Agency for Public Management, Statskontoret [23.69].
The limits are in terms of the statistical upper-limit A-
weighted sound power level of the equipment in bels.
Since a wide variety of products are produced in this
industry, it is necessary, in addition to upper limits,
to specify the environment in which the equipment
will be operated. A category 1 product is intended
for use in a large data-processing installation, either
generally attended or generally unattended, where the
installation noise level is determined by a large num-
ber of machines. Category 2 products are intended
for use in a business office where many persons op-

erate workstations. A category 3 product is intended
for use in a private office where, for example, per-
sonal computers or low-noise copiers are operated.
Users are encouraged to obtain the latest version of
the standard; it contains a great deal of information in
addition to the recommended upper limits in the table
below. Information on the presence of impulsive noise
and prominent discrete tones is also required in the
version below, and there is information on determina-
tion of the emission sound pressure level determined
according to the ISO 11200 series of international
standards [23.29-34]. While the limits in the table
below are recommended, they can become a require-
ment when written into a purchase contract or other
document.

Note that in the table below, the sound power level
is expressed in bels (1 bel = 10 decibels).

Outdoor Equipment. A source of noise emission re-
quirements for outdoor equipment may be found in
European Union directive 2000/14/EC [23.70]. The
directive specifies demanding noise limits and noise
markings for about 55 different types of equipment.
The intent is that the state of the art in noise reduc-
tion permits manufacturers to meet these limits without
excessive additional costs. The limits are stated in terms
of the A-weighted sound power level Lwa and the
measurements are to be made according to European
standards (EN) that correspond to ISO standards 3744
and 3746 [23.17].

The permissible sound power level shall be rounded
to the nearest whole number (less than 0.5 use the lower
number, greater than or equal to 0.5 use the higher
number).

Environmental Labels
An alternative to the declaration of a specific noise level
is the submission of product noise emission data to an
independent body, which makes a judgment of the data

Fig. 23.12 German Blue Angel logo
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relative to other similar products and allows an environ-
mental label to be used. Such labels are not limited
to noise levels, but are issued to products that display
a variety of favorable environmental characteristics. The
general objective of environmental labels (eco-labels)
is to provide a voluntary system to both allow manu-
facturers to identify environmentally friendly products
and to provide the public with a recognizable label that
designates environmental quality.

The first eco-label was the German Blue Angel
label [23.71]. Noise as a requirement to obtain the
Blue Angel label, illustrated in Fig. 23.12, is covered in
specific documents for a number of products. The veri-
fication criteria are prepared by the German Institute for
Quality Assurance and Certification (RAL).

* X %
*
*
*

\j=

N

*
*
*

Fig. 23.13 European Union (EU) Flower logo

Table 23.6 shows product categories and document
numbers for products with noise emission requirements.

Table 23.4 Recommended upper limits of declared A-weighted sound power level (From Statskontoret standard 26.5,

2002-10-01, Table 1)

Product description

Category I: Equipment for use in data processing (DP) areas
A. Products in unattended DP areas

B. Products in generally attended DP areas

Category II: Equipment for use in general business areas

A. Fully-formed character typewriters and printers

B. Printers and copiers more than 4 m distance from workstations
C. Tabletop printers and tabletop copiers

D. Processors, controllers, disk and tape drives, etc.

(more than 4 m distant from workstations)

E. Processors, controllers, disk and tape drives, etc.

(less than 4 m distant from workstations)

Category III: Floor-standing use in quiet office areas

A. Printers, typewriters, plotters

B. Keyboards

C. Processors

D. Tabletop processors, controllers, system units including built-in disk

drives and/or tapes, display units with fans *
E. Display units (no moving parts)

Notes:

Recommended upper limit
A-weighted sound power level in bels

Lwad Lwada
Operating Idle
8.0+L 8.0+ L
75+L 75+L
7.2 5.5

7.2 6.5

7.0 5.5
7.0+ L 7.0+ L
6.8 6.6

6.5 5.0
6.2 N/A
6.0 5.5

5.8 5.0
4.5 4.5

1. L =10g(S/Sp). S is the footprint area of the product, in square meters. Sy is the reference footprint area, equal to 1m?. If
S < 1 m?, S shall be set equal to 1.0. (Thus the specification will not get lower than 8.0 and 7.5 and 7.0 bels for Category IA and

IB and IID, respectively)

2. For products comprised of multiple racks or frames of equal footprint areas linked together, the reference footprint area Sp shall
be set equal to the footprint area of the individual racks or frames, or to 1.0 m?, whichever is smaller

3. The calculated value of the recommended upper limit (for Category IA, IB, and IID) may be rounded to the nearest upper 0.1 bel
4. For Category IIID products, especially for personal computers to be used in the home, lower values are often recommended
(e.g., Lwaq =5.5B operating and Ly, = 4.8 B idle; see, for instance, European Commission decision 2001/686/EC and Swedish

TCO 99)
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Table 23.5 Table of limit values from EU directive 2000/14/EC

Type of equipment

Compaction machines (vibrating rollers,
vibrating plates, vibratory hammers

Tracked dozers, tracked loaders,
tracked excavators—loaders

Wheeled dozers, wheeled loaders,
dumpers, graders, loader-type

landfill compactors, combustion-
engine driven counterbalanced lift
trucks, mobile cranes, compaction
machines (non-vibrating rollers)

paver finishers, hydraulic power packs
Excavators, builder’s hoists for the
transport of goods, construction winches
motor hoes

Hand-held concrete breakers and picks

Tower cranes
Welding and power generators

Compressors

Lawnmowers, lawn trimmers/
lawn edge trimmers

Notes:

Net installed power P Permissible sound power level

(in kW); Electric (dB/1pW)

Electric power P in kW; Stage I Stage II

Mass of appliance m in kg; as from as from

cutting width L in cm 3 January 2002 3 January 2006

P<38 108 105

8< P <70 109 106

P>10 89+ 11log P 86+ 11log P

P <55 106 103

P>55 87+ 11log P 84+ 11log P

P <55 104 101

P> 55 85+ 11log P 82+ 11log P

P <15 96 93

P> 15 83+ 11log P 80+ 11log P

m <15 107 105

15 <m <30 944 111log P 924 111logm

m > 30 96+ 111log P 94+ 11logm
98 +log P 96 +log P

Py<2 97 +log Pe; 95 +log Pej

2< Py <10 98 +log Pe) 96 +log Pe)

Py > 10 97 +log Pe; 95 +log Pej

P<15 99 97

P>15 97 +2log P 95+2log P

L <50 96 94(%)

50<L <70 100 98

70 < L <120 100 98(%)

L > 120 105 103(%)

1. P for welding generators: conventional welding current multiplied by the conventional load voltage for the lowest value of the

duty factor given by the manufacturer

2. P, for power generators: prime power according to ISO 8528-1:1993, point 13.3.2
3. Indicative figures only. Definitive figures will depend on amendment of the directive following the report required in article 20(3).
In the absence of any such amendment, the figures for stage I will continue to apply for stage II

A review of Blue Angel requirements specifically
for noise emissions of construction equipment is avail-
able [23.72].

A more recent eco-label is the European Union
EU Flower designation [23.73]. Currently, only per-
sonal computers [23.74] and portable computers [23.75]
have noise emissions included with other environmental
requirements. The EU Flower label is illustrated in
Fig.23.13.

Other European countries with eco-label programs
include Austria, France, and the Nordic countries.

23.2.6 Principles of Noise Control

Asillustrated in the previous section, the noise emissions
of a wide variety of equipment are of importance, and it
is not possible to present noise reduction on each type
here. It is however, possible to present general principles
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Table23.6 German Blue Angel product categories with
noise criteria

Product category Relevant document
Automobile tires, low noise RAL-UZ 89
Commercial vehicles RAL-UZ 59a and
and buses RAL-UZ 59b
Workstation computers RAL-UZ 78
Construction machinery RAL-UZ 53
Garden shredders RAL-UZ 54
Portable computers RAL-UZ 93
Printers RAL-UZ 85
Copiers RAL-UZ 62
Low-noise and RAL-UZ 83
low-pollutant chain saws

Low-noise waste- RAL-UZ 21

glass containers

of noise reduction. A widely distributed set of principles
was prepared by Ingemansson [23.76]. One principle
and its application is shown in Fig. 23.14.

The text below is partly organized according to those
principles. In the following section, examples of the
control of stationary noise sources are given.

As discussed in Sect. 23.0.2, sources of sound in the
wave equation include mass introduced into a region,
the application of a fluctuating force, transfer of heat,
or stresses induced by turbulence. A fluctuating force
or excess force produced by the speed of moving me-
chanical parts produce noise, and reduction of this force
will reduce noise levels. In particular, high-frequency
noise is generated by abrupt changes in force. Lower-
frequency noise is produced by more gradual changes in
force. Heavy objects impacting at high speeds generally
produce less noise than lighter objects at low speeds.

Forces transmitted to large radiating surfaces also
cause sound to be radiated, and these forces can be re-
duced by vibration isolation. Practical vibration isolators
include rubber—plastic materials, cork, and various types
of springs.

A reduction in the area of vibrating surfaces also re-
duces noise levels. When a plate, such as a cover over
a portion of a rotating machine is not used to provide
transmission loss, a perforated plate will reduce the vi-
brating area and reduce the radiation from the plate.
Sound cancelation takes place between the front and
back of a vibrating device such as a loudspeaker or
a plate. Cancelation is more effective for a long narrow
plate than for a square plate having the same area. This
may have applications, for example, in the design of
belt drives. Cancelation is also more effective for plates

with free edges rather than edges which are clamped.
Plates may also be covered with materials with a high
degree of internal damping, thus producing absorption
of sound that might otherwise be radiated as sound. This
may apply, for example to objects that resonate such as
saw blades. In general, damping is most effective at high
frequencies.

In solid structures, structure-borne sound may travel
over long distances, and its effect on radiated sound
can be reduced by vibration isolation. Flexible connec-
tions are useful for prevention of noise transmission
from a machine into a pipeline. Separate isolation pads
may be used for mounting machinery, and heavy rigid
foundations are generally most effective.

When the wavelength of sound is small (high-
frequency sound), sound-absorptive materials are most
effective, and enclosures may be an effective means of
noise control. The sound attenuation in air is also greater
for high-frequency sound than low-frequency sound,
which means that there can be additional attenuation
due to the distance between a source and an observer
(Sect.23.3.1 and Chap. 4). However, a high-frequency
sound pressure level is perceived to be louder than
alow-frequency sound of the same level. This difference
is expressed in the A-weighting curves in Sect. 23.1.4.
Thus, conversion of a high-frequency sound to a low-
frequency sound may result in a reduction in perceived
noise level, and a reduction measured using A-weighting
on a sound level meter.

Tones can be produced when air flows past an ob-
ject. An example is wind passing over high tension
wires. Vortices are shed from the wire (Karman vor-
tex street), and this produces a fluctuating force on the
wire, which results in radiation of sound. Adding an ir-
regular structure to the object may reduce the strength
of such forces and reduce the noise level. Tones can also
be generated by wind passing over resonators, and noise
levels may be reduced by altering the geometry of the
resonator.

In pipes carrying fluid, constrictions, as may be pro-
duced by a valve, bends, and other obstructions generate
forces in the system which lead to sound radiation. Noise
can be reduced by gradual changes in bends, cross sec-
tions, and pipe lengths that are long enough to allow the
levels of turbulence to be reduced. Lower exhaust air
flows also result in reduced noise levels, especially in
high-Mach-number regions where the noise is generated
aerodynamically, and the radiated noise is proportional
to the eighth power of the Mach number. Another way to
reduce noise from exhaust air flows is to add secondary
flow of a lower speed around a high-speed exhaust jet.
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Fig.23.14a,b An example of how fans make less noise when placed in smooth undisturbed air streams. Illustrations
courtesy of Ingemansson Technology, Gothenburg, Sweden. (a) principle, (b) application with ventilation

This is the principle of the high-bypass-ratio jet engine,
and may also apply to compressed-air nozzles when used
as part of a cleaning system in industrial applications.
In air-moving devices, particularly axial flow fans, tur-
bulence in the inlet air stream causes the angle of attack
of the flow incident on the fan blades (airfoils) to vary,
and generates fluctuating lift forces on the blades. Thus,
obstructions in inlet air streams should be avoided.

The presence of solid surfaces affects the radiation of
sound. Foridealized sources such as monopoles, dipoles,
and quadrupoles (Sect.23.0.3), the reflected pressure
from one or more surfaces may be in phase with the
particle velocity of the source on a small surface sur-
rounding the source and thus produce a radiated sound
power that is greater than the sound power that would be
radiated by the source in a free field [23.77]. For actual
machines, placement in, for example, a corner results in

reflected sound waves that increase the measured sound
pressure level. Thus, machines should be spaced a dis-
tance from walls and corners to reduce noise level. This
effect is included in the prediction algorithm described
in Sect.23.3.3.

Acoustical materials for noise reduction are de-
scribed in Sect. 23.3.3. Because good sound absorption
requires a particle velocity in the material, and the par-
ticle velocity in a sound wave is small near a rigid
surface, thick materials tend to be better sound absorbers
than thin materials when placed on a rigid surface. Also,
an air gap between arigid wall and sound-absorptive ma-
terial tends to increase sound absorption (Sect.23.3.3).
A layer of perforated metal with relatively large per-
forations is effective in protecting the surface of the
material from abrasion, and has relatively little effect on
the sound-absorptive performance of the material. The
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shape of the perforations may take many different forms.
Sound-absorptive material is also effective when used on
ceilings in conjunction with screens in an office environ-
ment, since sound transmitted over the screen may be
reflected before reaching an observer on the other side
of the screen.

When sound travels in a tube, an expansion chamber
as part of the tube may reduce noise levels. This prin-
ciple may be used in reactive silencers. An example of
a generic reactive silencer is given in Sect. 23.3.4. Such
silencers with added sound-absorptive material may pro-
vide additional sound absorption. Dissipative silencers
contain sound-absorptive materials, as discussed in the
same section. Sound cancelation at selected frequencies
may be achieved by using a tube with a side path which
is long enough to produce sound cancelation between
the wave that travels down the duct and the wave that
travels over the side path.

The effect of wall constructions on noise reduction
is covered in Chap. 11.

23.2.7 Noise From Stationary Sources

One of the most pervasive sources of noise is noise
generated by air-moving devices. The general principles
of control of noise from these devices is described below.
Noise from other stationary sources is the subject of
current research.

Air-Moving Device Noise
Air moving devices (AMDs) (e.g., fans and blowers) are
widely used in a variety of equipment, and are a perva-
sive source of noise. These devices (AMDs) may have
a very large diameter, and used in ventilating systems
for buildings as well as in industrial processes. Large
fans are usually axial devices and large blowers are cen-
trifugal devices that may have either forward-curved or
backward-curved blades. Smaller units may be used for
home heating and ventilating as well as in industrial
equipment such as that produced for the information
technology industry. Axial fans are most common, but
centrifugal blowers are also used when the system re-
sistance (see below) is relatively high. Other air-moving
devices, such as cross-flow fans, motorized impellers, or
mixed-flow devices may also be used.

The primary source of noise is fluctuating lift forces
on the blades as turbulent air passes through the unit. For
high values of inlet turbulence, there is a fluctuating an-
gle of attack on the blades, and this leads to fluctuating
lift forces. Forces are also produced by flow separa-
tion from the blade, and by vortices being shed from the

blades. The radiated noise is broadband in character with
discrete frequency components at the blade passage fre-
quency and its harmonics. The blade passage frequency
is

B N
f=Bxs,
where f is the frequency in Hz, B is the number of blades
and N is the device speed in revolutions per minute
(rpm).

A performance curve is common to all types of
air-moving devices, illustrated in Fig.23.15 for a small
centrifugal device. All systems have a resistance to air
flow, and the system resistance can generally be defined
as a quadratic function of air flow, as illustrated in the
figure. The intersection of these two curves is the op-
erating point for the device. If the flow rate is zero, the
condition is known as shutoff, and when the static pres-
sure is zero, the condition is known as free delivery.
The air flow through the blades under either condition is
poor, the noise level tends to rise as discussed below.

The static efficiency of an air-moving device is
generally defined as

_Pro
_Win’

(23.34)

Ms (23.35)

where P is the static pressure rise in Pa (N/m?), Q is
the volume flow rate in m3 /s, and Wy, is the input power
to the device in W. The static efficiency is a maximum
at some point on the performance curve, as illustrated in
Fig. 23.16 for a constant input power. An operating point
near the point of maximum static efficiency is desirable
for low noise radiation, and is usually a design goal for

Static pressure (Pa)

A
25.0
20.0 .
System resistance curve
15.0
10.0
Performance curve
5.0 -
Operating
point
0 £
0 0.020 0.040 0.060 0.080 0.100 0.120

Flow rate (m?/s)

Fig.23.15 Performance curve for a small centrifugal
blower
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3

1.00]
0.80
0.60
0.40

0.20

0 >
0 0.020 0.040 0.060 0.080  0.100
Volume flow rate (m*/s)

Fig. 23.16 Illustration of air-moving device static efficiency
for a constant input power

large devices. In the design of small ventilating systems,
the system resistance is often not known accurately, and
optimal design may be difficult to achieve. However,
an operating point to the left of the point of maximum
static efficiency is usually undesirable, both from the
viewpoint of flow instability and increased noise.

The choice of a type of air-moving device is usually
dictated by the desired specific speed N defined as

NQI/Z

Ns=— > (23.36)

where N is the rotational speed of the air moving device,
and P and Q are defined above. Axial flow devices are
generally used at low pressures and high-volume flow
rates (high specific speed), and centrifugal devices are
usually used at relatively high pressures and low-volume
flow rates (low specific speed).

For noise radiation from large air-moving devices,
it is often useful to use a sound law first proposed by
Madison [23.78]. Its validity depends on the point of rat-
ing for a homologous series of air-moving devices. For
such a series, it is useful to define dimensionless param-
eters, the pressure coefficient {r and the flow coefficient

¢ as:

2P
Y= W, (23.37)
¢:nDQ3N’ (23.38)

where D is a characteristic dimension (diameter), and
N is the rotational speed of the device. Then, the perfor-
mance curve for any device in the series can be expressed

as a single curve of v versus ¢ and the operating point
discussed above becomes the point of rating for the
series.

The sound law is then

P?Q
PiQo

W = W, x (23.39)

where W; is the specific sound power, and W is the
radiated sound power of the device Py and Qg are 1 Pa
and 1 m3 /s, respectively.

No frequency dependence was given in (23.39), but
values of W are often published in octave bands. It must
be emphasized that (23.39) is valid only at a given point
of rating. If the operating point goes from shutoff (P = 0)
to free discharge (Q = 0), the point of rating is changing,
and the radiated sound power does not go to zero at these
extremes; in fact, it generally increases, as illustrated in
Fig.23.17. The above sound law is most useful in the
design of large systems when the system resistance is
known and the air-moving device operates near its point
of maximum static efficiency. Using (23.37), (23.38),
and (23.39), it can be shown that at a given point-of-
rating, the sound power is proportional to the fifth power
of the speed of the device.

For small air-moving devices, it is most meaning-
ful to obtain sound power level data on the device itself,
usually as a function of speed, operating point, or both.
An apparatus for determination of sound power of small
devices has been standardized both nationally and inter-
nationally [23.79,80] and is shown in Fig. 23.18 [23.81].
The AMD is mounted on a flexible membrane for air-
borne noise tests. Small fans mounted on lightweight
structures are known to transmit energy into the struc-
ture, which can then be radiated as sound. The same test
apparatus can also be used for evaluation of the structure-
borne vibration of small AMDs if the membrane is
replaced by a specially designed plate [23.82].

Relative A-weighted sound power level (dB)

3.50
3.00
2.50
2.00
1.50
1.00
0.50

0 0020 0040 0060 0080 0.100 0.120
Flow rate (m’/s)

Fig.23.17 An illustration of relative sound power level as
a function of flow for a small air-moving device
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Fig.23.18 Test plenum for determination of the sound
power level of small air-moving devices (In 1962, an early
version of this apparatus was first used to determine the
sound power output of centrifugal blowers [23.81])

A history of noise control in small air-moving de-
vices is available [23.83]. The following guidelines have
proved to be useful for the design of cooling systems for
electronic equipment [23.84].

1. Design the system to be cooled to have the lowest
possible static pressure rise for the required air flow.
A low static pressure rise indicates that the AMD
can operate at a low tip speed, resulting in a low
noise level. The static pressure rise across a system
is caused by several sources of resistance such as
the devices being ventilated and finger guards which
may be required for safety. If unnecessary sources
of resistance can be eliminated, the air flow will
increase. It should then be possible to reduce the tip
speed of the device (speed of the outer edge of the
AMD blade) to obtain the desired air flow at a lower
noise level.

2. Select an AMD so that it operates near its point of
maximum static efficiency, considering the required
air flow rate and the pressure drop through the sys-
tem. Operation away from the point of maximum
static efficiency should be in the direction of lower
static pressure rise and higher air flow (see point 3).

3. Select a point of operation of a fan that is away from
the best efficiency point in the direction of higher
air flow and lower static pressure rise. Small fans
are often unstable when operated at air flow rates
less than the air flow rate at the best efficiency point.

They are often very noisy under conditions of high
static pressure rise and low air flow rate.

4. Select a fan or blower with a low sound power level
and avoid devices that have high level peaks in their
one-third-octave-band sound power spectrum. Such
peaks usually indicate the presence of discrete fre-
quency tones in the spectrum. Such tones can be
difficult to eliminate and are generally a source of
annoyance.

5. Select a fan or blower having the lowest speed and
largest diameter consistent with the other require-
ments.

6. Minimize system noise levels by designing the sys-
tem so that obstructions are not present within one
fan diameter of the inlet to axial-flow fans so that
the airflow into the inlet of axial-flow fans [23.85]
is as spatially uniform as possible. Avoid the direct
attachment of the AMD to lightweight sheet-metal
parts.

7. Axial-flow fans should generally be mounted so that
the air-flow direction is toward the equipment be-
ing cooled. Pulling air over equipment being cooled
usually causes undesirable turbulence at the fan in-
let, and produces an increase in noise level. See also
item 6 above.

8. When possible, consider operating the AMD at
a lower rotational speed. Then noise generally varies
as the fifth power of the rotational speed, speed
reductions produce significant reductions in noise
level.

Active Noise Control
As shown in Sect. 23.0.2, in a linear medium sound pres-
sures at a given point in space add. Therefore, in theory,
if one sound pressure is created by a source and another
pressure equal in amplitude and of opposite sign is cre-
ated by a second source, the resulting sound pressure is
zero. This is the principle of active control of noise. In
practice, active control is difficult to achieve, and there
are many technical issues involved.

The electronic sound absorber of Olson and
May [23.86] was a very early attempt to produce ac-
tive noise control. At the time, only analog circuits were
available, it was necessary to control the low-frequency
phase shift of both the loudspeaker and microphone used
in the experiments — a subject of interest to both of
the authors. With the introduction of signal process-
ing techniques in the late 1960s and 1970s, and its
rapid development in the 1980s and 1990s, active con-
trol became more practical, in spite of many limitations
which still exist. Nevertheless, there have been success-
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ful applications. Good results are obtained only at low
frequencies (long wavelengths) and for sources that are
small compared with the wavelength of sound. In gen-
eral, discrete-frequency noise is easier to cancel than
broadband noise.

There are several configurations of a source and
one or more loudspeakers that can produce active noise
reduction:

1. Noise control in a duct. This generally requires a mi-
crophone to determine the sound coming along the
duct, a loudspeaker mounted at the side of the duct,
an error microphone, and signal processing to deter-
mine the signal to the loudspeaker which will reduce
the sound pressure level at the error microphone
(ideally) to zero. This configuration is most suc-
cessful for low-frequency sound and for plane-wave
propagation in the duct.

2. Reduction of radiation efficiency. Placement of one
or more canceling sources very close to the noise
source. In the case of a single canceling source, the
effect of the canceling source is to create a dipole
source and to reduce the radiation efficiency of the
combined noise source — canceling source. In prin-
ciple, one could use three canceling sources which,
with proper phasing, reduces the radiation efficiency
even further by creating a quadrupole source.

3. Creation of an outgoing wave field. Using several
loudspeakers around a source, and processing the
driving signals to the loudspeakers in such a way as
to produce an outgoing wave equal in amplitude and
opposite in phase to the wave field of the source.

4. Creation of a zone of silence. Using one or more
loudspeakers to cancel the noise generated by
a source at a point in space, creating a zone of si-
lence in the vicinity of the point. Such zones are
small compared with the wavelength of sound, and
in any practical application, many loudspeakers are
needed.

5. Global reduction inside an enclosed space. Investi-
gation of the modal structure of an enclosed space
and placement of a large number of microphones
and cancelation sources within the space. A com-
plex signal-processing system is then used to create
anet noise reduction in the space. This technique has
been used in the cabins of small turboprop aircraft.

6. Active headsets. A cancellation field is created in
the ear canal when a headphone is worn, thereby
creating a noise-canceling headset. Such headsets
are commercially available.

The literature on active noise control includes books
[23.87, 88], articles [23.89, 90], conference papers
[23.91-95], and collected works [23.96].

Other Stationary Sources
Noise from other stationary sources covers a very wide
variety of machinery and equipment. Many examples
of noise control may be found in the Noise Control
Engineering Journal and in the INTER-NOISE and
NOISE-CON series of international congresses and con-
ferences on noise control engineering(Sect. 23.6).

23.2.8 Noise from Moving Sources

Vehicle Noise
Noise emissions from motor vehicles are an impor-
tant source of environmental noise in almost every
industrialized country in the world, and many steps
have been taken to reduce these levels. Unlike aircraft
noise, vehicle noise affects populations in a very wide
geographical area, and is pervasive in any area with
a well-defined roadway network. In recreational areas,
noise from snowmobiles and other recreational vehicles
is a major source of annoyance. However, in this section,
emphasis is on road vehicles — passenger cars, buses, and
trucks. Aside from reduction of the noise emissions of
the vehicles themselves, noise barriers and buffer zones
are the primary methods of shielding persons from mo-
tor vehicle noise. The properties of noise barriers are
discussed briefly in Sect.23.3.1, and in more detail in
Chap. 4.

The major sources of vehicle noise can be divided
into power-train noise (cooling fan, engine, drive train,
exhaust), tire—road interaction noise, and wind noise.
The latter is not a major source of noise. Fan noise has
been described in Sect. 23.2.7. Engine noise is produced
by pressure fluctuations within the engine due to com-
bustion, their interactions with mechanical components,
transmission into the engine block and subsequent ra-
diation. Gear noise is produced by the drive train, and
exhaust noise is attenuated by the muffler. The relative
importance of these sources is highly dependent on the
type of vehicle and its design. Considerable progress
has been made in the reduction of all of these sources,
partly because of the development of regulatory limits
on pass-by noise in nearly every industrialized country
in the world, but also because of the desire of manufac-
turers to reduce the interior noise in vehicles. As a result,
tire—road interaction noise has become a major source
of exterior vehicle noise, especially at high speeds.
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As part of a study on the effect of noise regula-
tions on traffic noise [23.97], the International Institute
of Noise Control Engineering summarized some of the
noise reduction measures that have been taken to re-
duce the noise emissions of motor vehicles. Examples
are given in Table 23.7 below.

The international standard for the determination of
pass-by noise, a common descriptor of vehicle noise
emissions, is ISO 362 [23.98], which specifies mea-
surement methods, including microphone position, the
characteristics of the test area in the immediate vicin-
ity of the vehicle, driving mode, and the area of the
site that must be free from obstructions. In summary,
this document specifies that the test vehicle is driven
over a designated test area with a standardized road
surface. Fixed microphones are located 7.5 m from the
vehicle path center line (In the United States, the mi-
crophone distance is 15m and the relevant standards
are SAE J986 and SAE J366.). Vehicles approach the
test area at a constant speed, usually 20—50km/h, but
the throttle is fully open when the vehicle is within
£10m of the microphone positions. The maximum A-

weighted fast sound level during the acceleration is
measured.

The relative importance of power train and tire/road
interaction noise has been studied by Sandberg and Ejs-
mont [23.99]. The relative importance of these sources
depends on the year of vehicle manufacture, the type
of vehicle (cars, heavy trucks), and engine speed. The
characteristics of the tire itself (tread, sidewall stiffness,
etc.) are also important — as is the character of the road
surface. The relative importance of these sources may
be described in terms of a crossover speed — the speed
at which tire-road noise becomes more important than
power train (power unit) noise.

It can be seen from Table 23.8 that at normal speeds
on major highways, tire-road interaction noise is the
dominant source of vehicle noise emissions. In the table
caption, “SMA” refers to a stone mastic asphalt surface
and “chippings” refers to stones in an asphalt concrete
surface that also consists of sand, filler, and an asphalt
binder.

A qualitative description of the sources of noise radi-
ation from tires includes radial and tangential vibration

Table 23.7 Examples of noise reduction measures in motor vehicles. (Table 1 from [23.97])

Engine in general Other vehicle components

o Switchover to turbo-charged engines

o Optimization of the engine combustion process,
e.g., by using electronics or by improving the shape
of the combustion chamber

o Encapsulation or shielding of entire engines

or especially noisy parts of them

e Use of hood blankets or laminated covers

e Sound-absorptive material in the engine compart-
ment

o Optimization of the stiffness of the cylinder block
o Use of structure-borne noise-reducing material

o Improvement of gearboxes, damped propeller shafts
o Improved rear-axle transmission

o Shielding of transmission components

o Regulation of the fan by thermostat

e Decreased speed of fan by using a larger fan

or optimization of fan shape

o Silencers for air compression outlet noise

e Improvements of brakes for reduction of brake
squeal

o Improved aerodynamics

o Selection of suitable tires (low noise at acceleration)

Exhaust system Induction system

e Minimization of outlet and mantle emission of
exhaust silencers, e.g., by increased volume

o Introduction of more than one silencer

o Optimization of pipes to/from the silencer,
e.g., by equal length pipes or air gap pipes

e Dual-mode muffiers

e Use of absorptive materials

e Active noise control

o 1/4-wave tuners or other resonators

o Thicker duct walls, and/or lined ducts
o Increased volume of air cleaner

o Intake covers or shields

e Active noise control
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Table 23.8 Crossover speeds for various cases. According
to Sandberg [23.99] “The table assumes that ‘normal’ tires
are used, and that the road surface is a dense asphalt concrete
or an SMA with max 10-14 mm chippings. ‘Cruising’ is
constant speed, and ‘Accelerating’ means an ‘average’ way
of accelerating after a stop, but not as much as in the ISO
362 driving mode.” (After [23.99] Table 5.1)

Vehicle type Cruising Accelerating
Cars made 1985-95 30-35km/h  45-50km/h
Cars made 1996- 15-25km/h 30-45km/h
Heavy trucks made 40-50km/h 50-55km/h
1985-1995

Heavy trucks made 1996- 30-35km/h 45-50km/h

of the tire treads, axial vibrations of the sidewalls, air
pumping due to the deformation of the tread by irregu-
larities in the road surface, and possibly vibration of the
rim of the tire. At low frequencies, there is evidence that
the tire treadband can be considered to be a cylindrical
beam elastically supported by the sidewall [23.100].

A quantative description of tire-road noise is best
obtained by development of a model of the sound ra-
diation. A history of past modeling attempts has been
given by Kuijpers and van Blokland [23.101], and more
generalized models are also available [23.102, 103].

The road surface itself has a significant effect on the
generation of tire noise. The roughness of the surface
affects the excitation of the tire and subsequent gener-
ation of noise; the porosity of the surface effectively
changes the compressibility of trapped air, and if the
acoustic impedance is in the range to absorb sound, en-
ergy can be absorbed by the surface. Information on the
characteristics of porous surfaces is given in [23.99].

Tire-road interaction noise is currently the subject
of intensive research. Bernhard et al. have given a sum-
mary of research [23.104], Sandberg et al. [23.105]
have discussed poroelastic road surfaces, and Thornton
et al. [23.106] have studied the variability of existing
pavements. Although porous surfaces have been shown
to provide noticeable reductions in traffic noise levels,
questions remain about the durability of these surfaces,
especially in cold climates. The durability of such sur-
faces in a warm climate has been studied by Donavan
etal. [23.107].

Traffic Noise Prediction Models. The US Federal High-
way Administration has released version 2.5 of the traffic
noise model, which may be used for a wide variety of
calculations related to traffic noise. The characteristics

of the model are described in Sect.23.3.1 on outdoor
noise barriers.

Aircraft Noise
Exterior noise emissions of aircraft are of major impor-
tance to persons on the ground, and interior noise emis-
sions are a concern of both airline passengers and crews.

Aircraft Noise Emissions. Noise emissions from civil
aircraft have been regulated for more than 35 years, first
by the Federal Aviation Administration in the United
States, and later, internationally, by the International
Civil Aviation Organization (ICAQO). Nevertheless, al-
though the noise from individual airplanes has been
significantly reduced, the total exposure to aircraft noise
for residents in communities near many airports has
increased because of the growth in the number of
aircraft operations at airports throughout the world. Con-
sequently, operators of the airplanes and the airports
continue to face limitations because of aircraft noise.
This section discusses the noise emissions of aircraft;
noise at the receiver is discussed in Sect.23.4.4. Re-
quirements for the noise levels that may be produced by
aircraft are given in title 14 of the US Code of Federal
Regulations, 14CFR part 36 [23.108] and in annex 16 to
the Convention on International Civil Aviation (ICAO
annex 16) [23.109].

The methodology of determining the noise emission
of aircraft for certification purposes is well developed.
Certification noise levels are not intended to, and do
not, represent noise levels that may be measured in
communities around airports.

Certification noise limits, in terms of effective per-
ceived noise level (EPNL), are specified at three points
— known as lateral, flyover, and landing approach.
The limits are a function of the maximum design
takeoff gross mass, and apply to both jet-powered
and propeller-driven transport-category airplanes, busi-
ness/executive airplanes, and helicopters. The limits
apply to new-design airplanes and to retrofit modifi-
cations of old-design aircraft.

Perceived noise levels are determined from 500 ms-
average one-third-octave-band sound pressure levels, at
500 ms intervals, and are adjusted for the additional
noisiness caused by prominent tones, if present, or
other spectral irregularities. For each of the three noise-
measurement points, effective perceived noise levels are
determined from the time integral of tone-corrected per-
ceived noisiness and adjusted to reference atmospheric
conditions, reference flight paths, reference airspeeds,
and reference engine power settings.
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The first issue of 14CFR part 36 became effective
in 1969; ICAO annex 16 was first issued in 1971. The
main objective of those regulations was to ensure that
noise produced by new aircraft designs would be less
than the noise produced by earlier designs. In the years
since the initial issue, the certification noise level limits
have been gradually reduced in stages.

Stage 1 airplanes are the noisiest, and include the
as-manufactured versions of the Boeing 707 and Mc-
Donnell Douglas DC8 and various business/executive
jets. Stage-2-compliant airplanes have lower noise lev-
els than stage 1 airplanes. Noise levels from airplanes
that comply with stage 3 requirements are even lower.
An airplane that complies with the Stage 1, 2, or 3 re-
quirements of 14CFR Part 36 also complies with the
corresponding Chap. 1, 2 or 3 requirements of [CAO
Annex 16.

ICAO Annex 16 recently introduced the Chap-
ter 4 requirements for jet-propelled airplanes and for
propeller-driven airplanes having a takeoff gross mass
of more than 8618 kg. The FAA is considering adop-
tion of similar stage 4 requirements. Noise-level limits
for chapter 4 compliance are the same as for chap-
ter 3 compliance but compliance was made more
stringent by eliminating the tradeoff provisions that had

Noise level, EPNdB (1500’ sideline)

been part of the chapter 2 and 3 (or stage 2 and 3)
requirements.

As an example of the changes to the certification
noise-level limits, the effective perceived noise level
limit at the lateral position for a takeoff gross mass
of 200000kg (4410001bf) is 107.1dB for a chap-
ter 2/stage 2 airplane at 650 m to the side of the takeoff
flight path, and 100.4dB for a chapter 3/stage 3 air-
plane (or a chapter 4 airplane) at 450 m to the side of
the takeoff flight path. Changes in lateral noise levels
are representative of improvements in the technology of
aircraft noise reduction.

Figure 23.19 illustrates trends in the progress in re-
ducing the noise emission from commercial jet aircraft.
There are no chapter 1/stage 1 airplanes operating in
most of the industrialized countries of the world and
only a few chapter 2/stage 2 airplanes.

For jet-powered and propeller-driven airplanes, the
engines are the principal sources of noise during ground
roll, climb-out, and landing. Sound produced by vor-
tices shed by the extended landing gear and by wing
leading-and trailing-edge devices (flaps) contributes to
the noise level under landing-approach flight paths,
and is an important consideration as engine noise is
reduced.

A
120 . Turbojet
B%Z " » Normalized to 100 000 Ib thrust
s, CV990A * Noise levels are for airplane/engine
8 720 configurations at time of initial service
707-100Q*+  CV880-22
Comet 4 S
~ A BAC-111
1ol @ DC8-20Q ‘-, i Q@BAC
*. DCY-10
. E -
£1QQ737-100
7073008 PG 737,000
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Fig. 23.19 Progress in aircraft noise reduction. Effective perceived noise level at the 450 m lateral noise-measurement
point normalized to a total static thrust of 444 800 N for the noted airplane/engine configurations at the time of initial
service. (After Willshire [23.110]; adopted from Condit [23.111])
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Reduction of airplane engine noise during departure
operations (as illustrated in Fig.23.19) was achieved
primarily by increasing the bypass ratio, and hence the
diameter of the fan stage at the front of the turbofan
engines. Bypass ratio is the ratio of the mass flow rate
of the air that passes through the fan-discharge ducts
to the mass flow rate through the turbine stages in the
core of the engine. Design thrust is provided by moving
a large amount of air at a lower exhaust-gas velocity
and hence with lower levels of jet-mixing noise at high
engine-power settings. Higher bypass ratios also result
in better fuel efficiency for the same thrust, although at
an increase in engine weight and diameter.

Discrete-frequency noise from the fan, compressor,
and turbine stages is reduced by means of sound-
absorbing linings in the engine inlet and discharge ducts.
Tonal components in the sound from the fan stages are
minimized or eliminated by careful selection of the num-
ber of blades and vanes and by increasing the spacing
between the fan stage and the fan-outlet guide vanes. In-
let guide vanes ahead of the fan blades are no longer
used in modern turbofan engines.

A summary of technology for engine noise-control
designs is available [23.112]. A summary of retrofit
applications intended to allow chapter 2/stage 2 air-
planes to meet a phase-out deadline of the year 2000
for stage 3 (ICAO chapter 3) compliance has been
published [23.113].

23.3 Propagation Paths
23.3.1 Sound Propagation Outdoors

Sound propagation in the atmosphere is discussed in
Chap. 4, and only general information will be presented
here. Geometrical spreading is the most important effect
that reduces the sound pressure level as distance from
a source is increased. There are, however, several other
factors which influence outdoor sound propagation.

1. Atmospheric absorption. At long distances and at
high frequencies, the effects of atmospheric ab-
sorption are significant. These effects are usually
described by an attenuation coefficient in decibels
per meter Chap. 4.

2. Ground effects. When the sound source is located
above a ground surface, sound waves that reflect
from the ground will constructively and destruc-
tively interfere with those propagating directly from

Interior Aircraft Noise. The engines and pressure fluc-
tuations in the turbulent boundary layer outside the
fuselage of an aircraft during flight are sources of
noise in the interior of an airplane. Vibration from
jet engines or propellers can cause the fuselage to
vibrate and be radiated as sound into the cabin of
an aircraft or helicopter. The air-conditioning sys-
tem is often a source of noise in the interior of an
aircraft.

Noise from external sound sources can be partially
controlled by the design and construction of the fuse-
lage. Sound-absorbing material is installed between the
skin of the fuselage and the interior trim panels; this
material also acts as a thermal insulation barrier to
the cold outside air. Some propeller-driven airplanes
have successfully used active noise and vibration control
systems.

Control of noise in the interior of an aircraft requires
a balance between the desire to achieve low cabin inte-
rior noise levels for the comfort of the passengers and
the flight and cabin crews, while maintaining a degree
of privacy, and an increase in airplane empty weight and
maintenance costs.

Cabin noise levels vary greatly with seat location
and operation of the aircraft (takeoff, cruise, and land-
ing). Standardized test methods are now available for the
specification of procedures to measure aircraft interior
noise under specified cruise conditions [23.114, 115].

the source. In general, the ground is partially re-
flecting; the reflected wave is modified in amplitude
and phase by its interaction with the ground sur-
face. The amount of attenuation attributable to this
ground interaction, and its variation with frequency,
depend on the surface characteristics, the source and
receiver heights, and their separation. The effects of
the ground are largest for intermediate frequencies
(~ 500 Hz) when the source is above the ground (1 m
or more). If the source is very close to the ground,
all frequencies above about 500 Hz are highly atten-
uated.

3. Temperature gradients and wind speed gradients.
The speed of sound is proportional to the square root
of the absolute temperature of the medium. The nor-
mal temperature lapse with height above the ground
means that a sound wavefront moves more rapidly
near the ground surface. This causes the wavefront
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to bend upwards, creating a shadow zone of low
sound pressure level near the surface. The opposite
effect occurs when the temperature lapse is abnor-
mal. Wind velocity gradients have a similar effect
since the speed of the wave is the wind speed plus
the speed of sound. Since the wind speed is usually
lower close to the ground, propagation upwind tends
to bend the wavefront upwards, creating a shadow
zone similar to that produced by a normal temper-
ature lapse. For sound propagation downwind, the
opposite effect occurs, and the wavefront is bent to-
ward the ground; there is no significant attenuation
of the sound wave relative to the attenuation in the
absence of wind.

4. Turbulence. Since turbulence always accompanies
wind outdoors, the effects of atmospheric turbu-
lence must be included in any analysis of sound
propagation outdoors. There are three major effects
of turbulence. First, at single frequencies, atmo-
spheric turbulence affects the coherence between
waves that propagate directly from the source and
waves that are reflected from the ground surface.
This results in sound pressure levels that are higher
than would be expected in the absence of turbu-
lence at those points where destructive interference
between the waves occurs. Second, atmospheric tur-
bulence produces scattering into the shadow zones
caused by air-temperature and wind-speed gradi-
ents that tends to raise the sound pressure level in
these areas. Third, in a highly directive sound beam,
the presence of turbulence results in an excess at-
tenuation produced by sound scattering out of the
beam.

A review of sound propagation outdoors has been given
by Embleton [23.116].

Outdoor Noise Barriers
Information on the design of noise barriers may be
found in Chap.4. In this section, the current use of
outdoor noise barriers is described, and a summary
of the effectiveness of these barriers is given. Barri-
ers are widely used for the control of highway traffic
noise, and are also used to control noise from rail
vehicles and airport ground operations. Two com-
mon alternatives to barriers exist: sound insulation of
buildings when noise indoors is the problem, and the
use of quiet (porous) road surfaces. Information on
tire—road interaction noise is presented in Sect.23.2.8.
However, noise barriers are currently the preferred so-
lution for the reduction of traffic noise, and they have

been constructed along many highways, as described
below.

Barrier Characteristics. A typical noise barrier is shown
in Fig. 23.20.

The most important parameter to describe the ef-
fectiveness of the noise barrier is the Fresnel number
N

_ (d +dy—d3)
A2

The distances dy, d», and d3 are defined in Fig.23.20;
A is the wavelength of sound. The noise reduction per-
formance of the barrier for single source and receiver
points may be described in terms of its insertion loss L;;
Li = Lpb— Lpa.

Ly is the sound pressure level before installation of
the barrier, and Lp, is the sound pressure level after in-
stallation. These levels may be described in octave- or
one-third-octave bands, or for an overall sound level with
frequency weightings such as A or C. Since the insertion
loss depends on the location of both the sound source
and the receiver, standardization of the measurement
procedures must be available to allow specification of
barrier performance (see below). Large Fresnel numbers
lead to high insertion loss, and therefore performance
is best at high frequencies. A technical assessment of
the performance of many noise barriers [23.117] found
insertion losses (A-weighted sound levels) to be in the
range 5—25 dB. Barrier heights are typically 3—8 m. The
performance of a barrier depends on its height, thick-
ness, shape, edge conditions at the top of the barrier, and
ground impedance on both sides of the barrier (because
ground reflections contribute to the insertion loss). The
transmission loss of the barrier material itself should
exceed about 25 dB, but it is often of secondary impor-
tance because structural considerations usually require
massive walls.

N (23.40)

d>

d Barrier

Receiver

Source

Fig.23.20 A basic schematic showing the source of noise,
barrier, and receiver
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A variety of materials are used to construct barri-
ers — precast concrete, block, earth berms, wood, metal,
and plastics (including transparent plastics). Barriers
with sound-absorptive surfaces have two advantages:
the sound at the receiver point may be lowered, and re-
flections from the barrier are reduced. The latter may
be of importance where barriers are installed on both
sides of a highway and multiple reflections between
the barriers can compromise insertion loss. Also, ab-
sorptive surfaces are useful where a barrier is installed
on only one side of a highway, and neighbors on
the opposite side may perceive increased noise due to
reflections.

Determination of Barrier Insertion Loss. One method
to determine the insertion loss of barriers is described
in ANSI S12.8 [23.118]. The most reliable method is
the direct method that uses data measured at the same
site before and after construction of the barrier. Two
“indirect” methods are described — one using before data
at an equivalent site, and a second using a prediction
method to obtain before data.

Steps must be taken to ensure that the source level is
the same for the before and after measurements by using
a reference microphone position not influenced by the
barrier. The atmospheric conditions must be constant,
the microphones must be calibrated, and corrections
must be applied for calibration differences before and
after a series of measurements. The standard specifies
microphone heights and distances at which measure-
ment must be made to determine the insertion loss.

Noise Barrier Construction. Data on noise barrier per-
formance in many countries is available [23.117]. In
the United States, construction of noise barriers is
the responsibility of State Departments of Transporta-
tion guided by criteria specified by the US Federal
Highway Administration (FHWA). According to the
FHWA [23.119], by the end of 2001, the 10 states with
the most noise barriers had constructed 8.53 x 10® m? of
noise barriers (1993 linear km) at a cost of 1.89 billion
US dollars (2001 dollars). Many of the barriers have been
constructed using a combination of materials. However,
the materials most used in single-material barriers are:

Concrete/precast,
block,

wood/post and plank,
concrete,

berm,

wood/glue laminated

® metal, and
® other wood construction.

A more detailed analysis of barrier construction by state,
including area, length, and cost has been made by Pol-
cak [23.120]. He concluded that cost figures are reliable
only in general terms, and that many costs are variable
from project to project. These include drainage, excava-
tion, guard rails, utility relocation, landscaping, and the
cost of the barrier system itself.

Noise Barrier Prediction Methods. Prediction of the
performance of noise barriers is included in a more gen-
eral noise model used to predict traffic noise, the Traffic
Noise Model (TNM). According to the sponsor of the
model, the US FHWA [23.121], the model contains the
following components:

® Modeling of five standard vehicle types, including
automobiles, medium trucks, heavy trucks, buses,
and motorcycles, as well as user-defined vehicles,

® Modeling of both constant-flow and interrupted-flow
traffic using a 1994/1995 field-measured database,

® Modeling of the effects of different pavement types,
as well as the effects of graded roadways,

® Sound level computations based on a one-third-
octave-band database and algorithms,

® Graphically interactive noise barrier design and op-

timization,

Attenuation over/through rows of buildings and

dense vegetation,

Variable ground impedance,

Multiple diffraction analysis,

Parallel barrier analysis,

Contour analysis, including sound level contours,

barrier insertion loss contours, and sound level dif-

ference contours.

The TNM replaced the STAMINA/OPTIMA pro-
gram, and several early versions were produced.
Experience with the TNM and elements of its design
have been described by Menge et al. [23.122], and com-
parisons of model predictions with experimental data
have been made by Rochat [23.123].

23.3.2 Sound Propagation Indoors

In this section, the primary objective is to relate the sound
pressure level measured in a room having specified
acoustical characteristics to the sound power radiated
by one or more sources in the room. Sound transmis-
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sion through walls, window and other building elements
is discussed in Chap. 11.

Classical Theory

of Sound Propagation in Rooms
It is important to relate the sound pressure level in rooms
to the sound power output of a source, and therefore the
path indoors between the source and receiver should be
discussed. In the classical theory of room acoustics, re-
flections from all of the surfaces in the room are equally
important, and the difference between the sound pressure
level Ly, and sound power level Ly at a distance r from
a source emitting sound power Ly may be expressed as

4
L,—Lw=10log <£+—> , (23.41)

47r2 R

where Q is the directivity of the source in the direction
of the receiver point (Sect.23.2.1), and R is the room
constant (Chap.9). The first term on the right of the
equation is the direct sound, and the second term is the
reverberant sound — the sound reflected from all of the
room surfaces. For an omnidirectional source (Q = 1),
the difference between sound pressure level and sound
power level is as shown in Fig. 23.21.

In many rooms of practical interest, reflections from
the room surfaces are not of equal importance, and the
noise emission of one or more sources in the room has
been determined according to the methods described
earlier in this chapter. Rooms almost always contain
objects that scatter the sound waves, and this scattering
is not taken into account in (23.41). Therefore, a more

Lp—Lw (dB)

—-15.0
-20.0
-25.0
-30.0

-35.0

—-40.0 ‘ >
1 10
Distance from the source (m)

Fig. 23.21 Difference between sound pressure level and
sound power level as a function of distance from an omni-
directional source

detailed theory must be used to characterize the path
between the source and the receiver.

Prediction of Installation Noise Levels
One procedure for determining the path attenuation in
real rooms has been published by the ECMA [23.124].
This method allows for the prediction of sound levels in
rooms, and, while it was developed for use with infor-
mation technology equipment, it is applicable to other
noise sources when the A-weighted sound power level of
the source is known. The method predicts A-weighted
sound pressure levels, and the sound-absorptive prop-
erties are described in terms of a sound absorption
coefficient «, which is the average of the absorption
coefficients in the 250, 500, 1000, and 2000 Hz octave
bands.

Three different shapes of rooms are defined in the
procedure :

An ordinary room has a length L and a width W,
smaller than 3 H, where H is the height of the room. For
this room, classical theory is used with the modifications
described below.

A flat room has L >3H and W > 3H. For such
a room, it is assumed that the sound absorption of only
the floor and ceiling is important.

A long room has L > 3H and W < L /2. For such
rooms, reflections from the sidewalls are assumed to be
important.

For an ordinary room, the classical theory is used
with the following modifications.

In a free field, the radiation from the source is
through a hemispherical surface, since widely used
methods for the determination of sound power level
depend on sound pressure level measurements on the
surface of a hemisphere.

The measured directivity of the source itself is as-
sumed to be unity because the source directivity is not
normally reported with the sound power level. How-
ever, a directivity Q is included in the calculations if the
source is near a wall (Q = 2) or in a corner (Q = 4).

With these modifications, the difference Lya — Lwa
as a function of distance, r, from the source in an
ordinary room is

4

where S« is the total absorption in the room weighted ac-
cording to the area and absorption of each room surface
and piece of furniture. Curves similar to those shown in
Fig. 23.21 above may be plotted for this case.
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Fig. 23.22 Correction term for a furnished flat room having
a density factor ¢ =2 as a function of distance from the
source for several values of o

Similar, but more complex equations are given
in [23.124] for flat rooms and long rooms. As an exam-
ple, in a flat room with scattering objects, the absorption
of the scatterers is assumed to be oy = 0.1 and the density
factor of scattering objects ¢ is given by

Sg

1= 4s¢°
where Sg is the total area of scatterers as viewed from
the source in m2, and Sr is the surface area of the room
floor in m2.

The difference Lpa — Lwa in a flat furnished room
is then given by

LpA_LWA: —20log H+ ALgF, (23.43)

where ALF is a complicated function of distance from
the source, density factor, and average absorption of
the ceiling and floor. As an example, AL is given in
Fig.23.22 as a function of absorption coefficient for
a density factor g = 2.

Other equations are given in [23.124], and correction
terms are defined, both as equations and in graphical
form.

Calculations for Multiple Sources

In general, there are several sources in a room at different
distances from the receiver. In this case, the A-weighted
sound pressure level is calculated for each source and
distance, and converted to mean-square pressure. These
mean-square pressures are added and converted to a to-
tal A-weighted sound pressure level at a given receiver
position.

23.3.3 Sound-Absorptive Materials

Sound-absorptive materials are widely used for the con-
trol of noise in a variety of different situations. These
include addition of absorptive materials to room surfaces
to control reverberant sound generated by machinery
and other equipment, installation of duct liners to in-
crease the sound attenuation in air-conditioning ducts,
liners for machine enclosures to reduce the sound radi-
ated from the machine, hanging baffles for reduction of
reverberant sound, and other applications.

Sound-absorptive materials exist in many different
forms. These include:

® Glass-fiber materials,

® open-cell acoustical foams (urethane and similar
materials, reticulated and partially reticulated),

® fiber board as frequently used for acoustical ceilings,

® hanging baffles used to reduce reverberation in fac-
tories, and other enclosed spaces

o felt materials,

® curtains and drapes,

® thin porous sheets, often mounted on a honeycomb
structure,

® hollow concrete blocks with a small opening to the
outside — to create a Helmholtz resonator,

® head liners for automobiles — of various materials,
and

® carpets.

One characteristic common to nearly all sound-
absorptive materials is that they are porous. That is, there
is air flow through the material as a result of a pressure
difference between the two sides of the material. Porous
materials are frequently fragile, and, as a result, it is
necessary to protect the exposed surface of the material.
Typical protective surfaces include:

® Thin impervious membranes of plastic or other ma-
terial,

perforated facings of metal, plastic, or other material,
fine wire-mesh screens,

sprayed-on materials such as neoprene, and

thin porous surfaces.

A full description of propagation in porous materials,
the relationship between the propagation parameters and
the physical properties of materials, and the matching
of boundary conditions when composite structures are
created is beyond the scope of this chapter. However,
some of the properties of sound-absorptive materials
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will be discussed, methods of measurement of nor-
mal impedance will be presented, and some results of
calculations on composite structures will be shown.

A key parameter is the flow resistance » which can be
defined as the ratio of the pressure drop across a sample
of a material and the velocity through it

Ap
r=—.
u

(23.44)

The flow resistance is usually measured for steady flow
through the material, the assumption being made that
this value is equivalent, at least at low frequencies, for
the particle velocity in a sound wave.

The unit of of flow resistance is Ns/m>, the
MKS Rayl. Actual values are often specified as a di-
mensionless quantity, the specific flow resistance rs,
where rg =r/pc =r/406 for a density of air p of
1.18 kg/m? and a speed of sound ¢ of 344 m/s. It is also
common to specify the flow resistance per unit thickness.

Another property of sound-absorptive materials is
that they can often considered to be locally reacting.
When a sound wave is incident on a locally reacting ma-
terial, the local pressure at the surface produces a particle
velocity normal to the surface. When the two are sinu-
soidal and expressed as complex numbers the ratio is the
normal impedance of the surface

N=T . (23.45)

u
The normal impedance is independent of the angle of
incidence of the sound wave.

Two mechanisms are mainly responsible for the ab-
sorption of sound. First, friction in the boundary layer
between the air and the internal structure of the material
absorbs energy, and a large particle velocity is needed
for effective absorption. Second, the temperature rise
during the compression phase of the sound wave results
in conduction of heat into the material, further absorb-
ing energy from the sound wave. The former is generally
most important.

The sound absorption coefficient « is the ratio of the
sound energy absorbed by the surface and the incident
sound energy. In general, it is a function of the angle of
incidence of the sound wave on the material. It varies
from O to 1.0, although some measurement methods —
described later in the section — result in values of & > 1.
The unit of sound absorption is the metric Sabine, S.
Material with an area of 1 m? and o = 1 has 1 Sabine
of sound absorption (10.8 Sabins in English units). The
sound-absorptive properties of, for example, hanging
baffles are frequently expressed in Sabins.

Normal incidence absorption coefficient

1 M4 30/4 5A/4

1.0

0.8

0.6

0.4

0.2

0.0 - »!
100 1000 10000

Frequency (Hz)

Fig. 23.23 Normal incidence sound absorption coefficient
for a thin, rigid sound absorber having a flow resistance pc
placed 50 mm from a rigid termination. Calculated using
a program by Ingard [23.125]

Sound absorption coefficients are frequently meas-
ured in octave bands, and the noise reduction coefficient
(NRC) is the average absorption in the 250, 500, 1000,
and 2000 Hz octave bands.

The importance of particle velocity can be illustrated
for the case where a thin sound absorber having a flow
resistance pc is placed in a tube at a distance 50 mm from
arigid termination. The normal incidence absorption co-
efficient calculated as a function of frequency is shown in
Fig.23.23. It can be seen that the absorption coefficient
is highest when the distance from the rigid termination is
an odd multiple of one-quarter wavelength of the sound.
It is at these distances that the particle velocity in the
absorber is highest.

Galaitsis [23.126] showed that multiple resistive
sheets can be used to improve the sound absorption
at normal incidence, and Ingard [23.125] extended the
analysis to diffuse fields for both locally and non-locally
reacting materials. As an example, Fig. 23.24 shows the
absorption coefficients for two resistive sheets having
a flow resistance 1.5 pc and a total absorber thickness
of 50 mm. The first sheet is 33 mm from a rigid surface,
and the spacing between the two sheets is 17 mm. The
structure can be made approximately locally reacting by,
for example, using a honeycomb material between the
resistive layers.

Most sound-absorptive materials are relatively thick
(e.g., 25 mm), and in this case, it is beneficial to have
an air gap behind the material when it is mounted
near a rigid surface. In the figure below, the sound-
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Absorption coefficient

Diffuse, locally reacting

1.0
Normal incidence

0.8
0.6
Diffuse, non-locally reacting

0.4

0.2

100 1000 10000
Frequency (Hz)

0.0

Fig. 23.24 Sound absorption coefficient for a two-screen
sound absorber for normal incidence, a locally react-
ing structure, and a nonlocally reacting structure (After
[23.127])

absorptive material is 25 mm thick, and has a total
flow resistance of pc. It is assumed that the material
itself does not move. The normal incidence sound ab-
sorption coefficient as a function of spacing is shown
in Fig. 23.25.

The sound-absorptive properties of flexible materials
can be calculated [23.128], but this requires a knowledge

Normal incidence absorption coefficient

A
1.0
0.8
0 mm
0.6
6.25 mm
0.4 12.50 mm
18.75 mm
g 25.00 mm
0.0 ! »!
100 1000 10000
Frequency (Hz)

Fig. 23.25 Normal incidence sound absorption coefficient
calculated for a porous material 25 mm-thick with a total
flow resistance of pc. The spacing between the material and
the rigid backing is shown in the figure. Calculated using
a program by Ingard [23.127]

of properties of the material other than flow resistance,
and is beyond the scope of this chapter.

Measurement of Sound Absorption Coefficients
Two methods are commonly used to measure the per-
formance of sound-absorptive materials, the impedance
tube method and the reverberation room method.

The classic impedance tube method involves two
tubes to cover two frequency ranges, a 100 mm-diameter
tube and a 30 mm-diameter tube. A sample of the mater-
ial is mounted at one end of the tube, and a loudspeaker
at the other end is used to create a plane-wave sound
field in the tube. A moving probe is used to detect the
sound pressure an any point. The absorption coefficient
is determined from

o= 1—)R2 , (23.46)

where | R| is the magnitude of the pressure reflection co-
efficient in the tube, the ratio of the incident and reflected
pressure. R is determined from the maximum and mini-
mum pressures detected in the tube. The distance to the
first minimum of sound pressure can also be measured,
and together with R, can be used to determine the normal
impedance of the material at its surface [23.129].

This method is useful to demonstrate plane-wave
propagation and the interference of sound waves upon
reflection, but it has several disadvantages:

1. The absorption coefficient is determined at single
frequencies; it is therefore time consuming to deter-
mine its value as a function of frequency.

2. The sample size is small; 100 mm in diameter or
30mm in diameter depending on the frequency of
interest. The properties of a small sample may not be
representative of a large sample of the same material.

3. The sample must be cut very accurately and very
carefully mounted to achieve consistent results.

The first disadvantage may be eliminated by using
the two-microphone method [23.130, 131] for probing
the sound field. This method uses broadband excita-
tion of the tube and two closely spaced phase-matched
microphones; a digital signal processor is used to deter-
mine the transfer function between them. The absorption
coefficient can then be calculated.

The reverberation room method [23.132] uses a large
sample of material in a reverberation room, usually
with rotating diffusers. The sound absorption coeffi-
cient is determined from the difference in reverberation
time in the room with and without the sample present.
The results approximate the diffuse-field absorption
coefficient.
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One additional method for measuring the spherical-
wave absorption coefficient in a free field over
areflecting plane has been proposed by Nobile [23.133].
The method uses the two-microphone technique ref-
erenced above, and makes it possible to measure the
absorption coefficient as a function of the angle of in-
cidence of the sound wave for samples of absorptive
materials, which can be very large. The method there-
fore overcomes the disadvantages of the impedance
tube method and provides more information than the
reverberation room method.

23.3.4 Ducts and Silencers

Attenuation of sound in heating, ventilating, and air-
conditioning ducts is covered in Chap. 11. There are,
however, many other applications for devices to reduce
noise between the source and the receiver. These include:

® Pumps,

® compressors,

® fans,

® cooling towers,

® engines (diesel and gas),
® power plants, and

® gas turbines.

A

general schematic of a silencer is shown in Fig. 23.26.

It is not always appropriate to describe input and
output parameters in terms of impedances, but is is con-
venient for the purposes of illustration. Sources of sound
have an internal impedance which is Zjy in the figure.
This can be used to quantify the effect that an acous-
tic load has on the power output of a source [23.6]. For
example, if a monopole source is characterized by a vol-
ume velocity that is independent of load, then a reflected
pressure at the source which is in phase with the particle
velocity will increase the power output of a source. In
the figure below, the conditions at the inlet to the silencer
are represented by Zj,. The conditions at the output of
the silencer looking down the duct are characterized by
Z4. The radiation of sound into a reverberation room,

—>Zy —»Z

“Silencer” e

Fig.23.26 Schematic diagram of a silencer

hemi-anechoic environment, or an environment in which
reflections are present is characterized by Z,g.

When the silencer does not contain any sound-
absorptive materials (a packless silencer), the only
mechanism that can produce an insertion loss (the ratio
of the sound power radiated with the silencer in place and
the sound power radiated with the silencer removed) is
to create a Zj, which, in combination with Z;,, reduces
the sound power input to the silencer. Such a reactive
silencer works best at low frequencies, and clearly de-
pends on the internal impedance of the source, a topic
that has been studied for internal combustion engines.
At low frequencies, the silencer itself can often be
represented by transmission matrices [23.126]. Trans-
mission matrices for a variety of duct elements have
been defined by Ingard [23.134]. Characterization of
the silencer in terms of lumped parameters (mass, com-
pliance, resistance) is not generally effective. A tube,
for example, is a mass element only if its end is open
(low-impedance termination) whereas it is a compliance
when the end is closed (high-impedance termination).
Thus, a description using transmission lines in the form
of T networks is an alternative. Characterization of the
silencer for complex geometries and high frequencies
requires a computer program.

In most practical applications, the silencer contains
sound-absorptive materials and usually protective fac-
ings. The input impedance of the muffler is usually
such that reflections back to the source are not impor-
tant. At high frequencies, the radiation impedance is

Transmission loss (dB)
A

25

20

200 mm thick liner
15

10

100 mm thick liner

0 >
50 100 200 500
One-third octave band center frequency (Hz)

Fig. 23.27 Transmission loss in a duct as a function of fre-
quency for two thicknesses of duct liner. Calculated using
the program DuctMItl by Ingard [23.134]
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high enough that there is little sound power reflected
back down the outlet duct, and the transmission loss of
the silencer (the ratio of the sound power at the out-
let and the sound power at the inlet) is a good measure
of silencer performance. This may not be true at low
frequencies.

Duct silencers are manufactured in a wide variety of
sizes, with linings, with splitters, and with aerodynamic
shapes on the inlet and outlet. Standards are available
for the measurement of silencer performance and guid-
ance on their use [23.135-139]. The insertion loss of the
silencer is usually measured, and its value may depend
on the direction of air flow relative to the direction of
propagation of sound. When the two are in the same
direction (outlet duct), a sound wave is bent toward
the lining whereas when the two are in opposite di-
rections (inlet duct), sound is bent toward the center of
the duct [23.140].

23.4 Noise and the Receiver

Section 23.2 was devoted to the characterization of
sources in terms of their noise emission. The third part of
the source—path—-receiver model involves immission of
sound at the receiver. The sound may not be unwanted,
and is therefore not technically noise, but this section
is generally devoted to the effects of noise on people.
Section 23.4.5 is devoted to sound quality, a subject of
increasing importance in the design of products.

23.4.1 Soundscapes

As discussed in Sect.23.0.2, a sound field may be de-
scribed in terms of a sound pressure, p(r, t), that varies
both in space and time. In practice, it is the RMS pressure
that is measured since the time average of the pressure
itself is zero, and several quantities measured by modern
sound level meters are discussed in Sect. 23.1. The sound
field can be described in the time domain or the fre-
quency domain, or as a short-time spectrum that varies
with time. Other descriptions are also possible.

The sound field p(r, t) may, for the purposes of this
section, be called a soundscape, an overall acoustical
environment — both indoors and outdoors — that includes
all sound, both wanted and unwanted. The interaction
between an observer and this physical soundscape can
then be described in terms of immission of sound. In
some cases, it has been found that this interaction de-
pends not only on the properties of the soundscape itself,

Calculation of Duct Transmission Loss

Computer programs for the determination of the trans-
mission loss of ducts are available [23.134]. The
duct lining may consist of air gaps, one or more
layers of porous material, resistive sheets and per-
forated facings. As one example, Fig.23.27 shows
the transmission loss for a duct 2.5m long having
a cross section of 0.6 m x 0.6 m. The sound-absorptive
material has a steel perforated facing 1.6mm thick
with perforations 3 mm in diameter and a 30% open
area. The duct liner is 200 mm thick in one case,
and 100mm thick in the second. The transmission
loss shown in the figure is from 50Hz to 500 Hz
because the calculation is for plane-wave transmis-
sion only. It can be seen that the peak attenuation
is about the same for both cases, but the thicker
liner provides a much higher transmission loss at low
frequencies.

but on the visual environment of the observer (the land-
scape). A discussion of this effect is beyond the scope
of this chapter.

The soundscape includes indoor environments such
as living space and industrial plants, urban and sub-
urban areas, parks, and wilderness areas. The effects
of the sound field on observers in different portions
of the soundscape are varied, and in many cases dif-
ficult to quantify. These effects include hearing damage,
annoyance in various forms — which can range from
mild dissatisfaction to frustration and anger — as well as
interference with speech communication in many set-
tings, including meeting rooms and classrooms. Other
effects include interference with sleep, and loss of pro-
ductivity. Since the soundscape includes both wanted
and unwanted sound, the soundscape, when properly
managed can induce a sense of well-being in the ob-
server which can have a positive effect on the quality
of life. Examples include listing to natural sounds in re-
mote areas where unwanted sound is either nonexistent,
or has been reduced to an acceptable level. It is a fact that
“acceptable” means different things to different persons.

A further complication is that using conventional
measures of noise immission, the acceptability of
a sound may depend on the source. For example, it
has been found that the same level of noise from air-
craft, road traffic, and rail traffic produces different
human reactions. In recent years, the quality of the
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sound has become an important factor in the design
of machinery, particularly in automobiles and other mo-
tor vehicles. The soundscape created by a snowmobile
may, for example, be quite acceptable to the operator,
but unacceptable to an observer some distance from the
machine.

In this section, various measures of noise level will
be discussed, and generally accepted criteria for the
magnitude of the level will be discussed. The manage-
ment of the soundscape can be thought of as a policy
issue that is partly the responsibility of individuals
and partly the responsibility of federal, state, and local
governments.

23.4.2 Noise Metrics

The effects of noise on people is a complicated sub-
ject, and extensive research is still in progress. Several
metrics are commonly used to describe noise immission
at the receiver, and most of these are in terms of the
A-weighted sound pressure level. These metrics work
well, both indoors and outdoors provided that the spec-
trum of the noise, measured in octave or one-third-octave
bands is somewhat neutral in character; that is, it is not
perceived as rumbly or hissy, does not contain discrete
frequency components (tones), is broadband, and steady
without impulsive or time-varying characteristics. Other,
more complex, metrics are required when any of the
above characteristics are present.

The A-weighted sound level as a function of time
can be expressed as Laf or Lag, where the subscripts
f and s refer to the dynamic characteristics of a sound
level meter: fast or slow. These dynamic characteristics
are defined in Sect. 23.1.2.

In the early 1970s, the day—night sound level (DNL,
Lgn) was selected as a long-term measure of noise
exposure. The day—night level is the time-weighted av-
erage level over a 24 hour period, but with 10 dB added
to the level during the nighttime hours from 10:00
to 07:00.

Another time-weighted average level used in Europe
is the day—evening—night level (LDEN, Lge) where the
evening hours are normally between 19:00 and 23:00,
the nighttime hours are from 23:00 to 07:00, and the
daytime hours are from 07:00 to 19:00. In this case,
5dB is added to the level in the evening hours, and
10dB is added to the level in the nighttime hours. Ac-
cording to the European environmental noise directive,
2002/49/EC, the evening interval may be shortened by
one or two hours, with corresponding lengthening of the
day and/or night periods.

Other metrics for the sound level include, Lq, Lso,
and Lo, the levels exceed 10%, 50%, and 90% of the
time, respectively. Single events may be described in
terms of the sound exposure level (Sect.23.1.3).

Indoors, other metrics are commonly used to de-
scribe noise immission. In most of the world, the
equivalent sound level over an eight hour period is the
metric used to relate noise level to hearing loss. This
level is usually described as having a 3 dB exchange
rate because an equivalent level over a time interval T
is the same as for a level 3 dB higher over a time in-
terval of 77/2. In the United States, the Occupational
Safety and Health Administration (OSHA) has adopted
a 5 dB exchange rate. In this case, the time-weighted av-
erage level over a time interval 77 is equivalent in noise
dose to a level 5 dB higher measured over a time interval
of Ty /2.

23.4.3 Measurement
of Immission Sound Pressure Level

Before presenting criteria for noise immission, it is nec-
essary to have procedures for the measurement of sound
pressure level, both indoors and outdoors. For occupa-
tional noise exposure, ANSI S12.19 [23.141] defines
terms used in occupational noise exposure, including
noise dose, exchange rates, and the criterion sound level
used in some cases. The use of sound level meters and
dosimeters are also described.

ANSI S1.13 [23.142] is a very general stan-
dard for description of noise levels. The quantities
discussed in Sect.23.1 are defined as are various
temporal characteristics of noise — continuous and
steady, continuous sound, fluctuating sound, impul-
sive and intermittent sound, and other characteristics.
Characteristics in the frequency domain are also de-
scribed — broadband and narrow-band noise, and noise
containing discrete-frequency sound. The relationship
between discrete-frequency components in a spectrum
and the critical bands (Chap. 14) is discussed, and
the prominence ratio and tone-to-noise ratio, mea-
sures of the prominence of discrete tones in noise, are
defined.

For the measurement and description of environ-
mental noise, there is a complete series of stan-
dards [23.143-148] available. This series covers such
topics as basic quantities to be measured, measurement
positions, definition of noise zones, categories of land
use, land-use criteria, treatment of prominent discrete
tones, and measuring positions for determination of the
effect of aircraft noise exposure on sleep.
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23.4.4 Criteria for Noise Immission

In this section, criteria are divided into criteria for hear-
ing damage, criteria for annoyance, and other currently
used criteria.

Hearing Damage (Criteria
In the United States, permissible levels for industrial
noise exposure are set by the US Department of Labor,
and are described in 29 CFR 1910.95. In summary, an
employer shall administer a hearing conservation pro-
gram when the eight hour time-weighted average level
exceeds 85 dB. The requirements of such a program are
described in detail in the above document — as is the
requirements on audiometers for the determination of
hearing loss, personnel conducting the tests, and hearing
protectors when used to satisfy the requirements below.
More details may be found in the Hearing Conservation
Manual [23.149].

Permissible noise exposures are given in the regula-
tion in Table G-16, reproduced below (Table 23.9) with
an explanation of how the permissible levels are to be
determined.

Currently, engineering controls are required only if
the eight hour noise exposure exceeds 100 dB. For lower
levels, hearing protection is an alternative.

The problem of specifying upper limits for noise
in the workplace has been studied by a technical study
group of the International Institute of Noise Control En-
gineering, and a report has been prepared and approved
by the member societies of that organization [23.150].
Most countries in the world allow a time-weighted av-
erage sound level over eight hours of 85-90dB as the
upper limit, and an exchange rate of 3dB. Selection
of this exchange rate is widely believed to be the best
alternative, and it greatly simplifies the measurement
of levels that fluctuate during the working day. Ta-
ble 23.10, from [23.150], shows hearing damage criteria
in a number of countries as of 1997.

[-INCE publication 97-1 [23.150] makes specific
recommendations with respect to allowable levels, ex-
change rate, and hearing conservation programs:

1. It is desirable for jurisdictions without regulations,
or with currently higher limits, to set a limit on
the level of exposure over a workshift, A-weighted
and normalized to eight hours, of 85dB as soon as
may be possible given the particular economic and
sociological factors that are pertinent.

2. This exposure level should include the contribution
from all sounds that are present including short-term,

high-intensity sounds. If such sounds are further lim-
ited in regulations to a maximum sound pressure
level, then regulations should set a limit of 140 dB
for C-weighted peak sound pressure level.

3. An exchange rate of 3 dB per doubling or halving of
exposure time should be used. This exchange rate is
implicit when the exposure level is stated in terms
of eight-hour-average sound pressure level;

4. Efforts should be made to reduce levels of noise
in the workplace to the lowest economically and
technologically reasonable values, even when there
may be no risk of long-term damage to hearing. Such
action can reduce other negative effects of noise such
as reduced productivity, stress and disturbed speech
communication.

5. At the design stage of any new installation, con-
sideration should be given to sound and vibration
isolation between noisier and quieter areas of activ-
ity. Rooms normally occupied by people should have
a significant amount of acoustical absorption in or-
der to reduce the increase of sound due to excessive
reverberation.

6. The purchase specifications for all new and replace-
ment machinery should contain clauses specifying
the maximum emission sound power level and emis-
sion sound pressure level at the operator’s position
when the machinery is operating.

Table 23.9 Criteria from Table G-16 of 29 CFR 1910.95.
Permissible noise exposures(!

Duration in hours per day Sound level (dBA)
slow response

8 90

6 92

4 95

3 97

2 100

1172 102

1 105

172 110

1/4 or less 115

Notes:

1. When the daily noise exposure is composed of two or more
periods of noise exposure of different levels, their combined
effect should be considered, rather than the individual effect of
each. If the sum of the following fractions: Cy/T) + Ca/T> +
...Cy /T, exceeds unity, then, the mixed exposure should be
considered to exceed the limit value. C,, indicates the total time
of exposure at a specified noise level, and 7;, indicates the total
time of exposure permitted at each level. Exposure to impulsive
noise should not exceed 140 dB peak sound pressure level
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7. A long-term noise control program should be estab-
lished and implemented at each workplace where
the level of the daily exposure, normalized to eight
hours, exceeds 85dB. This program should be re-

assessed periodically in order to exploit advances in
noise control technology.

8. The use of personal hearing protection, either
earplugs or other hearing protection devices, should

Table 23.10 Some features of legislation in other countries in 1997. After Embleton [23.150]. See the notes following the

table

Some features of legislation in various countries

Country Eight hour average Exchange
(Jurisdiction) A-weighted sound rate(dB)
pressure level (dB)
Argentina 90 3
Australia 85 3
(varies by State)
Austria®® 85
Brazil 85 5
Canada (Federal) 87 3
(ON, PQ, NB) 90 5
(Alta, NS, NF) 85 5
(BO) 90 3
Chile 85 5
China 70-90 3
Finland® 85 3
France® 85 3
Germany®4 85 3
Hungary 85 3
India 90
Israel 85 5
Ttaly®© 85 3
Japan 90
Netherlands® 85 3
New Zealand 85 3
Norway 85 3
Poland 85 3
Spain® 85 3
Sweden® 85 3
Switzerland 85 or 87 3

8h average A-wtd
limit for engineer-

Eight hour aver-
age A- wtd limit

Upper limit for
peak sound pres-

ing or administra- for monitoring sure level (dB)

tive controls (dB) hearing (dB)
110 A slow

85 85 140 unwgtd peak

90

90, no exposure> 85 130 unwgtd peak

115 if no protect- or 115 A slow

ion, no time limit

87 84

90 85> 140 C peak

85

90
140 unwgtd peak
or 115 A slow
115 A slow

90

90 85 135 C peak

90 85 140 C peak

90 140 C peak or
125 A slow
140 A peak
140 C peak or
115 A slow

90 85 140 C peak

85 85

hearing protection

mandatory at 90

90 80 140 C peak

85 85 140 unwgtd peak

80 110 A slow

135 C peak or
115 A slow

90 80 140 C peak

90 80 140 C peak or
115 A fast

85 85 140 C peak or
125 ASEL
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Table 23.10 (cont.)

Some features of legislation in various countries
Country Eight hour average Exchange 8h average A-wtd Eight hour aver-  Upper limit for
(Jurisdiction) A-weighted sound rate(dB) limit for engineer-  age A- wtd limit = peak sound pres-

pressure level (dB) ing or administra- for monitoring sure level (dB)

tive controls (dB) hearing (dB)

United Kingdom 85 3 90 85 140 C peak E
USA® 90 (TWA) 5 90 85 140 C peak or -
USA (army 85 3 85 115 A slow 3
and air force) 140 C peak m
Uruguay 90 3 110 A slow F
This Report 85 for 8 hour 3 85, see also text on hiring, and at 140 C peak
Recommends normalized under recom- intervals there-

exposure level mended engineer- after, see text

limit ing controls under audiometric

programs

Notes:

* Information for Austria, Japan, Poland and Switzerland was provided directly by these member societies of I-INCE. For other
countries not represented by member societies participating in the working party the information is taken with permission from
[23.14]
 Austria also proposes 85 dB AU-weighted according to IEC 1012) as a limit for high-frequency noise, and a separate limit for
low-frequency noise varying inversely as the logarithm of frequency

A more complex situation is simplified to fit this tabulation
¢ All countries of the European Union require the declaration of emission sound power levels of machinery, the use of the quietest
machinery where reasonably possible, and reduced reflection of noise in the building, regardless of sound pressure or exposure
levels. In column 4, the limit for other engineering or administrative controls is 90 dB or 140 dB C-weighted peak (or lower) or
130dB A-weighted impulse
d The rating level consists of time-average, A-weighted sound pressure level plus adjustments for tonal character and impulsiveness.
¢ TWA is the time-weighted average. The regulations in the USA are unusually complicated. Only A-weighted sound pressure
levels of 80dB or greater are included in the computation of TWA to determine whether or not audiometric testing and noise
exposure monitoring are required. A-weighted sound pressure levels less than 90 dB are not included in the computation of TWA

when determining the need for engineering controls

be encouraged when engineering and other noise
control measures are unable to reduce the daily A-
weighted exposure level of workers normalized to
eight hours to 85dB. The use of hearing protec-
tion devices should be mandatory when the exposure
level is over 90 dB.

9. All employers should conduct audiometric testing of
workers exposed to more than 85 dB at least every
three years, or at shorter intervals depending on cur-
rent exposure levels and past history of the individual
worker. Records of the results of the audiometric
tests should be preserved in the employee’s perma-
nent file.

Effect of High Noise Levels on Hearing
The result of exposure to high levels of noise is first
a temporary shift in the hearing threshold (TTS), and
eventually permanent hearing damage called noise-
induced permanent threshold shift (NIPTS). Quantita-

tive data have been published in ISO 1999 [23.151],
and in ANSI S3.44-1996 [23.152]. The two stan-
dards contain the same information except that the
ANSI standard allows exchange rates other than 3 dB
through the calculation of an equivalent level. As
one example (informative), exposure to an A-weighted
sound level of 95dB for 20 years is said to result in
a NIPTS greater than 23dB at 4kHz in 50% of the
population.

Noise Levels and Annoyance
It is difficult to specify criteria for annoyance, even
when the descriptor for the noise is selected — usually
the day—night sound level Lg,. There is a high vari-
ability in the response of individuals to noise, and it
is difficult to describe a physical soundscape in terms
of a single number. Reporting guidelines for commu-
nity noise were published in 1998 [23.153] — after many
surveys were performed. However, the classic work of
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Fig.23.28 New USAF logistic curve — together with data
from Schultz [23.154], Fidell et. al. [23.156]. (After Fine-
gold et al. [23.155], reprinted with permission)

Schultz [23.154] resulted in the Schultz curve that re-
lated the percent of persons highly annoyed and the
day—night sound level. More recent data are also avail-
able, and a new logistic curve has been developed by
the US Air Force [23.155]. Figure 23.28 shows this
curve together with data from Schultz [23.154] and Fidell
et al. [23.156].

Fidell et al. [23.156] showed that annoyance also
depends on the source of sound (e.g., road traffic
noise, railway noise, aircraft noise), and more recently
studies by Miedma [23.157] and Midema and Oud-
shoorn [23.158] have quantified this effect with 95%
confidence limits on the data. Their results are shown in
Fig.23.29.

In spite of the progress that has been made,
there are doubts about the current approach to de-
veloping relationships between noise exposure and
annoyance [23.159], and there may be improved meth-
ods for prediction of community response [23.160].

Criteria for Annoyance from Noise
While the figures above relate day—night sound level
and the percentage of a population annoyed, there is still
the question of criteria that can be used for land-use
planning and other activities for which noise control is
needed.

ANSI standard S12.9 [23.143-148] contains infor-
mation on noise levels appropriate for various categories

of land use. The data are a combination of recommen-
dations from various sources. Table 2 from the standard
is reproduced inTable 23.11.

Schomer [23.161] has studied the recommendations
of several federal agencies in the United States, the
World Health Organization, and the National Research
Council. His recommendation is:

“For residential areas and other similarly noise sensi-
tive land uses, noise impact becomes significant in urban
areas when the DNL exceeds 55 dB. In suburban areas
where the population density is between 1250 and 5000
inhabitants per square mile, noise impact becomes sig-
nificant when the DNL exceeds 50 dB. And in rural areas
where the population density is less than 1250 inhabi-
tants per square mile, noise impact becomes significant
when the DNL exceeds 45 dB.”

Noise in Recreational Areas
Noise immission in recreational areas presents special
problems. Many individuals expect a very quiet environ-
ment in parks and other recreational areas whereas others
— particularly those who enjoy the use of motorized
vehicles such as snowmobiles and off-road vehicles
— enjoy sound levels, particularly if they are of good
quality. Others enjoy recreational areas from a distance
— such as in helicopters and airplanes, and the noise
of these sources of concern to those on the ground.
Other problems include the measurement of sounds
which are often of very low level (Fig.23.4), and may
be intermittent. Measurement location is also a prob-
lem because the areas of interest are frequently very
large.

A collection of 16 papers covering a variety of topics
related to recreational noise is available. The papers were
presented at a symposium on recreational noise held in
New Zealand in 1998. Miller [23.7] has given a summary
of the state of the art in recreational noise as of 2003.

Other Noise Criteria
A wide variety of noise criteria are discussed in a docu-
ment on community noise prepared for the World Health
Organization.

23.4.5 Sound Quality

In Sect.23.0.1, noise was defined as unwanted sound.
The field of sound quality or sound quality engineering
has become important for two reasons. Noise often has
characteristics that may make the sound more annoying
than sounds of equivalent level using conventional mea-
sures. These include the presence of discrete-frequency
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Table 23.11 A-weighted day, night, and day-night average sound levels in decibels and corresponding approximate
population densities in people per square kilometer or square mile. Reprinted by permission of the Acoustical Society of
America from ANSI S12.9/part 3, annex D [23.145]. This annex is for information, and is not part of the standard

Land-use category DNL Typical Day Night Approximate
range DNL level level population density
dB dB dB dB per km? per sq.mi.
Very noisy urban > 67 70 69 61 24650 63840
Noisy urban residential 62-67 65 64 57 7722 20000
3 Urban and noisy suburban 57-62 60 58 52 2465 6384
residential
4 Quiet urban and normal 52-57 55 53 47 772 2000
suburban residential
5 Quiet suburban 47-52 50 48 42 247 638
residential
6 Very quiet suburban and <47 45 43 37 77 200

rural residential
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Fig. 23.29 Percentages of highly annoyed (HA), annoyed (A), and lightly annoyed (LA), with 95% confidence limits, for
aircraft noise, road noise, and railway noise. (After Miedema [23.157] and Miedema and Oudshoorn [23.158]. Reprinted
with permission)
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sound, sound which is impulsive in character, and sounds
that create a negative image — such as a noisy bearing
which may indicate that a machine is failing. Reduction
or elimination of such sounds improves the quality of
the noise.

More recent work, particularly in the automobile
industry has focused on the sound of engines and
other automotive components to create a desirable
sound for the consumer. Similarly, consumer prod-
ucts such as sewing machines and vacuum cleaners

have been studied in an effort to eliminate sounds
that the consumer finds objectionable and empha-
size sounds that give a good impression of the
quality of the product. There have been two sound-
quality symposia that cover a wide range of topics
in this field. In addition, Lyon has described the
sound-quality design process [23.162], and has de-
scribed a methodology by which various attributes
of sound can be used to define the quality of that
sound [23.163].

23.5 Regulations and Policy for Noise Control

In this section, an overview of noise policies and regu-
lations is given. First, an overview of noise policy in the
United States is given, and then information on noise
policies in other countries and in the European Union is
presented.

23.5.1 United States Noise Policies
and Regulations

This material has been adapted from paper 302 titled “A
Review of Untied States Noise Policy” by G.C. Mal-
ing, Jr. and L. S. Finegold. The paper was presented an
INTER-NOISE 04, Czech Republic (2004).

The policies of the United States with respect to
noise emission and noise immission have a long history.
Many of the historical environmental noise documents
produced in the US in the past are well known throughout
the world, and have been reviewed elsewhere [23.164—
170].

Funding for the US Office of Noise Abatement and
Control of the US Environmental Protection Agency
was discontinued in 1982, and since then there has been
alack of focus in the implementation of US noise policy.
Since then, noise policies and regulations have been
promulgated by a number of different federal agencies.
There is a variety of state and local noise regulations;
information on selected policies is given below.

Federal Government Noise Policies
The noise policies of the US federal government
have been reviewed in detail elsewhere [23.169, 170].
A database of US noise policy documents has been
published on CD-ROM [23.171].

Federal Aviation Administration. A number of poli-
cies related to aviation noise were in existence before

1969, but the first FAR 36 regulation [23.172] issued
in 1969 by the Federal Aviation Administration, an
agency of the US Department of Transportation. This
regulation implemented a certification procedure for the
noise emissions of aircraft, and has been amended many
times to reduce noise emissions as the technology of air-
craft engine design improved. More information may be
found in Sect. 23.2.8.

US Environmental Protection Agency. The National
Environmental Policy Act of 1969 established the Of-
fice of Noise Abatement and Control (ONAC) of the
US Environmental Protection Agency (EPA), and in the
early 1970s, ONAC held a series of public hearings to
discuss the noise problem. These hearings led to the pas-
sage of the Noise Control Act of 1972 (NCA 72), which
was landmark legislation in which the US Congress
declared that it is “the policy of the United States to pro-
mote an environment for all Americans free from noise
that jeopardizes their health and welfare.” The program
included:

® development of standards and criteria,
identification of major sources of noise,

regulation of the noise emissions of certain vehicles,
machinery, and equipment,

product noise labeling,

interactions with other federal agencies,

the establishment of regional noise technical centers,
support of research in noise control, and

assistance to state and local governments.

Funding for ONAC was discontinued in 1982. Finegold,
Finegold and Maling [23.169, 170] discussed the suc-
cesses and failures of the program, and a history of the
program has been prepared by Maling [23.173]. A re-

Amazon EX1014 Page 1010



Noise | 23.5 Regulations and Policy for Noise Control

view of administrative procedures related to NCA 72 and
ONAC, and recommendations for future noise abate-
ment were prepared by the Administrative Conference
of the United States in 1991 [23.174].

US Department of Housing and Urban Development.
It is the policy of the US Department of Housing and
Urban Development (HUD) (24 CFR part 51) to pro-
vide minimum national standards applicable to HUD
programs to protect citizens against excessive noise in
their communities and places of residence. HUD has
defined noise exposure standards for new construction,
interior noise goals, and acoustical privacy in multifam-
ily buildings. These standards must be met if federal
financing assistance is to be provided for new con-
struction or residential rehabilitation. It is also HUD’s
policy to apply standards to prevent incompatible de-
velopment around civil airports and military airfields.
HUD requires that grantees give adequate consideration
to noise exposures and sources of noise as an integral
part of the urban environment when HUD assistance is
provided for planning purposes. Particular emphasis is
placed on the importance of compatible land-use plan-
ning in relation to airports, highways and other sources
of high levels of noise exposure. HUD assistance for
the construction of new noise sensitive uses is pro-
hibited generally for projects with unacceptable noise
exposures and is discouraged for projects with normally
unacceptable noise exposure. Noise exposure by itself
will not result in the denial of HUD support for the resale
and purchase of otherwise acceptable existing buildings.
However, environmental noise is a marketability factor,
which HUD will consider in determining the amount of
insurance or other assistance that may be given.

The Federal Energy Regulatory Commission. The Fed-
eral Energy Regulatory Commission (FERC) is an
agency of the US Department of Energy, and has issued
a regulation that controls noise emitted by compressors
and other sources of noise related to the power industry.
The regulation 18 CFR 157.206(d)(5) states that:

5. The noise attributable to any compressor facility in-
stalled pursuant to the blanket certificate shall not
exceed a day—night sound level (Lgn) of 55dB(A)
at any noise-sensitive area unless the noise-sensitive
areas (such as schools, hospitals, or residences) are
established after facility construction.

US Department of Labor, Occupational Safety and
Health Administration. Within the US Department

of Labor, OSHA has regulations on occupational
noise exposure which are detailed in the US code of
federal regulations, 29 CFR 1910.95. Additional in-
formation may be found in the hearing conservation
manual [23.175]. Noise policy for exposure to industrial
noise is generally covered by the text in Sect. 23.4.4.

US Department of Labor, Mine Safety and Health
Administration. The Mine Safety and Health Ad-
ministration is part of the US Department of Labor.
Regulations for the control of the noise exposure of
miners is covered in 30 CFR 62. The basic requirements
are:

® The eight hour time-weighted, A-frequency-
weighted sound pressure level shall not exceed
90dB. Levels below 90dB and above 140dB are
not included in the integration.

® A 5dB exchange rate is used.

® Above an action level of 85dB, hearing protection
must be used, and the individual must be enrolled in
a hearing conservation program.

Additional information on the policies of other govern-
ment agencies vis a vis occupational noise may be found
in a paper by Bruce and Wood [23.176].

Federal Highway Administration. The primary activity
of the Federal Highway Administration is to coordinate
state efforts with regard to the construction of high-
way noise barriers. Noise barrier design in discussed in
Chap. 4. Additional information on noise barriers is in
Sect. 23.3.1, in the section on state policies below, and
in [23.120]. More recently, there have been efforts to
design highways so that tire—road noise is reduced.

State Government Policies

Policies of the state governments can generally be
divided into policies with respect to exposure to occu-
pational noise, transportation noise, and noise emissions
from industrial plants. In the first case, states may
establish occupational noise policies that are at least
as stringent as federal regulations (see the section on
OSHA).

Highway Noise Barriers. Many State governments have
established noise policies with regard to the erection of
noise barriers along highways [23.120]. Noise barrier
policy is based on a cooperative arrangement between
the federal government and state governments. Federal
policy is set by the Federal Highway Administration, an
agency of the US Department of Transportation, and is
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detailed in an FHWA policy document [23.177]. It is,
however, the responsibility of each State Department of
Transportation (SDoT) to determine the extent of noise
abatement measures and to balance costs and environ-
mental benefits in determining where noise barriers are
to be erected.

Industrial Noise Emissions. The policy situation with
regard to industrial noise immissions varies from state-
to-state. The Internet site maintained by the Noise
Pollution Clearing House [23.178] lists 12 states (with
links to the requirements) with regulations on noise. One
of the states not listed is the state of Maine — whose noise
requirements have been described as the most complex
in the United States [23.179]. These requirements show
evidence of being carefully written. Brooks [23.180,181]
has identified two other states, Illinois [23.182] and
Connecticut [23.183] as two other states with carefully
crafted environmental noise regulations.

The Maine text is in the Department of Environ-
mental Protection regulations 375.10, and is approx-
imately 6000 words in length. The requirements are
written in terms of hourly A-weighed sound levels. Day-
time levels are between 7 a.m. and 7 p.m., and nighttime
levels are between 7 p.m. and 7 a.m. The key elements
are:

® In protected locations that are not predominantly
commercial, transportation, or industrial, 60 dB day-
time and 50 dB nighttime.

® In other areas, the required levels are 10 dB higher.

® Where pre-development levels are less than 45 dB in
the daytime and 35 dB at night, the required levels
are 5 dB lower.

® There are penalties for repetitive sounds and require-
ments on blast noise.

® Maximum levels are specified for construction ac-
tivities.

Local Noise Regulations and Policies. A large number
of cities and towns in the United States have ordinances
and building codes to deal with local noise issues. For
example, noise ordinances from cities and towns in 31
states have been posted on the Internet by the Noise
Pollution Clearing House [23.177]. A model noise or-
dinance published by the EPA and dating from 1975
September has also been posted [23.184]. However,
there is no consistency in how local noise ordinances
are structured. Some use subjective noise exposure cri-
teria, while others use objective, quantitative criteria.
As described by Finegold and Brooks [23.185], an

American National Standards Institute (ANSI) work-
ing group is currently developing a new ANSI standard
with an updated model community noise ordinance for
use by local jurisdictions to provide the needed guid-
ance. There is a strong preference for objective noise
standards as opposed to subjective standards. For exam-
ple, a requirement for the prohibition of excessive and
unreasonable noises without objective limits is difficult
to enforce.

As one example of the purpose of local noise or-

dinances, the noise policy statement in the March 1998
New York City noise code [23.186] is reproduced below.
This noise code is being revised.
24-202 Declaration of policy. 1t is hereby declared to
be the public policy of the city to reduce the ambient
noise level in the city, so as to preserve, protect and
promote the public health, safety and welfare, and the
peace and quiet of the inhabitants of the city, prevent
injury to human, plant and animal life and property,
foster the convenience and comfort of its inhabitants,
and facilitate the enjoyment of the natural attractions
of the city. It is the public policy of the city that every
person is entitled to ambient noise levels that are not
detrimental to life, health and enjoyment of his or her
property. It is hereby declared that the making, creation
or maintenance of excessive and unreasonable noises
within the city affects and is a menace to public health,
comfort, convenience, safety, welfare and the prosperity
of the people of the city. For the purpose of controlling
and reducing such noises, it is hereby declared to be the
policy of the city to set the unreasonable noise standards
and decibel levels contained herein and to consolidate
certain of its noise control legislation into this code. The
necessity for legislation by enactment of the provisions
of this chapter is hereby declared as matter of legislative
determination.

Noise Policies in Other Countries. Most industrialized
countries have published noise regulations for a vari-
ety of sources. Gottlob [23.187] as well as Flindell
and McKenzie [23.188] have presented information
on community noise regulations in a large number
of countries, and have listed the noise descriptors in
use. More recently, technical study group 3 of the
International Institute of Noise Control Engineering (I-
INCE) prepared a comprehensive draft report on noise
policies and regulations worldwide [23.189]. This re-
port documents the results of an international survey
on current environmental noise policies and regula-
tions, and describes some similarities and differences
in noise policies that exist at the global level. It also

Amazon EX1014 Page 1012



Noise | 23.5 Regulations and Policy for Noise Control

provides recommendations for a follow-on project to
estimate national noise exposures in the I-INCE par-
ticipating member countries as a next step towards the
long-term goal of assessing the effectiveness of noise
policies.

23.5.2 European Noise Policy
and Regulations

Early European noise policy emphasized old approach
directives that covered specific noise sources such as
motor vehicles, construction equipment, lawnmowers,
aircraft, and other equipment. The original safety direc-
tive, 89/392/EC, contained requirements on emission
sound pressure level (Sect.23.2.3). This document was
superseded by directive 98/37/EC [23.190], but with
the same acoustical requirements. This directive has
been implemented throughout the European Union —
the details being in European standards (EN). There are
now several hundred of these standards covering a wide
variety of machine types [23.191].

More recently, new approach directives give require-
ments, but are much more general in their approach
to regulation of noise. There are still specific require-
ments on machines — as discussed in Sect.23.2.5.
These approaches have been summarized by Higginson
et al. [23.192] in 1996, the European Union published
a green paper that recognized the fact that in spite of
limits on the noise emissions of individual machines,
the noise to which persons are exposed has been in-
creasing, and that more emphasis should be placed
on noise in communities. A summary of the future
noise policy as presented in the green paper is avail-
able [23.193], as is the green paper itself [23.194] and
an edited version [23.195]. This activity led to direc-
tive 2002/49EC [23.196] designed to understand noise
problems in communities through noise mapping and
other activities, and to prepare action plans. The direc-
tive instructs the member states to develop a long-range
plan to establish common assessment methods, to de-
velop noise maps, to develop action plans to combat
noise, to keep the public informed about noise is-
sues. It also requires that the European Commission
make regular evaluations of the implementation of the
directive.

Some key action items and implementation dates in
the directive are:

1. Common noise assessment methods will be estab-
lished by the European Commission.

2. By 2005 July 18, the European Commission will
be informed of limit values in force by the member
states.

3. By 2005 June 30 and every five years thereafter,
the member states will inform the European Com-
mission of the major roads that have more than six
million vehicle passages per year, major railways
that have more than 60 000 train passages per year,
and airports and the agglomerations with more than
250000 inhabitants within their territories.

4. By 2007 June 30, the member states will ensure
that strategic noise maps showing the situation in
the previous year have been made and approved by
competent authorities. By 2008 June 30, all agglom-
erations, major roads, and major railways shall be
identified and by 2012 June 30, noise maps for these
areas will be prepared and updated every five years.

5. By 2008 July 18, competent authorities shall draw up
action plans to manage noise issues in areas defined
by item 3 above.

6. By 2013 July 18, action plans for those areas defined
by item 4 above shall be developed.

7. Action plans shall be reviewed whenever the existing
noise situation changes, and at least every five years.

8. The public will be kept informed about noise maps
and action plans.

9. By 2004 January 18, the European Commission
will submit a report to the European parliament
which reviews existing measures related to sources
of environmental noise. A summary report of strate-
gic noise maps and action plans will be prepared by
2009 July 18 and every five years thereafter. By this
date, a report on the implementation of the directive
will also be submitted.

Six annexes to the directive cover noise indicators,
assessment methods for the noise indicators, assessment
methods for harmful effects, minimum requirements for
strategic noise mapping, minimum requirements for ac-
tion plans, and definitions of data to be sent to the
European Commission.

There are a number of ongoing projects related to
this directive. Further information on EU noise policies
can be found at http://europa.eu.int/comm/environment
/noise/home.htm.
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23.6 Other Information Resources

The following information will be helpful in locating
many of the references below.

American National Standards are available from the
Acoustical Society of America, asa.aip.org.

International Standards on electroacoustics (sound
level meters, etc.) are published by the International
Electrotechnical Commission (IEC), www.iec.ch.

International Standards on noise are published by the
International Organization for Standardization (ISO),
www.iso.ch.

The sponsor of the INTER-NOISE series of interna-
tional congresses on noise control engineering is the
International Institute of Noise Control Engineering,
www.i-ince.org.

References

A technical journal, Noise Control Engineering Jour-
nal, has been published by INCE/USA since 1973, and
all technical papers from that journal are now available
on CD-ROM.

The organizer of the INTER-NOISE series when
the congresses are held in North America is the In-
stitute of Noise Control Engineering of the USA
(www.inceusa.org). The institute also sponsors the
NOISE-CON series of national conferences on noise
control engineering. Technical papers on CD-ROM for
both of these series are available from the institute
(www.atlasbooks.com/marktplc/00726.htm).
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24, Microphones and Their Calibration

The condenser microphone continues to be the
standard against which other microphones are
calibrated. A brief discussion of the theory of the
condenser microphone, including its open-circuit
voltage, electrical transfer impedance, and me-
chanical response, is given. The most precise
method of calibration, the reciprocity pressure
calibration method for laboratory standard micro-
phones is discussed in detail, beginning with the
principles of the reciprocity method. Corrections
for heat conduction, equivalent volume, capillary
tube, wave motion, barometric pressure and tem-
perature are necessary to achieve the most accurate
open-circuit sensitivity of condenser microphones.

Free-field calibration is discussed briefly, and
in view of the difficulties in obtaining more accu-
rate results than those provided by the reciprocity
method, references are given for more detailed
consideration. Secondary microphone calibra-
tion methods by comparison are described. These
methods include interchange microphone com-
parison, comparison with a calibrator, comparison
pressure and free-field, and comparison with
a precision attenuator. These secondary calibration
methods, which are adequate for most industrial
applications, are economically attractive and less
time consuming.

The electrostatic actuator method for frequency
response measurement of working standard mi-
crophones is discussed with some pros and cons
presented. An example to demonstrate the stability
of laboratory standard microphones and the stabil-
ity of a laboratory calibration system is described.

Appendix A discusses acoustic transfer
impedance evaluation, while appendix B contains
physical properties of air, which are necessary for
microphone calibration.
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Nomenclature

A

Ay, A

a

ap to apn .

B =(n/par)?
/

Bl

C

C

CP

Cr
Gy

Cy
Ce
C

€0

Ci
Cstat
Cs

(1)

E,

€A, €B, €C
€o

€oc

€i(B)

e(t)

/
¢

€Bref> €Aref
€Bx, €Ax

€1
€2

numerical coefficient

complex quantities

the radius of the capillary tube (m)
coefficients

coefficient

numerical coefficient

fixed capacitance (F)

shunt capacitance (F)

specific heat capacity at constant pres-
sure (kJ kg_1 K1

reference capacitance (F)

specific heat capacity at constant volume
(kITkg~ 'K~

shunt capacitance (F)

large shunt capacitance (F)

sound speed (m/s)

reference dry air sound speed at 0°C,
101.325kPa and 400 ppm CO; content
(m/s)

input capacitance of the preamplifier (F)
static capacitance (F)

stray capacitance (F)

variable capacitance (F)

capillary correction (AcaB), Ac(BC), and
Ac(ca) are the capillary corrections for
the microphone pairs)

complex function

function for computation of R’
numerical coefficient

function for computation of R’

diameter of microphone cavity (m)
voltage across the microphone (V)
polarizing voltage (V)

complex temperature transfer function
open-circuit voltage (V)

output voltage (V)

output voltage as function of the varying
capacitor ¢; (V)

sinusoidal insert voltage (V)
time-varying voltage (V)

microphone output voltage with micro-
phone shunting capacitance
open-circuit voltage and the source
driving voltage when the reference mi-
crophone is in position

open-circuit voltage and the source driv-
ing voltage when the test microphone is
in position

driving voltage across Z, (V)
preamplifier output voltage (V)

f frequency (Hz)

fe = 1.00062 + ps(3.14x 107%)
+12(5.6x 10~7), enhancement factor

fo resonance frequency (Hz)

g1 gain of the preamplifier

H relative humidity, %

ho static deflection of diaphragm (m)

hy air gap between the diaphragm and the
backplate when the polarizing voltage is
applied (m)

hy = % ]1(-)10 fractional molar concentration
of moisture

he CO; content (%)

h=H/100  humidity (dimensionless)

AH humidity correction (dB/100%)

Al complex correction factor

1 input current (A)

iy time varying current generated by the
microphone (A)

K wave number of sound in the membrane
(m~)

k =iwZy/(y Ps)

ko constant

ke = (—iwp/n)'/? complex wave number
(m~)

L, level reading
of the reference microphone (dB)

L level reading
of the test microphone (dB)

l volume to surface ratio
of the coupler (m)

L length of the capillary tube (m)

ly length of the cavity, i. e. distance between
the two diaphragms (m)

M microphone sensitivity

Ma, Mg, Mc open-circuit sensitivity of microphone
A,B,C (V/Pa)

My, mechanical response (m/Pa)

M. electrical transfer impedance

M), My, M/C modified microphone A, B, C sensitivity
(V/Pa)

M, open-circuit sensitivity of the test micro-
phone (dB re 1 V/Pa)

M, open-circuit sensitivity of the reference
microphone (dB re 1 V/Pa)

Mgy microphone sensitivity (dB re 1 V/Pa)

Meore microphone sensitivity with correction
(V/Pa)

Mcom combined level sensitivity of microphone
and preamplifier (dB)

n number of capillary tubes
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P barometric pressure (Pa) X mole fraction of carbon dioxide in air

mole fraction of water vapor in air

Amazon

o
P alternating pressure inside the cavity (Pa) Ax variation in depth of the cavity (m) 3
Di incident sound pressure (Pa) Yo initial deflection of diaphragm (m) -
2 reference pressure = 101.325 kPa Vr diaphragm deflection (m) =
Dsv saturation water vapor pressure (Pa) ZAB acoustic impedance of a cavity with a pair +
Ds static pressure (during calibration ) (Pa) of microphones A and B (N's m—?)
AP, capacitance correction (dB) ZAC acoustic impedance of a cavity with a pair
APy microphone sensitivity level pressure of microphones A and C (Nsm™)
correction (dB) ZcA acoustic impedance of a cavity with a pair
Ap = (ps — po) pressure difference (kPa) of microphones C and A (Nsm™)
R Universal gas constant, VRS acoustic impedance of a cavity with a pair
8.31451 Tmol~! K~!. For dry air, 0°C, of microphones A and B with assump-
400 ppm CO; content and 101 325 Pa tions (Nsm™)
R parameter for computation of heat con-  Z/, acoustic impedance of a cavity with a pair
duction correction of microphones A and C with assump-
Rp impedance parallel with R. and R; (£2) tions (Nsm™?)
R high resistance (£2) Zea acoustic impedance of a cavity with a pair
R; input resistance of the preamplifier (£2) of microphones C and A with assump-
Ta radius of microphone diaphragm (m) tions (Nsm ™)
b radius of microphone backplate (£2) Zy electrical impedance (£2)
e capillary tube radius (m) Z = pcSy
S parameter for computation of heat con- Z compressibility factor for humid air
duction correction Zye impedance of an open capillary tube
So cross-sectional area of the cavity (m?) (Nsm™)
Sw switch Zy, complex acoustic wave impedance of an
T = (273.15+1), thermodynamic temper- infinite tube (Pasm™3)
ature (K) Z;,lz acoustic transfer impedance of a pair of
membrane tension (N/m) microphones
=273.15K ot thermal diffusivity of the gas media
temperature (°C) (m2s~1h
AT microphone sensitivity temperature cor-  «f, a2 attenuator reading
rection (db) BAB voltage ratio with microphone
At (T —273.15), temperature difference (K) pair A and B
u volume velocity (m? /S) BaC voltage ratio with microphone
Vv equivalent volumes of the cavity (m?®) pair B and C
Vea, VeB, Vec equivalent volumes of the microphones  Sca voltage ratio with microphone
A,B,C (m%) pair C and A
VaB = (V4 Vea+ Vep) (M%) Bo, B1, B2 attenuator reading
VBC = (V+ Vg + Vec) (m) B voltage ratio reading
Vea = (V4 Vec + Ver) (m3) y ratio of specific heats
AV small change of volume (m?) 10 ratio of specific heats of dry air at 0°C,
Vap:-Vhe-Via equivalent volume including capillary 101.325kPa and 314 ppm CO; content
tubes (m?) (dimensionless)
wave-motion correction (dB) n viscosity of air (Pas)
parameter for computation of heat con- 6 phase angle (deg)
duction correction A wavelength (m)
frequency normalized by the resonance & complex propagation coefficient (m~!)
frequency fo of the individual micro- p density of the gas enclosed (kg/m?)
phone 00 =1.29295 (dry air, 0°C, 101.325kPa

and 400 ppm CO, content) (kg/m?>)
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oM membrane surface mass density
(kg/m?)

A compensation for dispersion (dB)

Ac(AB) capillary tube correction factor for mi-
crophones A and B

AcBC) capillary tube correction factor for mi-

crophones B and C

capillary tube correction factor for mi-
crophones C and A

10} =2x f, angular frequency (rad/s)

Jo() and Ji() zero- and first-order cylindrical Bessel
functions of the first kind for complex
argument

i V-1

Aqca)

24.1 Historic References on Condenser Microphones and Calibration

In 1917, Wente [24.1] described a microphone close
to what we find today as the modern condenser mi-
crophone. The theory of absolute pressure calibration
for condenser microphones and some of the modern
analyses and implementations including the early im-

24.2 Theory

The theory of condenser microphone operation has been
investigated [24.1-30], and a brief summary is discussed
in the following.

24.2.1 Diaphragm Deflection

The basic condenser microphone consists of a stretched
diaphragm (Fig.24.1) over a backplate that is polarized
with a voltage Eo, usually 200 V. Due to the small air
gap h, (approximately 20 um for a 25 mm diameter
microphone) between the backplate and the thin (ap-
proximately 1-5 pm) metallic diaphragm, the latter is
deflected by electrostatic charge of the backplate. With
the diameter of the planar (flat) backplate (2r) smaller
than that of the diameter (2r,) of the diaphragm, the rel-
atively complex initial deflection (yp) of the diaphragm
shape was analyzed by Hawley et al. ([24.29], Chap. 2).
It has been shown by Fletcher and Thwaites [24.30]
that it is an advantage to modify the backplate to have
a parabolic profile to accommodate the curvature of
the diaphragm and, according to their analysis, this
eliminates distortion and increases the microphone sen-

Meml‘arane Fa >
7
o ° L
hy| Yo
hok
Backplate[ i |

Fig. 24.1 Schematic diagram of a condenser microphone

plementation of the Western Electric 640AA condenser
microphone have been described [24.2-30]. In 1995,
a comprehensive discussion on the history of con-
denser microphone development and calibration was
published [24.29].

sitivity. Until this idea is further developed, the following
will concentrate on condenser microphones with planar
backplates.

24.2.2 Open-Circuit Voltage
and Electrical Transfer Impedance

For functional implementation of a condenser micro-
phone, Zuckerwar gave a detailed analysis ([24.29],
Chap. 3), and the electrical circuit is shown in Fig. 24.2.
A microphone is represented by a variable capacitance c;
with a static value of ¢y, and a stray capacitance of cg.
The polarizing voltage Ey is applied to the microphone
backplate via a high resistance R.. The preamplifier is
represented by an input impedance consisting of a ca-
pacitance c¢; and a resistance R;; c. is a large blocking
capacitor to prevent the polarizing voltage from over-
loading the preamplifier.

When a time-varying sound pressure is applied to the
diaphragm, the diaphragm vibrates and the microphone
capacitance ¢ and the voltage E across the microphone

| |1
1T
Ce Rc
E{* SOl = *leo
7] C; C s Ci R; =
Microphone Preamplifier Polarization
cartridge voltage

Fig. 24.2 Electrical circuit of a condenser microphone
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I
R. Tci R leo

Fig. 24.3 Equivalent small-signal circuit

iwc Eg(4 TCIO ‘|’CS

are represented by their corresponding static and time-
varying components

¢t = Cstar + (1) , (26.1)
E=Ey+e(). (24.2)

The time-varying current i; generated by the microphone
is
de

d
iy = Eoﬁ + Cstat—— - (24.3)
dr dr

For small electrical signals, Fig. 24.2 can be represented
by an equivalent circuit shown in Fig. 24.3 and for small
time-varying (w) pressure at the diaphragm, the micro-
phone can be represented by a fixed capacitance C and
a current source i, and the output voltage e, is:

Ct la)CRp
"C1+iwCR,’
where Rp is the impedance of R. in parallel with Rj,
and C is the sum of ¢, ¢i and ¢s. The microphone

open-circuit voltage ey as a function of the varying
capacitance c; is

-l
Coe = Eg—L (1+M> . (24.5)

ey = (24.4)

Cstat Cstat

Based on an approximate equation derived by Haw-
ley ([24.29], Chap. 2, Eq. 5.8) for the capacitance of
a microphone under the influence of the polarizing
voltage, and assuming that the diaphragm can be mod-
eled as a piston-like displacement, Zuckerwar ([24.29],
Chap. 3, Eq. 2.23) has shown that the electrical transfer
impedance M, is

Ey rg ci+cs -1
Me=—|14+— 1 , 24.6
o= ( e (21.6)

where r, and ry, are the radii of the diaphragm and the
backplate, respectively.

Amplitude (dB) Phase lag'®®
Sa A180
0 F00000000000000000000000° 150
Amplitude
-5 120
-10 90
-15 60
20 Phase lag 30
—30 LAAAAAAAAAMAbD v »0
10 10 10° 10 10°
Frequency (Hz)

Fig. 24.4 Sample amplitude and phase response of a one-
inch microphone (Briiel Kjer 4146) Solid lines: theoretical.
Symbols: experimental (after Zuckerwar [24.29], Chap. 3)

Both Hawley et al. ([24.29], Chap. 2) and Zucker-
war ([24.29], Chap. 3) arrived at the conclusion that the
optimum backplate size is

ra/ro = (2/3)'/* =0.8165 . (24.7)
24.2.3 Mechanical Response

The membrane motion is coupled to the air between the
diaphragm and the backplate. The system exhibits damp-
ing due to the damping holes in the backplate. Zuckerwar
([24.29], Chap. 3, Eq. 3.51) arrived at a solution for the
mechanical response as

()] L LK)

My, = = 24.8
"7 TK? Jo(K))+ D (26.8)

where K is the wave number of sound in the membrane,
given by

12
K=w (a—M> , (24.9)
T

w is angular frequency, oy is the membrane surface
mass density, and 7}, is the membrane tension. D is
a complex function ([24.29], Chap. 3, Eq. 3.50). With
(24.8) the amplitude and phase response can be realized;
some examples ([24.29], Chap. 3, Fig. 3.8) are shown in
Fig.24.4.
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24.3 Reciprocity Pressure Calibration
24.3.1 Introduction

High precision in acoustical measurements is needed
even though the human ear cannot discern a change
in sound level much smaller than 1dB. For example,
to certify aircraft for regulations, it is necessary to ob-
tain measurements with a known uncertainty, usually
0.1-0.2dB (Unless otherwise stated, the uncertainties
referred to in this chapter, may be taken as better than
two standard deviations. However, in most cases, the
quoted statements on uncertainty are unclear in the
source documents. Further complications are introduced
when the original data are converted to decibels. For
a more rigorous treatment of uncertainties, one should
consult [24.31]). It is reasonable to assume that labora-
tory standard microphones (working standards) should
be approximately an order of magnitude better than this,
say with an uncertainty ranging from 0.01 to better
than 0.1 dB. For research and development purposes, in-
cluding the study of microphones and monitoring their
stability, the primary calibration of condenser micro-
phones should have an uncertainty no larger than several
thousandths of a decibel.

One of the most accurate techniques to calibrate
aprimary standard condenser microphone is the absolute
method of reciprocity pressure calibration (sometimes
called the coupler method), which currently has a best
uncertainty of less than 0.01dB at 250Hz, under
a fully controlled environment under reference condi-
tions [24.20]. If the calibration were to be performed
on a laboratory bench without any control on the en-
vironment, such as barometric pressure, temperature
and humidity, the estimated uncertainty of the coupler
method is approximately 0.05dB at lower and middle
frequencies.

The theory of absolute pressure calibration methods
for condenser microphones and some of the rela-
tively modern implementations have been described
in [24.1-29].

24.3.2 Theoretical Considerations

The reciprocity method measures the product of the sen-
sitivities of each pair of a set of three microphones in
terms of related electrical and mechanical quantities,
from which the absolute sensitivity of each microphone
can be deduced.

The acoustic impedance Zap, of a cavity with
a pair of microphones A and B, as shown in Fig.24.5

Zap =y Plio(V + Vea+ Ven)] ", (24.10)
where y is the ratio of specific heats of the gas in the
coupler, P is the barometric pressure, @ equals 27 f,
where f is the frequency of the driving sinusoidal sig-
nal, and V, Vea and Vg are the equivalent volumes of
the cavity and of microphone A and microphone B, re-
spectively. Equivalent volumes, as the name implies, are
volumetric measures that represent the physical volumes
of the cavity and of the coupled microphones modified
by thermal and finite impedance factors.

The relationship between the alternating pressure p
inside the cavity and the volume velocity u is

p=uZap = uyPy(ioVap) ™", (24.11)
where the equivalent volume of the cavity with micro-
phones A and B is

Vap =(V+Vea+ Ven) . (24.12)

The reciprocity theorem states that, in a passive lin-
ear reversible (reciprocal) transducer, the ratio of the
volume velocity u in the cavity to the input current /
when used as a sound source is equal to the ratio of the
open-circuit voltage ea across the electrical terminals
to the sound pressure p acting on the diaphragm when
used as a receiver. The theorem enables one to write the

From
oscillator

-
Z, |:j €A
<+

Fig.24.5 Calibrating condenser microphones by the reci-
procity method (after Wong, [24.29], Chap. 4)
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following equations:

Mpa=u/l =ep/p, (24.13)
Mg =ep/p, (24.14)
Mc=ec/p, (24.15)

where Ma, Mp and M are the open-circuit sensitivities
of the microphones.

Multiplying (24.13) and (24.14), and substituting p
from (24.11) gives

MaMp = egiwVap/(Iy Ps) . (24.16)
Since
I:eA/Z.X (24.17)

and Z, is an electrical impedance, substitution of (24.17)
into (24.16) gives

MaMp = VakPas . (26.18)
where

k=1wZx/(y Ps) (26.19)
and

BaB =ep/ea . (24.20)

By using the microphones A, B and C, configured
in pairs to give equivalent volumes Vap, Vec and Vca,
and by measuring the corresponding voltage ratios SaB,
Bec, and Bca, respectively, the sensitivity product of
three pairs of microphones can be obtained:

MaMp = kBaBVAB ,
MgMc = kPBpcVac ,
McMa = kBcaVea - (2%.21)

From (24.21), the open-circuit sensitivities of the indi-
vidual microphones can be derived

Ma = [(VcaVas/Viac)(BcaBas/Bec)kl'/?

Mg = [(Vag Vac/Vea)(BasBec/ Bea)k]

Mc = [(VcVea/ Vas)(BecBea/Bap)k]/? .
(24.22)

It can be seen from (24.22) that the sensitivity of each
microphone can be deduced by measuring the voltage
ratios if the equivalent volumes for each of the three pairs

of microphones and the numerical value of the constant
k are known.

Similarly, the open-circuit sensitivity shown
in (24.22) can be expressed in terms of the acoustic
impedance of the cavity (24.10):

Ma = {[Zc/(ZcaZap)|(BeaBas/Bec) Ze} /2
Mg = {[Zca/(Zap Zac))(BaBac/Bea) Ze} /2

Mc = {[ZaB/(Zsc Zca)l(BacBea/ Bas) Z:) 2
(24.23)

where Zap, Zpc and Zca are the acoustic impedances
of the cavities.

An equation for calculating the acoustic impedance
of a coupler is given in Appendix 24.A.

24.3.3 Practical Considerations

The general arrangement for implementation of pres-
sure reciprocity calibration of condenser microphones
is shown in Fig.24.6. To simplify electrical measure-
ments, it is necessary that the driving microphone A
should be isolated electrically from the receiving mi-
crophone B. The preamplifier has a gain of g; and an
input capacitance of Cj. Since the receiving microphone
is shunted by C; the microphone output voltage is mod-
ified to e;;. When the switch S, is at position 2, an
insert voltage can be applied in order to obtain the open-
circuit voltage. For both microphones, a polarization
voltage (usually 200 V) is applied via a high resistance.
A small shunt capacitor Cy, which closely approximates
Cj, modifies the driving voltage ex to ej.

Polarization Electrical ~ Capillary  Preamplifier
voltage insulator tubes (gain=g;)
——— —>

Sinusoidal
signal I
> (A) (B)
Ci I e 1G
y

A A
> 1
er=epX
; S 2= € Xg1
* Insert 2
voltage
= €i(B)

Fig.24.6 Pressure reciprocity calibration method with pro-
vision for insert voltage (after Wong [24.29], Chap. 4)
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The cavity usually has two capillary tubes for at-
mospheric pressure equalization and for the insertion
of gases other than air. Hence the sensitivities of the
microphones shown in (24.22) are modified to

M)y = [(VEaVas/ Vi) BeaBas/Bec)kl/?
My = [(VAg Vie/Via)BasBsc Bea)kl

MG = (Ve Via/ Vi) (BacBea, Bas)kl
(24.24)

where the cavity equivalent volume is marked with
aprime to indicate the inclusion of the equivalent volume
of the capillary tubes. The voltage ratio eg/es becomes
ey/e; and it is represented by Bap in (24.24). The next
section discusses the parameters shown in (24.24).

Open-Circuit Sensitivity
The open-circuit sensitivity of the microphones is ob-
tained with the insert voltage method [24.8]. From
Fig. 24.6, the measurement procedure is as follows.

With the switch Sy, at position 1, measure the out-
put voltage e, from the preamplifier. Next, remove the
drive sinusoidal signal from microphone A, and with
the switch at position 2, apply a sinusoidal insert volt-
age ¢;p) to drive the diaphragm of microphone B. The
magnitude of e, is adjusted such that the voltage e
is repeated at the output of the preamplifier. As the cir-
cuit shows, the insert voltage is identical to the desired
open-circuit voltage of microphone B if the loading of
the preamplifier’s input impedance were to be removed.
The open-circuit sensitivity of the microphones can be
obtained from (24.24) with the voltage ratio e;g)/e1, for
each pair of microphones, substituted into (24.20). Al-
ternatively, the insert voltage can be computed from an
injected voltage when the switch is at position 2, and
then measuring the corresponding output voltage e, to
obtain the overall gain that enables the computation of
the proper insert voltage.

Electrical Circuit for Measurement

The basic electrical measurement for pressure reci-
procity calibration is that of the amplitude ratio of two
sinusoidal signals (e; and e> in Fig. 24.6) that may not
be in phase. The uncertainty of direct measurement of
each of the two signals is limited by the uncertainty of
the alternating-current (AC) voltmeter. Several practical
circuits for this purpose have been described [24.27].
A higher accuracy can be achieved with voltage ratio
measurements. Two examples are described below to
give some insight into the diversity of the methods of
implementation.

Rectified Signal Null Method
In this method, used in commercial reciprocity cali-
bration apparatus, one of the AC signals is applied to
both inputs (Fig. 24.7). With the attenuator removed but
with the bypass connection in place, the signal is bal-
anced at the amplifier—rectifier circuit, such that a null
reading is indicated by the null-meter. With the two si-
nusoidal signals connected to the inputs, the attenuator
is adjusted for a null reading. The attenuator reading
gives the voltage ratio. The uncertainty of the voltage
ratio is theoretically dependent on the uncertainty of the
precision attenuator. However, the linearity and match-
ing of the amplifiers, amplifier-rectifiers (with RC time
constants, not shown) together with the amplitude dif-
ference of the two signals, also affect the uncertainty of
the circuit. Even with good design, the uncertainty of
the voltage ratio measured is approximately 0.003 dB.
With some modifications, the user of the apparatus may
reduce the uncertainty of measurements by exchanging
the signals at the input, and by shifting the attenuator
from positions A and B to positions C and D, then tak-
ing the mean of the ratio readings for the two attenuator
positions.

Variations on this method have been used; for ex-
ample, the insert voltage (Fig. 24.6) can be derived from
a precision attenuator driven by the same source as the
driving microphone [24.25].

Interchange Reference Method
The amplitude ratio R and the phase 6 of two sinu-
soidal signals can be measured very precisely with the
interchange reference method [24.32] (Fig.24.8). Sig-
nals e; and e, are presented to the differential inputs
of a lock-in amplifier via the switch S, and the attenu-
ators. When the switch is in position 1, e; is selected
to be the reference signal for the lock-in amplifier.
The attenuator readings f; and «; are adjusted for
a null condition. Using the vector diagram in Fig. 24.9,

Amplifiers Amplifier — Rectifiers
1)o ¢ D Null
detector
Inputs By-pass _T_
@o—]f > :
A B
Precision
attenuator

Fig. 24.7 Rectified signal null circuit (after Wong [24.29],
Chap. 4)
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Attenuators
a / \ ﬁ
ep o
B A
AC null detector
(A-B) . f
> (lock-in amplifier)
Reference 3

signal

Inphase quadrature

Fig. 24.8 Interchange reference method (after Wong [24.29],
Chap. 4)

we have

erfrcost —eja; =0. (24.25)

Similarly, when e; is selected as the reference by the
switch at position 2, the null condition with attenuator
readings B2 and « provides the following:

e1Bacosh —erar =0. (24.26)

From (24.5) and (24.6), the general equations for the
amplitude ratio R = e /e and cos 0 are found

R = [(e1 /a2)(B2/ B2 |
cos 0 = [(a1e2)/(B1 )12 .
Although for symmetry, Fig. 24.8 shows two atten-

uators, in practice only one attenuator is required. For
the condition in Fig. 24.9, where e; > ey, @1 = 2 = 1.

(24.27)
(24.28)

24.4 Corrections
24.4.1 Heat Conduction Correction

The alternating sound pressure induces compression and
expansion in the gas medium inside the closed cavity.
At sufficiently low frequencies, the induced tempera-
ture changes occur isothermally, and the heat exchange
at the walls of the cavity has to be included when com-
puting the acoustic impedance of the cavity. As the
frequency increases, heat conduction between the gas

a) With ¢; as the reference

b) With e, as the reference

+J +J
Quadrature Quadrature
component component
(ea—ep) (ea—ep)
e o ad
4 - »e; €
Sse €y Uy
S
€
- -

Fig.24.9 Vector diagram for the in-phase null condition
(after Wong [24.29], Chap. 4)

The uncertainty of the attenuator that can be a seven-
decade ratio transformer (inductive voltage dividers) is
of the order of 0.1 ppm. The uncertainty of the measured
amplitude ratio is of the order of 1 ppm. Other circuits
employing inductive voltage dividers for voltage ratio
measurements are given in [24.17,23].

Reference Impedance Selection

The reference impedance Z, shown in Fig. 24.6 needs
to be carefully selected. The nature of the impedance,
either purely resistive or purely capacitive, or a com-
bination of electrical impedances, dictates the mode of
evaluation of the factor k, which is required for the com-
putation of microphone sensitivity in (24.24). If Z, is
a resistance, the angular frequency w, shown in (24.19),
has to be measured. When the impedance is a capac-
itance C; the term Z, = 1/(iwC;), and the frequency
terms are canceled. The numerical value of Z, is chosen
such that the magnitudes of ¢; and e; are nearly equal in
order to enhance the measurement of voltage ratios using
null measurement techniques. For precise measurement
of Z,, the capacitance of the connecting cables to the
impedance should be taken into consideration.

and the walls decreases. Gradually, isothermal condi-
tions change to adiabatic conditions, at which virtually
no heat is exchanged with the walls.

Classical analytical approaches to calculate heat
conduction in cavities are given by Ballantine [24.2] and
Daniels [24.33]. Correction factors for heat conduction
were obtained by Biagi and Cook [24.34]. Theoretical
and experimental data, based on thermal diffusion, on
the acoustic impedance of the cavity, are given by Ger-
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Table 24.1 Tabulated values of E\ for the heat conduction correction (ANSI S1.15: 2005, and IEC 61094-2:1992-03)

Real part of E, b d Imaginary part of E,

R =02 R =05 R =1 R =02 R =05 R =1
0.72127 0.71996 0.72003 1.0 0.24038 0.22323 0.22146
0.80092 0.80122 0.80128 2.0 0.17722 0.16986 0.16885
0.83727 0.83751 0.83754 3.0 0.14818 0.14304 0.14236
0.85907 0.85920 0.85922 4.0 0.13003 0.12614 0.12563
0.87393 0.87402 0.87403 5.0 0.11732 0.11421 0.11380
0.89343 0.89348 0.89349 7.0 0.10030 0.09807 0.09777
0.91082 0.91086 0.91086 10.0 0.08477 0.08321 0.08300
0.93693 0.93694 0.93694 20.0 0.06086 0.06007 0.05997
0.94850 0.94851 0.94851 30.0 0.05002 0.04950 0.04942
0.95540 0.95541 0.95541 40.0 0.04349 0.04310 0.04304
0.96358 0.96359 0.96359 60.0 0.03568 0.03541 0.03538
0.96846 0.96846 0.96846 80.0 0.03098 0.03078 0.03076
0.97179 0.97179 0.97179 100.0 0.02776 0.02761 0.02758
0.98005 0.98005 0.98005 200.0 0.01972 0.01964 0.01963
0.98590 0.98590 0.98590 400.0 0.01399 0.01395 0.01395
0.99003 0.99003 0.99003 800.0 0.00992 0.00990 0.00989

The numerical values given are considered accurate to 0.00001

ber [24.35]. Ballagh [24.36] took into consideration heat
loss effects due to the microphone diaphragms at the
ends of the cavity. Jarvis [24.37] pointed out the need
to include the impedance of the driver microphone dur-
ing computation of the heat conduction correction. It
is difficult to decide accurately at which middle fre-
quencies the isothermal—adiabatic transition occurs, and
which portions of the cavity to include in the impedance
of the microphone. The exact nature of this transition
depends upon the frequency of the calibration and the
dimensions of the coupler. The sound pressure generated
by the transmitter microphone, i.e. a constant-volume
displacement source, will change accordingly. The ef-
fect can be considered as an apparent increase in the
coupler volume expressed by a complex correction fac-
tor Ay to the geometrical volume V in Sect.24.A or
to the cross-sectional area Sy defined in Z = pcS; Uin
Sect. 24.B.
The heat conduction correction factor is given by:

_ 14
I+(y—DEy 7

where E is the complex temperature transfer function
defined as the ratio of the space average of the sinusoidal
temperature variation associated with the sound pressure
to the sinusoidal temperature variation that would be
generated if the walls of the coupler were perfectly non-
conducting (24.30), and y is the ratio of specific heats of

AH (24.29)

the gas inside the coupler. Tabulated values for Ey can
be found in Table 24.1 [24.35] as a function of the pa-
rameters R’ and X', where R'is the length-to-diameter
ratio of the coupler, X' = f¢%/(yay), f is the frequency,
£ is the volume-to-surface ratio of the coupler and ¢ is
the thermal diffusivity of the gas enclosed.

For finite cylindrical couplers as described in
[24.38], annex C, the approximation described below
for the complex quantity Ey will be satisfactory

Ey=1—S+DS*+(3/4JT D25, (21.30)

where

S:(—i 1 )1/2: 1—i
27X’ X
TR?+8R

T IQR IR

R?—6R?

D=3 ok

The modulus of Ey, as calculated from (24.30), is
accurate to 0.01% within the range 0.125 < R’ < 8 and
for X’ > 5. The first two terms in (24.30) constitute an
approximation that may be used for couplers that are not
right circular cylinders.
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24.4.2 Equivalent Volume

The equivalent volume without heat conduction correc-
tion, as defined in (24.12), consists of the volume of the
cavity plus the equivalent volumes of the microphones.
The volume of the cavity is usually measured with tra-
ditional methods offered by mechanical metrology. The
equivalent volume of a standard microphone, which in-
cludes a small volume occupied by a screw thread and an
effective volume caused by the non-rigidity of the micro-
phone diaphragm, is very difficult to measure precisely
with conventional mechanical means. Various methods
for the measurement of the equivalent volume of micro-
phones are available [24.39]. Optical techniques, such
as the traveling microscope, have been used to mea-
sure the cavity length [24.25]. For higher precision,
interferometric procedures can be applied.

An acoustical resonance method can be used to
determine the front cavity volume of a standard micro-
phone. A three-port coupler accommodates two smaller
microphones (e.g. 1/4 inch microphones), and the stan-
dard microphone. The smaller microphones are used
as a driver—receiver combination to give the electrical
transfer impedance including the cavity volume with the
standard microphone in place. The standard microphone
is replaced with a movable plunger; the displacement of
the plunger is calibrated to indicate volumetric changes
covering the range of actual microphone volumes. The
equivalent front volume of the test microphone can be
deduced from the calibrated position of the plunger at
which the two smaller microphones indicate the same
electrical transfer impedance as when the test micro-
phone is in place. See [24.12] for a similar three-port
procedure and [24.16] for precise measurement of vol-
umetric changes.

Wong and Embleton [24.20] developed a very pre-
cise method that assesses the equivalent volume with the
heat conduction correction and includes the impedance
of the capillary tubes for the coupler and two micro-
phones in one procedure. The length of the cavity can
be varied with a removable spacer to replace the electri-
cal insulation, and the voltage ratio 8 = e>/e1, as shown
in Fig. 24.6, is assessed at the frequency of interest with
the interchange reference method [24.32]. From (24.10)
and (24.11), the equivalent volume of the cavity can be
expressed in terms of the volume velocity u and the
alternating pressure p

V =(yPs/iw)u/p) . (24.31)

Since the voltage ratio 8 is inversely proportional
to the pressure p inside the cavity (an increase of sig-

Vig — Spacer
Capillary tube —¢ -

Vea —

Vv
VirtVox Vo + 250 l I
Vot+VeatVen AV,
ViVoxt V=200 © ‘ J
..“ Q O >
B So B2 B

Fig.24.10 Arrangement for determining the equivalent
volume, including corrections for capillary tubes, and heat
conduction (after [24.20])

nal magnitude requires a decrease in ratio reading to
maintain a null condition), (24.31) can be modified to

V=koB, (24.32)

where ko is a constant.

Three readings, By, B1 and B, corresponding to
cavity volume (Vy+ Vea + Vep), volume (Vo + Vea +
Ve — AVp/2) and volume (Vo + Vea + Ve + AVH/2),
are obtained. Here AV) is a small variation in volume
corresponding to a small variation Ax in spacer thick-
ness. Figure 24.10 illustrates the relationship between
changes in volume and the ratio readings. The equivalent
volume of the cavity is

V=Vo+ Vea+ Ve) = AVo[Bo/(B2— B1)] .

(24.33)

From Fig. 24.10,
V = 1o/(B2— B1d* Axm /4, (24.34)
where d and Ax are the diameter and the variation in

depth of the cavity.
For highly accurate measurements, the spacers are
implemented with optical flats whose thicknesses are
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measured by interferometry. The cavity is manufactured
with precision optical fabrication. The uncertainty in
the equivalent volume of such a cavity is estimated
to be approximately 20 ppm. For less stringent appli-
cations the three optical flats can be replaced with
adaptor rings [24.25] or with three cavities of known
volumes. The equivalent volume of the cavity can then
be determined by interpolation. This method has been
commercialized with a similar procedure that relied on
two couplers (long and short couplers) in the Briiel and
Kjer 5998 reciprocity apparatus. With the sensitivities
of the microphone pairs obtained with the two couplers,
the microphone cavity depths are then adjusted numer-
ically until the final microphone sensitivities obtained
with the two couplers are nearly identical or very close.

24.4.3 Capillary Tube Correction
For microphone calibration, the preferred expres-
sion [24.38,40] adopted for the acoustic input impedance

of an open capillary tube is:

Ze = Zitanh(¢ L) , (21.35)

where Z; is the complex characteristic impedance of
a capillary tube with infinite length, L. is the length
of the capillary tube, ¢ is the complex propagation
coefficient for plane waves in a tube, and

-2 \1)2
Zo=(A/A)"
- =172
¢ = (AlAz) / .
Ay and A, are complex quantities; A| represents vis-
cosity loss at the walls and inertia of the gas medium,

and Aj represents heat conduction loss at the walls and
the compliance of the gas medium, where

(24.36)
(24.37)

y 27 (k -
A =i (1o 2htkere) , (24.38)
7'”’02 kere Jo(kere)
2 .
~ . oTr 2 J1(Bkcre)
Ay —in—2S (1 -1 ,
2 1w,002< LTS jo(BkCrc))
(24.39)

Jo and J; are, respectively, the zeroth- and first-order
cylindrical Bessel functions of the first kind for complex
arguments, 7. is tube radius (m), k; = (—ia),o/n)l/2 is the
complex wave number (m™— H,B= [n/(pat)]l/Q, oy is the
thermal diffusivity of the gas media (m?/s).

Table 24.2 Real part of Z. in GPa s/m3 (ANSI S1.15: 2005, and IEC 61094-2:1992-03), tube dimensions in millimeters

£c=50 Frequency £c =100

re =0.1667 re =020 re =025 (Hz) re = 0.1667 re=0.20 re =025
3.018 1.457 0.597 20 6.041 2916 1.195
3.019 1.457 0.597 25 6.044 2919 1.196
3.020 1.458 0.597 315 6.049 2.922 1.198
3.022 1.459 0.598 40 6.059 2.928 1.201
3.025 1.460 0.599 50 6.072 2.937 1.205
3.029 1.463 0.600 63 6.094 2.951 1.212
3.036 1.467 0.602 80 6.130 2.975 1.225
3.047 1.473 0.605 100 6.185 3.011 1.243
3.063 1.482 0.610 125 6.270 3.069 1.272
3.093 1.499 0.620 160 6.422 3.173 1.326
3.137 1.524 0.633 200 6.643 3.331 1.408
3.207 1.564 0.654 250 6.989 3.595 1.550
3.326 1.631 0.689 315 7.542 4.066 1.817
3.534 1.750 0.750 400 8.353 4.944 2.381
3.871 1.943 0.849 500 9.068 6.288 3.535
4.504 2314 1.034 630 8.670 7.336 5.631
5.807 3.113 1.435 800 6.375 5.311 4.375
8.332 4.890 2.378 1000 4.353 3.005 1.925

12.120 9.008 5.385 1250 3.545 2.127 1.146

The data used for this table are: ¢ =345.7m/s, y = 1.40, p = 1.186kg/m3, n=18.3x10"%Pas, a; =21 x10"°m?/s
The values given in this table are valid at the reference environmental conditions: 23 °C, 101.325 kPa and 50% RH
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Table 24.2 (continued)

o
Lc =50 Frequency £c =100 3
r. =0.1667 re=0.20 re=0.25 (Hz) r. =0.1667 re=0.20 re=0.25 ==
9.191 7.926 6.740 1600 4.171 2410 1.196 g
4.326 3.021 1.951 2000 6.325 4.409 2.527 r
2.694 1.637 0.893 2500 4.979 3.717 2.768
2.807 1.580 0.783 3150 4.411 2.661 1.392
5.923 3.536 1.749 4000 5.238 4.019 3.075
5.946 4.825 3.903 5000 5.059 3.262 1.770
3.306 1.939 1.011 6300 4.578 2.920 1.672
6.571 5.375 4.137 8000 4.695 3.034 1.749
4.184 2.465 1.258 10000 4.977 3.363 1.952
3.902 2.539 1.540 12500 4.760 3.331 2.271
4.043 2.590 1.534 16 000 4.753 3.263 2.137
4.535 2.813 1.517 20000 4.844 3.324 2.023
0.097 0.074 0.049 20 0.096 0.114 0.090
0.122 0.092 0.061 25 0.120 0.143 0.112
0.153 0.116 0.077 31.5 0.151 0.180 0.141
0.195 0.147 0.098 40 0.191 0.228 0.180
0.244 0.184 0.123 50 0.238 0.285 0.225
0.307 0.232 0.155 63 0.299 0.359 0.283
0.390 0.295 0.197 80 0.376 0.455 0.360
0.488 0.369 0.246 100 0.465 0.569 0.452
0.610 0.461 0.308 125 0.569 0.710 0.567
0.782 0.592 0.396 160 0.701 0.905 0.731
0.980 0.743 0.496 200 0.824 1.123 0.923
1.228 0.933 0.623 250 0.916 1.380 1.170
1.556 1.186 0.792 315 0.888 1.664 1.500
1.990 1.527 1.021 400 0.479 1.842 1.922
2.511 1.948 1.306 500 -0.684 1.11 2.200
3.189 2.532 1.711 630 -2.739 -0.777 0.926
3.987 3.353 2.325 800 -3.890 -3.152 -2.510
4.280 4213 3.186 1000 -3.031 -2.595 —2.130
1.338 3.162 3.730 1250 -1.382 -1.157 —0.944
-5.333 —4.384 -3.281 1600 0.429 0.456 0.282
—4.500 -3.768 -2.956 2000 0.260 0.971 1.221
-1.996 -1.663 -1.280 2500 -1.702 -1.552 —-1.344
0.491 0.244 0.051 3150 0.205 0.199 0.053
2.428 2.283 1.692 4000 -1.074 -0.864 -0.524
—2.803 —2.434 -1.954 5000 0.208 0.438 0.406
0.186 -0.037 -0.190 6300 -0.070 -0.095 -0.219
-1.245 -0.607 0.209 8000 -0.041 -0.027 -0.138
0.872 0.643 0.336 10000 -0.056 0.152 0.212
—-0.542 —-0.699 -0.764 12500 -0.281 -0.295 -0.281
-0.210 -0.399 -0.532 16 000 -0.174 -0.187 —0.228
0.430 0.349 0.142 20000 -0.109 -0.001 0.035

The data used for this table are: ¢ = 345.7m/s, y = 1.40, p = 1.186 kg/m>, n = 18.3x 10~® Pas, oy = 21 x 10~ m? /s
The values given in this table are valid at the reference environmental conditions: 23 °C, 101.325 kPa and 50% RH

Amazon EX1014 Page 1035



1034 PartH

Engineering Acoustics

#°HZ |H Hed

For n capillary tubes the correction factors Aca),
Acie) and A¢ca) for the respective cavity impedances
in (24.23) are

AcaB) = 1+n(Zas/Z.) ,
Acmey = 1+n(Zpc/Z.),
Agcay =14+n(Zca/Z.) .

Equation (24.40) assumes that the heat conduction cor-
rection (Sect. 24.4.1) has been applied.

Atatemperature of 23 °C, arelative humidity of 50%
and a static pressure of 101.325 kPa, for a typical range
of parameters and frequencies, the real and imaginary
parts of Z. are as shown in Table 24.2, respectively.
The computation of the air density p, sound speed c in
humid air and other physical quantities are discussed
in Sect. 24.B.3.

It should be noted that the numerical values given
in these tables are relatively sensitive to the change in
the viscosity of air n. For example, when 7 deviates by
0.5%, the numerical values changes by approximately
1% in the real part of Z. and approximately 8% in the
corresponding imaginary part. Since the original data
for the computation of 7 (Sect.24.B.4) may have an
uncertainty of several percent, the Table 24.2a,b should
be used with caution.

(24.40)

24.4.4 Cylindrical Couplers
and Wave-Motion Correction

Two types of couplers (cavities) are used for microphone
calibration: plane-wave couplers, where the diameter of
the cavity equals the diameter of the microphone di-
aphragm; and large-volume couplers, where the cavity
diameter is larger than that of the diameter of the micro-
phone diaphragm and the cavity volume is much larger
than the sum of the equivalent volume and front vol-
umes of the microphones. In reciprocity calibration,
the dimensions of the large-volume coupler are cho-
sen such that the pressure increase at the diaphragm
of the receiving microphone, due to the first longitudi-
nal mode, is partially canceled by the pressure decrease
due to the lowest radial mode, whose maximum pres-
sures occur at the side walls of the cavity and hence
are removed from the vicinity of the microphone di-
aphragm. A generally accepted rule to ensure that the
pressure is sufficiently uniform over the microphone di-
aphragm is that the maximum dimension of the cavity
should not exceed 1/20, where X is the wavelength in
the gas. With a large-volume coupler there is less in-
fluence from the equivalent volumes of the capillary

tubes and the microphones. However, with larger di-
mensions, the coupler is restricted to lower-frequency
applications. In a plane-wave coupler with relatively di-
mensions there are smaller wave-motion effects, and the
coupler can be used at higher frequencies. To extend
the range of calibration frequency, a gas with a higher
sound speed should be used. Theoretical and experimen-
tal data [24.38,42—-44] on wave motion in couplers have
been published. In practice, it is difficult to obtain a pre-
cise theoretical expression for wave-motion correction.
However, for experimental determination, the following
method [24.44] has been used.

Assuming that the sensitivity of the microphones
remains constant, the microphone sensitivity is meas-
ured with air as the gas at relatively high frequencies for
which the pressure distribution in the cavity is nonuni-
form. The measurements are repeated with hydrogen or
helium, which have higher sound speeds and for which
the wave motion correction is correspondingly smaller.

Table 24.3 Experimental data on wave-motion corrections
for the air-filled large-volume coupler used with type LS1P
microphones (ANSI S1.15: 2005, IEC 61094-2:1992-03).
LS1P: type designation [24.41] for laboratory standard (LS)
microphones, where the last letter P or F represents pressure
or free-field microphones, and the number 1 or 2 repre-
sent mechanical configuration for one-inch and half-inch
microphones, respectively

Frequency (Hz) Correction (dB)
800 and below 0.000

1000 -0.002

1250 -0.013

1600 -0.034

2000 -0.060

2500 -0.087

Insulator

Capillary
tubes

Fig. 24.11 Mechanical configuration of plane-wave cou-
plers (ANSI S1.15: 2005, and IEC 61094-2:1992-03)
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Table 24.4 Nominal dimensions for plane-wave couplers (ANSI S1.15: 2005, and IEC 61094-2:1992-03)

Dimensions (mm)

Symbol Type LS1P
DA 23.77

g 18.6

e 18.6

D 1.95

E 6.5-8.5

Laboratory standard microphones

Type LS2aP Type LS2bP
13.2 12.15

9.3 9.8

9.3 9.8

0.5 0.7

3.5-6 3.5-6

Table 24.5 Nominal dimensions and tolerances for large-volume couplers (ANSI S1.15: 2005, and IEC 61094-2:1992-03)

Dimensions (mm)

Symbol Type LS1P
DA 23.77
OB 18.6
e 42.88 £0.03
D 1.95
E 12.55+0.03
F 0.80£0.03
i Microphone
*D
1
3 7 1 Insulator
E
De 5
Microphone

=

Da apillary tubes
Fig. 24.12 Mechanical configuration of large-volume cou-
plers (ANSI S1.15: 2005, and IEC 61094-2:1992-03)

Changes in the apparent sensitivity of the microphones
give the wave-motion correction W for microphones
calibrated in air.

Recommended [24.38] dimensions for the plane-
wave and large-volume couplers are shown in Fig. 24.11,
Table 24.4 and Fig. 24.12, Table 24.5, respectively. Rep-
resentative wave-motion corrections [24.38] for both
couplers used with LS1P (one-inch) microphones are
shown in Table 24.3. These corrections should be added
to the pressure sensitivity level measured with the cou-
pler filled with air. When the coupler is filled with a gas
other than air, the same correction can be used when the
frequency scale is multiplied by a factor equal to the ratio
of the velocity of sound in the gas to the corresponding
velocity in air.

Laboratory standard microphones

Type LS2aP Type LS2bP
13.2 12.15
9.3 9.8
18.30£0.03 18.30£0.03
0.5 0.7
3.50+0.03 3.50£0.03
0.40£0.03 0.40£0.03

For LS1P microphones, the following empirical
equation [24.25] for the wave-motion correction W, in
decibels, may be used

W= —0.2242F> +1.2145F — 1.6473 , (24.41)

where F equals log f, and W should be added to the
pressure sensitivity level of the microphone.

24.4.5 Barometric Pressure Correction

The sensitivity of a condenser microphone ([24.38],
annex D) is inversely proportional to the acoustic
impedance of the microphone. In a lumped parame-
ter representation, the impedance is given by a serial
connection of the impedance of the diaphragm (due pri-
marily to its mass and compliance) and the impedance of
the air behind the diaphragm is mainly determined by the
following: (a) the thin air film between the diaphragm
and the backplate, introducing loss and mass; (b) the air
in slots or holes in the backplate, introducing loss and
mass; and (c) the air in the cavity behind the backplate,
acting at low frequencies as a compliance but at high
frequencies as a mass due to wave motion in the cavity.

The density and the viscosity of air are considered
linear functions of temperature and/or static pressure.
Consequently the acoustic impedance of the micro-
phone also depends upon the static pressure and the
temperature. The resulting static pressure and tempera-
ture coefficients of the microphone are then considered
to be determined by the ratio of the acoustic impedance
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Table 24.6 Coefficients of the polynomial for calculating the microphone sensitivity pressure corrections using (24.42) or (24.43),
and temperature corrections using (24.44) for specific LS1P and LS2P microphones (ANSI S1.15: 2005)
Coeffi- Pressure correction (24.42) [24.45,46] Pressure correction (24.43) Temperature correction (24.44)
cients [24.47] [24.47]
Briiel & Kjaer Briiel & Kjer G.R.AS. Briiel & Briiel & Briiel & Briiel &
Kjer Kjer Kjeer Kjeer
Type 4160 Type 4180 Type 40AG Type 4160 Type 4180 Type 4160 Type 4180
LS1P LS2P LS2P LS1P LS2P LS1P LS2P
ag -1.625x 1072 —4.44613x 1073 -3.93458x 1073 -0.0152 —0.00519 —0.0020 -0.0012
aj -1.152x10~° —-8.34314x 1077 —5.687 14x 1077 —0.00584 —0.0304 0.00913 0.00633
a 1.816x10~° -3.51608x10710  -3.00641x10710  0.132 0.5976 -0.245 -0.242
a3 ~7.111x10718  -1.60278x1071*  -1.43914x10~*  -0.596 -3.912 1.673 1.656
as 2.056x 10716 1.763 14.139 -6.058 -6.1833
as -2.721x10720 -2.491 -27.561 11.766 11.81
as 1.188x 10724 1.581 29.574 -13.11 ~12.1366
ag —0.358 —-17.6325 8.5138 6.875
ag —0.0364 5.4997 -3.0016 -2.0324
ag 0.01894 -0.7017 0.4426 0.2457
(dB/kPa) the wave motion in the cavity behind the backplate.
0.02y In general, the pressure coefficient depends on con-
structional details in the shape of the backplate and
0.01 back volume, and the actual values may differ consid-
LS1P erably for two microphones of different manufacture
0Ly although the microphones may belong to the same
LS2p type, say LS1P. Consequently the pressure coefficients
—001 shown in Fig. 24.13 should not be applied to individual
o microphones. .
: The low-frequency values of the static pressure coef-
58 ficient genera!ly lie between —0.01 and —0.02 dB/kPa
for LSIP microphones, and between —0.003 and
_na L —0.008 dB/kPa for LS2P microphones. .
01 02 0.5 1 2 flfe 5 10 For the Briiel and Kjer type 4160 LS1P mi-

Fig. 24.13 Examples of static pressure coefficient of LSIP
and LS2P microphones relative to the low-frequency value
as a function of the relative frequency f/ fo (ANSI S1.15:
2005, and IEC 61094-2:1992-03)

at reference conditions to the acoustic impedance at the
relevant static pressure and temperature, respectively.
Both the mass and the compliance of the enclosed air
depend on the static pressure, while the resistance can
be considered independent of static pressure. The static
pressure coefficient generally varies with frequency as
shown in Fig. 24.13. For frequencies higher than about
0.5 fo (fo being the resonance frequency of the micro-
phone), the frequency variation depends strongly upon

crophones, an empirical equation based on precise
measurement of the microphone sensitivity [24.45] at
various static pressures to derive the pressure coeffi-
cient, may be used to correct for microphone sensitivity
variation with static pressure:

AP = <a0 —I—a1f+a2f2+a3f3

tag ft+as f5+ac f°) Ap

where A P is the microphone sensitivity level pressure
correction (dB), (to be added to the sensitivity level of
a microphone), ap—ae are constant coefficients listed
in Table 24.6, f is the frequency (Hz), A, = (ps — po)
is the pressure difference (kPa), ps is the static pressure
during calibration (kPa), and pg is 101.325 kPa.

(24.42)
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The variation of the pressure sensitivity correction
with frequency is shown in Fig.24.14. At a particu-
lar frequency, if the difference between the standard
pressure and the barometric pressure during calibra-
tion is known, the sensitivity pressure correction can
be obtained from the above equation. Over a pressure
range 94—106 kPa, if (24.42) is used for sensitivity level
pressure correction for a type 4160 microphone, the
maximum deviation between the corrected microphone
sensitivity level and the corresponding measured micro-
phone sensitivities level is within 0.0085dB over the
frequency range 250—8000 Hz. For a wider frequency
range of 63—10000 Hz, the corresponding deviation is
within 0.013 dB. Similar corrections can be obtained for
LS2P (half-inch) microphones by applying the coeffi-
cients [24.46] given in Table 24.6.

Users of condenser microphones, particularly for
very precise measurements such as during aircraft certi-
fication that involves huge resources, should be fully
aware of the fact that the sensitivities of condenser
microphones change with frequencies (frequency re-
sponse) and these changes are functions of barometric
pressure ([24.45], Fig. 3). Therefore for two sets of
measurements at different barometric pressures, pres-
sure corrections, such as with (24.43), can be applied at
each frequency to arrive at more-precise measurements.

For LS2P microphones Briiel and Kjer type 4180
and GRAS-type 40AG, the pressure correction curves
similar to that shown in Fig.24.14 have been pub-
lished [24.46]. With (24.42) their corrections can be
computed from the coefficients shown in Table 24.6.

Alternatively, a similar equation for pressure cor-
rection developed at a later date also based on
measurement [24.47], may be used

8p=ao+arx +ax*+...+agx’, (24.43)

where §p is the microphone sensitivity pressure cor-
rection (dB/kPa), ap—a9 are the constants listed
in Table 24.6, x = f/ fo is the frequency normalized
to the resonance frequency fj of the individual micro-
phone, and f is the frequency (Hz).

With (24.43), it is necessary to determine the res-
onant frequency fp of the microphones. With the
assumption of a mean value for fj, the numerical val-
ues obtained with (24.43) and (24.42) differ by a few
thousandths of a decibel per kPa.

24.4.6 Temperature Correction

Both the mass and the resistance of the enclosed air
depend on the temperature, while the compliance can

Pressure coefficient (dB/kPa)
A
0.000

-0.005 @ S/N 907055
B S/N 907045
—-0.010 4 S/N 907039

-0.015
-0.020
-0.025
-0.030
L] >
50 100 200 500 1000 2000 5000 10000 20000

Frequency (Hz)

Fig. 24.14 Variation of the slopes of sensitivity correction curves
with frequency for three Briiel and Kjar type 4160 microphones.
The curve is obtained with an empirical equation for the computation
of microphone sensitivity pressure correction. See (24.42). Similar
corrections can be obtained for Briiel and Kjer Type 4180 and
GRAS 40AG microphones with the coefficients shown in Table 24.6
(after [24.48])

be considered independent of temperature. The depen-
dence on temperature is of secondary when compared
with the pressure dependence. The resulting frequency
dependence of the temperature coefficient is shown
in Fig. 24.15.

In addition to the influence on the enclosed air, tem-
perature variations also affect the mechanical parts of the
microphone. The main effect will generally be a change
in the tension of the diaphragm and thus a change in its

(dB/K)
A
LS2P
0.01
0.00
LS1P

~0.01
~0.02 >

0.1 02 05 1 2 fiff 5 10

Fig. 24.15 General frequency dependence of the part of the
temperature coefficient for LS1P and LS2P microphones
caused by the variation in the impedance of the enclosed
air (ANSI S1.15: 2005, and IEC 61094-2:1992-03)
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Table24.7 A numerical example for the calculation of estimated expanded uncertainty of microphone sensitivity level with
a particular microphone calibration arrangement at 250 Hz (ANSI S1.15: 2005)

Source Type Estimated Distribution Sensitivity Standard
contribution (dB) coefficient uncertainty (dB)
Acoustic transfer impedance B 0.025 Rectangular 1 0.0144
Voltage ratio B 0.01 Rectangular 1 0.0058
Reference impedance B 0.0042 Rectangular 1 0.0024
Specific heat ratio B 0.005 Rectangular 1 0.0029
Density of air B 0.001 Rectangular 1 0.0006
Barometric pressure B 0.004 Rectangular 1 0.0023
Heat conduction correction B 0.02 Rectangular 1 0.00115
‘Wave motion etc. B 0.006 Rectangular 1 0.0035
Insert voltage B 0.001 Rectangular 1 0.0006
Polarizing voltage B 0.001 Rectangular 1 0.0006
Pressure coefficient B 0.002 Rectangular 1 0.0012
Temperature coefficient B 0.001 Rectangular 1 0.0006
Humidity coefficient B 0.001 Rectangular 1 0.0006
Repeatability A 0.004 Normal 1 0.0040
Combined uncertainty 0.0206
Expanded uncertainty (k = 2) 0.0412
Rounded expanded uncertainty 0.042

compliance. This results in a constant change in sensitiv-
ity in the stiffness-controlled range and a slight change
in the resonance frequency.

The low-frequency values of temperature coefficient
generally lie close to +0.005dB/K for both LS1P and
LS2P microphones.

An equation developed for the normalized temper-
ature coefficient based on measurements of LS1P and
LS2P microphones [24.47,49], may be used

AT = (ag+a1x+ax>+...+agx”)At, (2b.4k)

where AT is the microphone sensitivity temperature
correction (dB), ag—ag are the constants listed in Ta-
ble 24.6, x = f/ fo is the frequency normalized by the
resonance frequency fj of the individual microphone, f
is the frequency (Hz), At = (T —273.15), the tempera-
ture difference from the reference condition (K).

24.4.7 Microphone Sensitivity Equations

In general, based on (24.22) or (24.23), the open-circuit
sensitivity of a microphone expressed in decibels relative
to1V/Pais

Mgg =20log M+ 101log Ac + 10log Ag

+10log APy +10log AT + 10log Ah + W,
(24.45)

where M is the microphone sensitivity, and A., Ag,
AP, AT, Ah and W are the corrections for capil-
lary, heat conduction, pressure, temperature, humidity
and wave motion, respectively. For LS1P and LS2P
microphones, the humidity corrections of the order of
0.0025dB/100% RH may be ignored.

When expressed in the format of volts per pascal,
and including corrections, the microphone sensitivity is:

Moo = 10MaB/20° (24.146)

24.4.8 Uncertainty
on Pressure Sensitivity Level

The uncertainty of the pressure sensitivity level, ex-
pressed as a function of frequency, should be stated as the
expanded uncertainty of measurement obtained by mul-
tiplying the derived standard uncertainty by a coverage
factor of two.

It should be noted that not all of the contribut-
ing uncertainty components are known. Some of the
uncertainty components that may be necessary for con-
sideration for a given calibration arrangement are: (a) the
electrical transfer impedance: series impedance, voltage
ratio, cross-talk and noise, distortion etc., (b) the acous-
tic transfer impedance related to the coupler: coupler
dimensions and surface area, capillary tube parameters
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and environmental conditions, and (c) the microphone
parameters, such as loss factor, diaphragm: mass, com-
pliance, resistance and heat conduction related to front
cavity etc. Details of some of these uncertainties have
been published [24.50].

For the determination of the pressure sensitivity
level, it is estimated [24.33, 39] that a reciprocity
calibration carried out under laboratory conditions
can achieve an uncertainty of approximately 0.05dB

at low and middle frequencies. The uncertainty in-
creases to about 0.1dB at 10kHz and 20kHz for
LS1P and LS2P laboratory standard microphones,
respectively.

In order to clarify the computation process, a numer-
ical example is given in Table 24.7 for the calculation of
estimated expanded uncertainty of the microphone sen-
sitivity level with a particular microphone calibration
arrangement at 250 Hz.

24.5 Free-Field Microphone Calibration

The theory and procedure for free-field calibration have
been discussed in detail [24.51, 52]. Similarly to pres-
sure reciprocity calibration, one microphone is driven
as a sound source and the microphone pair faces each
other in a free field at a fixed distance. One of the ma-
jor uncertainties in free-field calibration is to measure
the positions of the acoustic centers of the micro-
phones accurately so that the distance between them
can be deduced. Procedures for measuring and esti-
mating values of the positions of the acoustic centers

for laboratory standard microphones have been pub-
lished ([24.52], annex A). For free-field calibration of
half-inch microphones, over a frequency range from
about 1.25kHz to more than 20kHz the uncertainty
(three standard deviations) [24.51] is approximately
0.1-0.2dB.

The manufacturers of the microphones usually sup-
ply free-field corrections for their microphones, to be
added to the pressure reciprocity measurements, for
free-field applications.

24.6 Comparison Methods for Microphone Calibration

Reciprocity microphone calibration discussed in Sect. 24.3 The method has been standardized in an international

is a primary method that provides high accuracy but
requires stringent procedures and is relatively time con-
suming. A more economical approach to microphone
calibration is by means of comparison methods with
which the performance of the test microphone is com-
pared with that of a standard microphone that has been
calibrated with a primary method. Secondary methods,
such as using comparison, have higher uncertainties but
offer several advantages, such as simplicity in procedure,
are less time consuming and, depending on the method,
require little or no correction, and are very economically
attractive.

24.6.1 Interchange Microphone Method
of Comparison

This economically attractive method was developed to
compare microphones in a cavity or in a small ane-
choic box (Wong and Embleton [24.53] and Wong and
Wu [24.54]). The technique can be applied to micro-
phone phase comparison calibration (Wong [24.55]).

standard [24.56].

When two microphones with their diaphragms fac-
ing in close proximity to each other are excited in a sound
field, the difference of level readings, Lciz between
the two channels, where microphone 1 is connected
to preamplifier 1, and microphone 2 is connected to
preamplifier 2, is

Lcio=(L1+Lmi+Lq+Lwa)
—(Lo+ L2+ Lg+ Lws), (24.47)

where L; and L, are the sensitivity levels of the mi-
crophones 1 and 2, respectively, Ly, and Ly are the
gain sensitivity levels of the measuring systems 1 and 2,
respectively, Lq is the level of the sound excitation,
and Lwa and Lwp are the wave pattern effects at the
microphone positions A and B, respectively.

When the microphones are interchanged so that mi-
crophone 1 is now connected to preamplifier 2 and
microphone 2 is now connected to preamplifier 1, the
difference of level readings between the two channels
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becomes

Lcot = (Lo + Lt +La+ Lwa)

—(L1+Lm2+Lag+ Lwn) . (24.48)
Subtracting (24.48) from (24.47), the difference in
level between the two microphones is

(Ly—Ly)=1/2(Lc12— Lc21) - (24.49)

If either Ljor L; is the sensitivity level of a cali-
brated reference microphone, then the sensitivity level
of the other microphone (the test microphone) can be de-
duced. It is interesting to point out that with this method,
the level Ly of the driving sound need not have a flat
response or known levels.

The above relatively simple theoretical considera-
tion has assumed that the input capacitances of the two
microphones are identical, i.e. the same model of mi-
crophones, and the same model of preamplifiers used for
both channels such that their input capacitances have the
same value.

If the input capacitances Cy, of the preamplifiers
are the same but the two models of microphones are
different, then a correction Lo should be added to the
right-hand side of (24.49), where

Leorr = 20 1Og[c2/(cm + C2)]

—201og[C1/(Cm+C1)] . (24.50)

The two terms in (24.50) are the capacitance cor-
rections for the two microphones; and C; and C; are
the capacitances of microphone 1 and microphone 2,
respectively.

It is important to realize that the physical positions
of the reference microphone should be repeated accu-
rately before and after the microphones are interchanged
such that the sound field at the reference microphone
is unchanged. The difference in level readings shown
in (24.47) and (24.48) can be measured with the ratio
provision of a precision AC voltmeter.

Uncertainties

The uncertainty for the above method depends on the ref-
erence microphone uncertainty that may be of the order
of 0.05 dB. With very sophisticated measuring methods
such as phase-lock amplifiers the uncertainty introduced
by this comparison method to be added to the uncertainty
of the reference microphone [24.57] is estimated to be
less than 0.1 dB.

24.6.2 Comparison Method
with a Calibrator

In general, there are five components and three basic
steps in this comparison method [24.57]. The compo-
nents are the reference microphone, the test microphone,
a stable sound source, which is usually an acoustical cal-
ibrator that generates a constant sound pressure level,
a microphone preamplifier and an acoustical level in-
dicator such as a measuring amplifier or a voltmeter.
Since the calibrator is used as a transfer standard, its
sound pressure level need not be known.
The three basic steps are as follows

1. The reference microphone which is connected to the
preamplifier is inserted into the acoustical calibrator
and a level reading L, is noted.

2. The reference microphone is replaced with the test
microphone. With the same acoustical calibrator,
a second level reading L; is noted.

3. The test microphone is removed, and again with
the reference microphone, step 1 is repeated to give
a third level reading.

The agreement between the first and third level read-
ings with the reference microphone is a confirmation
of the validity of the second level reading obtained
with the test microphone, that is, to assure that noth-
ing has changed after the first level reading is taken.
The difference between the level readings, (Li — L) is
the difference in open-circuit sensitivities (expressed in
decibels) between the two microphones if the following
conditions are satisfied:

1. The equivalent volumes of the two microphones are
identical, or the equivalent volume of the sound cal-
ibrator is much larger than that of the microphones,
such that any difference in the front volumes of the
microphones does not produce a significant change
in the sound pressure levels measured in steps 1 and
2 above.

2. The capacitances of the two microphones are iden-
tical. Since the preamplifier has a finite input
impedance (a very high resistance in parallel with
a small known capacitance), the loading on the
microphone will be different if the microphone ca-
pacitances were to be different, and this will produce
a small change in the overall combined sensitivity of
the microphone and preamplifier.

3. The environmental conditions remain constant dur-
ing the measurements.
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Corrections
When it is not possible to satisfy all of the above con-
ditions during the implementation of the comparison
procedure, the following corrections can be applied.

Equivalent Volume Correction
Depending on the type of microphones, the equiva-
lent volume of the test microphone, as specified by the
manufacturer, can differ substantially from that of the
reference microphone. The following correction can be
applied.

AP, =20log[V/(V +AV)]dB, (24.51)

where APy is the volume correction to be added to
the calibrated sensitivity of the microphone, V is the
effective coupler volume of the acoustical calibrator,
AV is the difference between the equivalent volumes
of the microphones, i.e., the equivalent volume of the
reference microphone minus the equivalent volume of
the test microphone.

When the combined volume of the calibrator and
the equivalent volume of the microphone increases,
the sound pressure level inside the acoustical calibra-
tor decreases. For example, if AV is negative, i.e., the
equivalent volume of the test microphone is larger than
that of the reference microphone the volume correction
A Py has a positive sign in order to compensate for the
decrease in sound pressure level when the test micro-
phone is measured. When the correction is added to the
microphone sensitivity (24.45), the apparent sensitivity
of the test microphone increases.

Depending on the frequency of the acoustical cali-
brator, the effective coupler volume V should include the
additional volume due to heat conduction (Sect. 24.4.1).
For example at a frequency of 250 Hz, the additional
volume to account for heat conduction for the Briiel
and Kjer type 4220 pistonphone is 0.16 cm>. There are
other acoustical calibrators that have relatively large cav-
ity volumes, such as the Briiel and Kjer model 4230
(94 dB at 1 kHz, with an equivalent volume of > 100 cm’
between 10 and 40°C); and the Larson—Davis model
CA250. In these cases, from (24.51), the correction
is negligible since V' is much larger than AV. Most
calibrators are supplied with adaptors to accommodate
microphones of various diameters, and these adaptors
are designed to include the volume correction for the
particular types of microphones when used with the
calibrator. If the adaptors and the calibrator are from
different manufacturers, the instruction manual of the
calibrator should be consulted to ensure proper usage.

Capacitance Correction
The combined level sensitivity of the microphone and
preamplifier is:

Mceom = Mo+ g1+201og[C/(C+Ci)], (24.52)

where M, is the open-circuit sensitivity of the micro-
phone (dB re 1 V/PA), g1 is the gain of the preamplifier
(dB), C is the capacitance of the microphone, Cj is the
input capacitance of the preamplifier. The input capac-
itance of the preamplifier would load the microphone
and the overall sensitivity decreases. With this compari-
son method, if the capacitances of the two microphones
are different, the capacitance correction is

AP =2010g[C,/(Cr +ci)] — 20 10g[Ce/(Co+ )]
(24.53)

where AP is the capacitance correction to be added
to the calibrated sensitivity of the microphone (dB), C;
is the capacitance of the reference microphone, ¢ is
the input capacitance of the preamplifier, and C; is the
capacitance of the test microphone.

The first and the second term on the right-hand side
of (24.53) are the capacitance corrections for the refer-
ence microphone and the test microphone, respectively.

Environmental Conditions

One of the advantages of a comparison method is that
environmental effects usually remain constant during
measurements outlined in the above three basic steps.
Changes in temperature and humidity affect both micro-
phones. A rapid variation in barometric pressure may
affect some acoustical calibrators, and precaution should
be taken to avoid opening or closing the doors of the
calibration laboratory during measurements.

Uncertainties
From the above discussion, the open-circuit sensitivity
of the test microphone is

Mt:Mr+(Lt_Lr)+APv+APC7 (2LL5L*)

where M; is the open circuit sensitivity of the reference
microphone (dB re 1 V/Pa), L, is the level reading ob-
tained with the test microphone (dB), and L, is the level
reading obtained with the reference microphone (dB).
The uncertainty of M, depends on the primary
reciprocity procedure that calibrates the reference mi-
crophone (Sect.24.3). If the environmental conditions
are controlled [24.20], the uncertainty of the open-circuit
sensitivity can be less than 0.005dB. The uncertainty
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expectation for reciprocity calibrations based on inter-
national standard [24.38,40] is approximately 0.05 dB.

If the magnitudes of the levels L and L, are nearly
identical, the uncertainty can be much less than 0.05 dB.
However, if it is necessary for the level-measuring de-
vice, such as a measuring amplifier, to engage different
instrument ranges during the measurement of the above
levels, the uncertainties can be up to £0.1dB. The
uncertainties of AP, and A P, are estimated to be ap-
proximately 0.01 dB each, and the overall uncertainty
of calibrator comparison method is estimated to be
0.05-0.2dB.

For this comparison method, the preamplifier should
have very high input impedance, usually in the order of
gigaohms with a parallel capacitance of a fraction of
a picofarad.

24.6.3 Comparison Pressure
and Free-Field Calibrations

The coupler method described in Sect. 24.3 for primary
reciprocity microphone calibration can be utilized to
implement comparison pressure calibration. A labora-
tory standard microphone of unknown pressure response
can be calibrated against a reference microphone with
a known pressure response. One example of the coupler
arrangement shown in Fig.24.6 with which micro-
phone A is the driver that serves as a sound source.
The reference microphone and the test microphone re-
place microphone B in succession on the right-hand side
of the coupler. The ratio of the driving voltage es ap-
plied to the driver microphone to the open-circuit output
voltage of the receiving microphones e, is measured
as described in Sect.24.3.3. The sensitivity of the test
microphone can be calculated as follows

M = M, —201og(epref/earef) + 20 log(epx /eax)
(24.55)

where M and M, are the sensitivities of the test and the
reference microphones, respectively, eprer and earerare
the open-circuit voltage and the source driving voltage
when the reference microphone is in position, egx and
eax are the open-circuit voltage and the source driving
voltage when the test microphone is in position.

With (24.55), unless the equivalent volume of the
coupler is large compared to those of the reference mi-
crophone and the test microphone, and the equivalent
volumes of the reference microphone and the test micro-
phone are similar, suitable volume correction should be
applied such that the equivalent sound pressure levels are
identical for both the reference and the test microphones.

Uncertainties
The uncertainties of the coupler pressure comparison
method are very similar to those described in Sect. 24.6.2
with the exception that the open-circuit voltage mea-
surements with the insert voltage method, capacitance
corrections are unnecessary. The uncertainty of the cou-
pler comparison method may approach approximately
two times the uncertainty of the reference microphone
plus the uncertainty involved with the equivalent volume
corrections; assuming that the reference microphone has
been calibrated with a similar method for open-circuit
voltage measurement.

The uncertainty for free-field comparison method
is higher and is due to electrical and mechanical
air-transmitted interferences. Even with narrow-band fil-
tering, the overall uncertainty for free-field comparison
is of the order of 0.5 dB.

24.6.4 Comparison Method
with a Precision Attenuator

A more precise method than that described in
Sect. 24.6.2, comparison with a calibrator, is compar-
ison with an attenuator. The acoustical level indicator is
replaced with a calibrated attenuator [24.58]. Over the
usable range of 5-100mV /Pa of the open-circuit sen-
sitivity of a microphone, the attenuator, i. e., a precision
ten-turn potentiometer, is calibrated with a resolution of
better than 0.05mV/Pa. The comparison procedure is
as follows:

1. The reference microphone is inserted into a calibra-
tor. The sensitivity of the reference microphone is
entered into the calibrated attenuator, say 50 mV /Pa.
An indicator reading is taken.

2. The reference microphone is replaced with the test
microphone, and the calibrated attenuator is adjusted
until the indicator gives the same reading. The new
attenuator reading gives the sensitivity of the test
microphone.

With this method, it is still necessary to correct
for capacitances and equivalent volumes of the mi-
crophones. However, the uncertainty is reduced by the
precision of the attenuator, which may have an uncer-
tainty of a few thousandths of a decibel. If the test
microphone is of the same type and model as the ref-
erence microphones, the uncertainty of this method is
the uncertainty of the reference microphone plus a few
thousandths of a decibel, if the indicator has a resolution
of a thousandth of a decibel.
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24.7 Frequency Response Measurement with Electrostatic Actuators

Electrostatic actuators were used by Ballantine [24.2] to
investigate microphone calibration and Koidan [24.59]
gave a comprehensive discussion of the uncertain-
ties between measurements obtained with electrostatic
actuators compared with those measured with the
coupler pressure reciprocity method. The description
and analyses of some commercially available elec-
trostatic actuators for microphone calibration have
been published [24.60-62] and standardized [24.63]
for frequency response measurement for working
standard (WS) microphones. The electrostatic actu-
ator method, Fig.24.16, consists of a metal grid
polarized with a high voltage direct-current (DC)
supply (usually 800V). An AC time-varying sweep
signal provides the electrostatic pressure on the mi-
crophone diaphragm. With the usual amplification
and a recorder, the frequency response is displayed
graphically.

Madella [24.64] and Nedzelnitsky [24.65] pointed
out that with electrostatic actuator measurements the ef-
fective mechanical radiation impedance loading of the
microphone diaphragm in the presence of the electro-
static actuator is different from that of those used in
a coupler or in a free field. Consequently, at higher fre-
quencies the absolute values of the difference between
the actuator-determined response of type L microphones
and pressure calibrations determined in couplers by
reciprocity can be as large as about 1.5dB [24.65].
In practice, the design of the metal grid can be opti-
mized for a particular microphone type. According to
the IEC standard [24.63], the expanded uncertainty of
the method is 0.1-0.2 dB for frequencies up to 10kHz
for WS1 (1-inch) and WS2 (half-inch) type micro-
phones. Since the air gap between the metal grid and
the microphone diaphragm is very small (nominally ap-
proximately 0.5 mm) the use of electrostatic actuators
for models of microphones other than those specified is
not recommended. Since the motion of the microphone
diaphragm, caused by electrostatic pressure produce by
the actuator, creates a sound pressure on the outer surface

DC-voltage supply | 10 MQ

QO S

Actuator

Microphone

AC-voltage supply|  5000pF

o O 1F

reamplifi

=

Measurement
amplifier

Fig. 24.16 Frequency response measurement with an elec-
trostatic actuator (after Frederiksen [24.29], Chap. 15)

of the diaphragm that adds to the electrostatic pressure
and influences the measure response, precautions should
be taken to avoid blocking the actuator space that opens
to the atmosphere.

Apart from being economically attractive, there
are some salient features to the electrostatic actuator
method.

1. The method is ideal for comparing the frequency
responses of microphones, such as those in a pro-
duction line, at which only changes from a nominal
value is important.

2. Since the actuator method is unaffected by at-
mospheric pressure, humidity and temperature
(assuming the air gap remains constant) [24.63], the
method may be used to measure the change in mi-
crophone responses with respect to variations in the
environment.

Given the fact that the international standard [24.63]
only discusses type WS1 and WS2 working standard
microphones and not the laboratory types LS1 and LS2
microphones, it is obvious that the electrostatic actua-
tor method still requires further development to reduce
uncertainties.

24.8 Overall View on Microphone Calibration

Primary microphone calibrations, such as those per-
formed with the reciprocity method, provide uncertainty
estimations. One may wonder what is the contribution
to the calibration uncertainty from two major sources:

(a) the stability of the microphones and (b) the stability
of the calibration system that performed the microphone
calibration. It is very difficult to separate these two
sources of uncertainties.
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Fig. 24.17 Deviation from the mean sensitivity level of
a transfer standard microphone s/n 907045 (after [24.67])
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Fig.24.18 Deviation from the mean sensitivity level of
a transfer standard microphone s/n 1734004 (after [24.67])

In connection with an international microphone
calibration comparison [24.66] that involved five Na-
tional Metrology Institutes (NMIs), the pilot laboratory
(Canada) had the opportunity to calibrate the same set of
three laboratory standard LS 1P microphones five times
over a period of 31 months. The calibrations were made
in a chamber with a controlled environment [24.45]
at the reference condition of 23 °C, 101.325kPa and
50% RH. The microphone sensitivity levels were meas-
ured at seven frequencies from 125 Hz to 8§ kHz. Two
of the microphones (the transfer standards) were hand
carried to and from the pilot laboratory in a star con-

Deviation from mean sensitivity level (dB)
A

—O—125Hz
e weeeizeenes 250 Hz
---0F-- 500 Hz
-=4---1000 Hz
0w — 4 — 2000 Hz
—-Q—- 4000 Hz
0.01 —@— 8000 Hz
0.00
-0.01
-0.02
SN907039
— 03 T T T T T >
Aug 97 Jan Mar 98 Dec 98 Mar 00

Measurement date

Fig.24.19 Deviation from the mean sensitivity level of
a transfer standard microphone s/n 907039 (after [24.67])

figuration, i.e., the microphones were calibration by
the pilot laboratory before and after delivery to each
of the participating NMIs. The average of five sets of
readings obtained by the pilot laboratory was taken
as the mean sensitivity level. The deviation from the
mean sensitivity level of the transfer standard micro-
phones (LS1P Briiel and Kjar type 4160 microphones,
s/n 907045 and s/n 1734004) are shown in Fig.24.17
and Fig. 24.18, and are within approximately 0.011 dB.
It is interesting to show that, for the above reciprocity
calibration, the third type 4160 LS1P microphone s/n
907039 which remained at the pilot laboratory without
the need to endure air transportation to and from the
participating laboratories over the test period, the de-
viations shown in Fig. 24.19 were significantly smaller
for frequencies below 8000 Hz, and are within +0.007
and —0.006 dB. It should be noted that the deviations
shown for the three microphones are the combined
contributions from the sensitivity level stability of the
microphones and the stability of the primary calibration
system. Since the specifications for laboratory stan-
dard microphones [24.41] states that the type 4160
LSIP microphone has a long-term stability coefficient
of <0.02dB per year from 250Hz to 1000Hz, and
the manufacturer Briiel and Kjer indicated the stability
of their LSIP microphones may have a stability co-
efficient of approximately 0.01 dB per year, one may
conclude that the primary microphones and the calibra-
tion system of the pilot laboratory have an excellent
stability of approximately 0.01 dB over the period of 31
months.
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24.B Physical Properties of Air

24.A Acoustic Transfer Impedance Evaluation

Assume the sound pressure to be the same at any point
inside the coupler (this will take place when the physi-
cal dimensions of the coupler are very small compared
to the wavelength) the acoustic transfer impedance can
be evaluated theoretically [24.38]. The air in the cou-
pler then behaves as a pure compliance and assuming
adiabatic compression and expansion of the gas:

1 Vv Vi Vi
: :ia)( + eA + eB ) i
ZaB YPs  YoP0  YoPo
where values for y and jp can be derived from the
equations given in Sect. 24.B.
The computation of the acoustic transfer impedance

becomes complicated at high frequencies when the di-
mensions of the coupler are not small compared with the

(24.A1)

24.B Physical Properties of Air

Certain physical properties, characterizing the enclosed
gas in the coupler, enter into the expressions for calculat-
ing the sensitivity of the microphones, see (24.A1) and
Sects. 24.4.1 and 24.4.3. These properties are: the speed
of sound in the gas; the density of the gas; the ratio of
the specific heats of the gas; the viscosity of the gas; and
the thermal diffusivity of the gas. These properties de-
pend on one or more of the variables: temperature, static
pressure and humidity.

A large number of investigations have been pub-
lished in the literature where reference values for the
physical properties can be found for specified environ-
mental conditions, i.e. for standard dry air [24.68] at
0°C and at a static pressure of 101.325kPa. In the
following, unless otherwise stated, the recommended
calculation procedures with the corresponding esti-
mated uncertainties are valid over the temperature range
0-30°C; barometric pressure of 60—110kPa, and rela-
tive humidity from 10% to 90%.

24.B.1 Density of Humid Air

An equation for the determination of the density of moist
air was first published by Giacomo [24.69] and some
constants were modified by Davies [24.70]. The follow-
ing equation may be used to compute the density of
humid air p based on a CO; content of 400 ppm, which
is slightly higher than the 314 ppm specified for the ISO

wavelength. When the shape of the coupler is cylindrical
and the cavity diameter is the same as that of the mi-
crophone diaphragm [24.38], and at frequencies where
plane-wave transmission and adiabatic conditions can
be assumed, the acoustic transfer impedance is

U L2 £ 2 cosheeto)
—=—||{=—+—=|cos
Z'as  Z|\Za ' Zs 0

1 z Z inh(&4p) (24.A2)
+( +Z—AZ—B)SIH g() R .

where £ is the complex propagation coefficient (m™!),
and & = i(w/c), approximately.

Allowance should be made for the air volume asso-
ciated with the microphones that is not enclosed by the
circumference of the coupler and the two diaphragms.

standard air [24.68] constituents.

o0 =1[3.48349+1.44 (x. —0.0004)]

Yy
x 1073 £ (1 -0.3780xy) |

24.81
T ( )

where x. and xy, are the mole fractions of carbon diox-
ide and water vapor in air, respectively; ps is the static
pressure, Z is the compressibility factor for humid air,
T is the thermodynamic temperature, and

Z=1- %[ao—l—alt—i—aztz—i—(m + aat) xw

2
Ds
+ (a5 +agt) x5, | + T_;(C” +asxl) .
Xw = P feh s
Ps

psv =exp (A} T2+B§T+C1 + D] T_l) ,
fo =1.00062+ ps(3.14x 1078 +2(5.6x1077) .
For Z the numerical coefficients are:
a; =—2.9331x107%,
a3 =5.707x107°

as = 1.9898x10™%,
a7 =1.83x10""",

ap=1.58123x107%
ar =1.1043x 10710,
as=—2.051x107%
ag = —2.376x107%
ag =—0.765x 1078 .
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For pgy the numerical coefficients are:

A} =1.2378847x107°,
B|=—19121316x1072,
C| =33.93711047,

D} =—6.3431645x 10" .

Within the normal range of environmental conditions
during calibrations, the following simplified equation for
the density of humid air may be used

p=po 21001 Z0378hy) . (24.82)
po T

where p and p are the densities of air, pg and p; are the

reference and static pressure, respectively; 7o and T are

the temperatures in Kelvin and /g is the fractional molar

concentration of moisture.

Uncertainties in p
The uncertainty in p obtained with (24.B1) has been
estimated [24.69, 70] at approximated 100 ppm. At the
reference conditions of 101.325kPa and 50% relative
humidity, p obtained with (24.B2) are 239 ppm and
293 ppm larger than those obtained with (24.B1) at 23 °C
and 30 °C, respectively.

24.B.2 Computation of the Speed
of Sound in Air

Method 1

The speed of sound in air varies with temperature, car-
bon dioxide content, relative humidity and barometric
pressure. The sequence of the above parameters is listed
roughly in decreasing order of their influence on the
speed of sound with respect to the day-to-day encounter
of environmental conditions. A large number of inves-
tigations related to the speed of sound [24.50, 71-80]
had been published, detailed references have been
given [24.75], and an updated and comprehensive bibli-
ography ([24.80], Chap. 17, pp. 265-284 and references
therein) on publications relating to sound speed in air is
included at the end of this appendix. It can be shown that
the speed of sound remains relatively constant with baro-
metric pressure [24.72]: at 23 °C and 50% RH, over the
barometric pressure range 60—110kPa, the sound speed
varies by less than 76 ppm. In view of this, the follow-
ing equation has a relatively small overall uncertainty,
is based on a steady barometric pressure of 101.325 kPa
and may be used to compute the variation of the speed
of sound with temperature, carbon dioxide content and
relative humidity.

A general empirical equation has been ob-
tained [24.71] for calculation of the variation of ¢/cq
with relative humidity h, temperature ¢ and carbon
dioxide content A.:

c/co=ap+at +a2t2 +azhe +aghct +a5hct2
+ agh + arht + aght* + aght® + ayo(he)?
+a11h2+a12hthc s (24.B3)

where ¢ and ¢q are the sound speed and the reference
dry-air sound speed, respectively; ap—aj are coefficient
constants listed in Table 24.8. With Table 24.8, the sound
speed can be deduced by multiplying c¢/cop with the
corresponding reference dry-air sound speed cp.

For h. values from 0% to 1%, and for ¢ from 0°C
to 30°C, for A from O to 1 (relative humidity 0% to
100%), and at a barometric pressure of 101.325 kPa, the
sound speed computed using the numerical coefficients
in Table 24.8 fits the theoretical data with a standard
uncertainty of +48 ppm.

Uncertainties in ¢

Over the temperature range 0—30 °C, (24.B3) is fitted to
a computation [24.71] for a real gas at 101.325kPa at
which the value Cp, — Cy is not greatly different from the
universal constant R [24.75]. Based on this approximate
assumption, the dry-air sound speed cp is 331.29m/s,
with an uncertainty of approximately 200 ppm [24.75],
which encompasses sound speeds from 331.224 to
331.356 m/s [24.50].

Table 24.8 Coefficient constants for the computation of
c/co and y /yp (after [24.71])

Coefficient c/co (24.B3) v/ (24.B5)
constants
ap 1.000100 1.000034
ay 1.8286x 1073 —2.8100x 10~
a ~1.6925%10° —2.1210x 1077
as -3.1066x 1073 -1.01223x1073
as ~7.9762x 10~ -5.2500% 10~°
as 3.4000x 10~ 1.1290x10~8
ag 8.9180x 10~ —3.4920x 10~
az 7.7893x 1073 —-2.8560% 107>
ag 1.3795x 1076 -5.9000% 107
as 9.5330x10~8 —2.9710x 1078
ai 1.2990x 10~ 4.23427x107°
ar 4.8016x 107> 8.0000x 10~
ap ~1.4660% 10~° 5.1000x 10~7
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Method 2
Alternatively, over the temperature range 0—30 °C, with
a computation [24.72-74] that is based on the deriva-
tion of real-gas sound speed from virial coefficients, the
dry-air sound speed cq calculated with 16 coefficients
similar to those shown in Table 24.8, is 331.46 m/s.
The uncertainty is approximately 545 ppm [24.73,74],
which encompasses sound speeds c¢o from 331.279 to
331.641 m/s. It should be noted that the sound speed of
331.29 m/s obtained with the first method is within the
uncertainty range of the second method [24.50].

Within the normal range of environmental con-
ditions during calibration, the following simplified
equation [24.38, 40, 50] for the sound speed in humid
air may be used:

12
c=co <To) (1+0.165h5)A , (24.B4)

where A is the fractional molar concentration of mois-
ture, and A is a factor to compensate for dispersion.
Values of A =0.99935 and A =0.99965 are found
in [24.81] and [24.82], respectively. A value of 1.0001
has also been obtained [24.72].

Over a frequency range of 10Hz to 10kHz, by ig-
noring the dispersion factor A, the uncertainty in the
sound speeds obtained with methods 1 and 2 increases
by approximately 300 ppm.

By ignoring dispersion, at the reference conditions
of 23°C, 101.325kPa and 50% relative humidity, the
sound speed obtained with (24.B4) is 196 ppm higher
than that obtained with (24.B3).

24.B.3 Ratio of Specific Heats of Air

There have been several experimental [24.83, 84] and
theoretical [24.71-74,85,86] investigations into the vari-
ation of the ratio of specific heats of air with temperature,
humidity, pressure and carbon dioxide content [24.75]
([24.86], pp. 36-39). A general empirical equation has
been obtained [24.71] for the calculation of the varia-
tion of y /yp with relative humidity /, temperature ¢ and
carbon dioxide content /A

y/vo=ao+ait+ a2t2 +azhe +aghct —I—ashcz‘2
+agh 4 aht 4+ aght® + aght® 4+ ajo(he)?
%—a11h2-+-a12hthc, (24.B5)

where ag—ajp are coefficient constants listed in Ta-
ble 24.8. With (24.B5), the above normalized ratio of
specific heats can be deduced by multiplying y/yp by
the corresponding reference dry-air ratio of specific

heats yp. For CO, content A, values from 0% to 1%,
and for temperatures of 0—30°C, humidity from O to
1 (relative humidity 0% to 100%), and at a barometric
pressure of 101.325 kPa, the ratio of specific heats com-
puted using the numerical coefficients in Table 24.8,
fit the theoretical data with a standard uncertainty of
+17 ppm.

Uncertainties in yg
Based on method 1 above [24.71], the dry-air specific
heat ratio yp is 1.3998. The standard uncertainty in yy is
approximately 400 ppm.

Similarly, based on method 2 [24.72-74], the dry-air
specific heat ratio yp is 1.4029; the standard uncertainty
in yg is over 760 ppm.

24.B.4 Viscosity and Thermal Diffusivity
of Air for Capillary Correction

The viscosity n of air, in the parameters in (24.39)
of Sect.24.4.3, is a function of temperature f. An em-
pirical equation which is based on a least-squares fit to
published data [24.87] is

n =[17.26797 +(5.0756 x 10~>)
—(4.4028 x 1072)1% 4 (5.0000 x 10~%)1%]
x10"°Pas (24.B6)

The equation for the thermal diffusivity o; of
air [24.38,40] is

ay = (9 —5)/(dicp)m? /s . (24.87)

Uncertainties in n
Over the temperature range from —80°C to 100°C,
when compared with the published data [24.87], the
maximum deviation in 7 obtained with (24.B6) is
41 ppm from the data points. However, the data point
uncertainty may be several percent [24.87].

For standard dry air at a pressure of 101.325kPa,
the numerical values calculated with the above equa-
tions for the viscosity are 1.7268x107>Pas and
1.8413x 1073 Pas, at 0 and 23°C, respectively; and
the corresponding values for the thermal diffusiv-
ity are 1.81234x 107> m?/s and 2.09549x 107> m?/s,
respectively.

Examples. Aiming at the highest accuracies (method 1),
Table 24.9 gives the recommended values of the
quantities given in (24.B2)—(24.B4) for the reference
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Table 24.9 Recommended values for some physical quantities in (24.A1)—(24.B5) (ANSI S1.15: 2005)

Environmental Density of Speed of
conditions air p (kg/m3) sound ¢ (m/s)
T =23°C

ps = 101325 Pa 1.1859997 345.677519

H =50%

Ratio of Viscosity of Thermal
specific air g diffusivity
heats y (Pas) of air o (m? /s)
1.39836198 1.841268x 1077 2.105344x 107

Table 24.10 Recommended reference values applicable to dry air at 0 °C and 101.325 kPa. (ANSI S1.15: 2005)

Environmental Density of Speed of
conditions air p (kg/m3) sound ¢ (m/s)
T=0°C

po = 101325 Pa 1.29296 331.28

conditions. The values in Table 24.9 are shown with
more decimals than necessary and are intended for test-
ing computation programs that are used to calculate
these quantities.

References

Ratio of
specific
heats y

1.3998

Viscosity of Thermal

air 5 diffusivity
(Pas) of air o (m?/s)
1.7268 x 1073 1.8123x 1073

Again, aiming at the highest accuracies (method 1)
and in view of the need to have reference values co and
yo in (24.B3), (24.B4) and (24.B5), Table 24.10 gives
the recommended values for dry air.
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Sound intensity is a vector that describes the
flow of acoustic energy in a sound field. The
idea of measuring this quantity directly, instead
of deducing it from the sound pressure on the
assumption of some idealized conditions, goes
back to the early 1930s, but it took about 50
years before sound intensity probes and analyzers
came on the market. The introduction of such
instruments has had a significant influence on
noise control engineering.

This chapter presents the energy corollary,
which is the basis for sound power determination
using sound intensity. The concept of reactive
intensity is introduced, and relations between
fundamental sound field characteristics and
active and reactive intensity are presented and
discussed.

Measurement of sound intensity involves
the determination of the sound pressure and
the particle velocity at the same position
simultaneously. The established method of
measuring sound intensity employs two closely
spaced pressure microphones. An alternative
method is based on the combination of a pressure
microphone and a particle velocity transducer.

Sound waves are compressional oscillatory disturbances
that propagate in a fluid. Moving fluid elements have ki-
netic energy, and changes in the pressure imply potential
energy. Thus, there is a flow of energy involved in the
phenomenon of sound; sources of sound emit sound
power, and sound waves carry energy. In most cases
the oscillatory changes undergone by the fluid are very
small compared with the equilibrium values, from which
it follows that typical values of the sound power emitted
by sources of sound, which is an acoustic second-order
quantity, are extremely small. The radiated sound power
is a negligible part of the energy conversion of almost
any source. However, energy considerations are never-
theless of great practical importance in acoustics. Their
usefulness is mainly due to the fact that a statistical
approach where the energy of the sound field is consid-

25. Sound Intensity
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Both methods are described, and their limitations
are analyzed. Methods of calibrating and testing
the two different measurement systems are also
described. Finally the state of the art in the various
areas of practical application of sound intensity
measurement is summarized. These applications
include the determination of the sound power
of sources, identification and rank ordering of
sources, and the measurement of the transmission
of sound energy through partitions.

ered turns out to give extremely useful approximations
in room acoustics and in noise control. In fact deter-
mining the sound power of sources is a central point in
noise control engineering. The value and relevance of
knowing the sound power radiated by a source is due
to the fact that this quantity is largely independent of
the surroundings of the source in the audible frequency
range.

Sound intensity is a measure of the flow of acoustic
energy in a sound field. More precisely, the sound in-
tensity is a vector that describes the time average of the
net flow of sound energy per unit area. The units of this
quantity are power per unit area (W/m?).

The advent of sound intensity measurement sys-
tems in the early 1980s had a significant influence on
noise control engineering. One of the most important
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advantages of this measurement technique is that sound
intensity measurements make it possible to determine
the sound power of sources in situ without the use of
costly special facilities such as anechoic and reverbera-
tion rooms, and sound intensity measurements are now
routinely used in the determination of the sound power
of machinery and other sources of noise in situ. Other

25.1 Conservation of Sound Energy

In the absence of mean flow the instantaneous sound
intensity is the product of the sound pressure p(t) and
the particle velocity u(z)

I(t) = p(t)u(r) .

By combining the fundamental equations that govern
a sound field, the equation of conservation of mass, the
adiabatic relation between changes in the sound pres-
sure and in the density, and Euler’s equation of motion,
one can show that the divergence of the instantaneous
intensity equals the (negative) rate of change of the sum
of the potential and kinetic energy density w(t),

vug:—?.

(25.1)

(25.2)

This is the equation of conservation of sound en-
ergy [25.1,2], expressing the simple fact that if there
is net flow of energy away from a point in a sound
field then the sound energy density at that point is re-
duced at a corresponding rate. Integrating this equation
over a volume V enclosed by the surface S gives, with
Gauss’s divergence theorem,

a
/I(t)~dS:—§ /w(t)dV

s 14
0N (25.)
ot

in which E(¢) is the total sound energy in the volume
as a function of time. The left-hand term is the total
net outflow of sound energy through the surface, and
the right-hand term is the rate of change of the total
sound energy in the volume. In other words, the net
flow of sound energy out of a closed surface equals
the (negative) rate of change of the sound energy in
the volume enclosed by the surface because energy is
conserved.

In practice we are often concerned with stationary
sound fields and the time-averaged sound intensity rather

important applications of sound intensity include the
identification and rank ordering of partial noise sources,
the determination of the transmission losses of parti-
tions, and the determination of the radiation efficiencies
of vibrating surfaces. Because the intensity is a vector
it is also more suitable for visualization of sound fields
than, for instance, the sound pressure.

than the instantaneous intensity, that is,

I(@0) = (pOu®)), .

For simplicity the symbol I is used for this quantity
in what follows rather than the more precise notation
(I(t));. If the sound field is harmonic with angular
frequency w = 2m f the complex representation of the
sound pressure and the particle velocity can be used,
which leads to the expression

(25.4)

I=1/2Re(pu*), (25.5)

where u* denotes the complex conjugate of u.

A consequence of (25.3) is that the integral of the
normal component of the time-averaged sound intensity
over a closed surface is zero,

/I~dS=O,

N

(25.6)

when there is neither generation nor dissipation of sound
energy in the volume enclosed by the surface, irrespec-
tive of the presence of steady sources outside the surface.
If the surface encloses a steady source then the surface
integral of the time-averaged intensity equals the sound
power emitted by the source P,, that is,

/I-dS:Pa,

N

(25.7)

irrespective of the presence of other steady sources out-
side the surface. This important equation is the basis for
sound power determination using sound intensity.

In a plane wave propagating in the r-direction the
sound pressure p and the particle velocity u, are in phase
and related by the characteristic impedance of air pc,
where p is the density of air and ¢ is the speed of sound,

ur(t) = & . (25.8)
pc
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Under such conditions the intensity is

I = (p(Our(t)) = (p*(1)) [ pe

_ _IpP
_prms/pc—z—pc , (25.9)

where p%ms is the mean square pressure (the square of
the root-mean-square pressure) and p in the rightmost
expression is the complex amplitude of the pressure in
a harmonic plane wave. In the particular case of a plane
propagating wave the sound intensity is seen to be simply
related to the rms sound pressure, which can be measured
with a single microphone. Under free-field conditions
the sound field generated by any source of finite extent
is locally plane sufficiently far from the source. This
is the basis for the free-field method of sound power
determination (which requires an anechoic room); the
sound pressure is measured at a number of points on
a sphere that encloses the source [25.3].

A practical consequence of (25.9) is the following
extremely simple relation between the sound intensity
level (Ief = 1pW/m?) and the sound pressure level
(Pref = 20 nPa),

Li~L,. (25.10)
This is due to the fortuitous fact that
2
pe= Pl — 400kg/m’s (25.11)

ref
in air under normal ambient conditions. At a static pres-
sure of 101.3kPa and a temperature of 23 °C the error
of (25.10) is about 0.1 dB.

However, it should be emphasized that in the general
case there is no simple relation between the sound inten-
sity and the sound pressure, and both the sound pressure
and the particle velocity must be measured simultane-
ously and their instantaneous product time-averaged as
indicated by (25.4). This requires the use of a more
complicated device than a single microphone.

25.2 Active and Reactive Sound Fields

Some typical sound field characteristics can be iden-
tified. For example, the sound field far from a source
under free-field conditions has certain well-known prop-
erties (dealt with above); the sound field near a source
has other characteristics, and some characteristics are
typical of a reverberant sound field. One of the charac-
teristics of the sound field near a source is that the sound
pressure and the particle velocity are partly out of phase.
To describe such a phenomenon one may introduce the
concepts of active and reactive sound fields.

It takes four second-order quantities to describe the
distributions and fluxes of sound energy in a station-
ary sound field completely [25.4-6]: potential energy
density, kinetic energy density, active intensity (the
quantity given by (25.4) and (25.5), usually simply re-
ferred to as the intensity), and the reactive intensity. The
last of these quantities represents the non-propagating,
oscillatory sound energy flux that is characteristic
of a sound field in which the sound pressure and
the particle velocity are in quadrature (90° out of
phase), as for instance in the near field of a small
source. The reactive intensity is a vector defined as
the imaginary part of the product of the complex
pressure and the complex conjugate of the particle
velocity,

J = 1/2Im (pu*) (25.12)

with the el®’ sign convention [cf. (25.5)]. Units:
power per unit area (W/m?). More-general time-
domain formulations based on the Hilbert transform
are also available [25.7]. Unlike the usual active in-
tensity, the reactive intensity remains a somewhat
controversial issue although the quantity was intro-
duced more than half a century ago [25.8], perhaps
because the vector J has no obvious physical mean-
ing [25.9], or perhaps because describing an oscillatory
flux by a time-averaged vector seems peculiar to
some. However, even though the reactive intensity
is of no obvious direct practical use it is neverthe-
less quite convenient that we have a quantity that
makes it possible to describe and quantify the particu-
lar sound field conditions in the near field of sources
in a precise manner. This will become apparent in
Sect.25.3.2.

It can be shown from (25.5) that the active intensity
is proportional to the gradient of the phase of the sound
pressure [25.10],

2
= _IpP Ve , (25.13)
2pc k
where k = w/c is the wavenumber. Thus the active in-
tensity is orthogonal to surfaces of equal phase, that is,
the wavefronts [25.5]. Likewise it can be shown from
(25.12) that the reactive intensity is proportional to the
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Directions of reactive intensity

Surfaces of constant pressure

Source

Direction of
active intensity

Surfaces of
constant phase

Source

Fig.25.1 Surfaces of constant phase and surfaces of con-
stant pressure (After [25.5])

gradient of the mean square pressure [25.11],

PEAUs)
T dpck
and thus is orthogonal to surfaces of equal pres-
sure [25.5]. See Fig. 25.1

Very near a sound source the reactive field is often
stronger than the active field at low frequencies. How-
ever, the reactive field dies out rapidly with increasing
distance to the source. Therefore, even at a fairly moder-
ate distance from the source, the sound field is dominated
by the active field. The extent of the reactive field de-
pends on the frequency and the radiation characteristics
of the sound source. In practice, the reactive field may
usually be assumed to be negligible at a distance greater
than, say, half a wavelength from the source.

The fact that 7 is the real part and J is the imaginary
part of the product of the pressure and the complex
conjugate of the particle velocity has led to the concept
of complex sound intensity [25.4, 10],

(25.14)

I+iJ=1/2pu*. (25.15)
Note that

L+iJ:  1/2|p)?

r+1Jr _ /21p| _ £ — 7., (25.16)

l/2|ur|2 - I —iJ; B Uy

which shows that there is a simple relation between the
complex intensity and the wave impedance of the sound

a) Pressure and particle velocity

0 |f{ftk 3
0 3125
b) Instantaneous intensity Time (ms)
0
0 3125
Time (ms)

¢) Intensity

0 31.25
Time (ms)

Fig.25.2a-c Measurement 30cm from a loudspeaker
driven with one-third octave noise with a center frequency
of 1kHz. (a) Instantaneous sound pressure (solid line); in-
stantaneous particle velocity multiplied by pc (dashed line);
(b) instantaneous sound intensity; (c) the real part of the
complex instantaneous intensity (solid line); the imaginary
part of the complex instantaneous intensity (dashed line)
(After [25.7])

field Zg [25.6, 10]. It is also worth noting that
12+ J2
i =L
1/41pl” |ur]

Figures 25.1-25.4 demonstrate the physical signifi-
cance of the active and reactive intensities. The figures
show the sound pressure and a component of the par-
ticle velocity as functions of time, the corresponding
instantaneous sound intensity, and the real and imagi-
nary part of the complex instantaneous intensity, that is,
the quantity

Ie(1) = 172 (p(t) +ip(0)) (u(r) —ia()) ,

(25.17)

(25.18)
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a) Pressure and particle velocity

Time (ms)
b) Instantaneous intensity
0
0 125
Time (ms)

¢) Intensity

Ny
i
R
\
i
'

0 125
Time (ms)
Fig.25.3 Measurement in the near field of a loudspeaker
driven with one-third octave noise with a center frequency
of 250 Hz. Key as in Fig. 25.2 (After [25.7])

where p(7) and @(z) are the Hilbert transforms of the
pressure and the particle velocity [25.12]. The time aver-
age of this quantity in a steady sound field is the complex
intensity given by (25.15).

In a narrow-band sound field the real and imaginary
parts of the complex instantaneous intensity are low-
pass signals that represent short-time average values of
the two components of (25.15) [25.7].

Figure 25.2 shows the result of a measurement at
a position 30 cm (about one wavelength) from a small
loudspeaker driven with a band of one-third octave noise.
The sound pressure and the particle velocity (multiplied
by pc) are almost identical; therefore the instantaneous
intensity is always positive, and the real part of the
complex instantaneous intensity is much larger than

a) Pressure and particle velocity

. . Time (ms
b) Instantaneous intensity (ms)

(=]

0 125
¢) Intensity Time (ms)

0 125
Time (ms)
Fig. 25.4 Measurement 30cm from a vibrating steel box

driven with one-third octave noise with a center frequency
of 250 Hz. Key as in Fig. 25.2 (After [25.7])

the imaginary part. This is an active sound field. Fig-
ure 25.3 shows the result of a similar measurement at
a distance of a few centimeters (less than one tenth of
a wavelength) from the loudspeaker cone. In this case
the sound pressure and the particle velocity are almost
in quadrature, and as a result the instantaneous inten-
sity fluctuates about zero, that is, sound energy flows
back and forth, out of and into the loudspeaker, and the
imaginary part of the complex instantaneous intensity
is much larger than the real part. This is an example of
a strongly reactive sound field. Figure 25.4 shows data
measured about 30 cm from a vibrating box made of
3 mm steel plates. It is apparent that the vibrating struc-
ture generates a much more complicated sound field
than a loudspeaker does. And finally Fig. 25.5 shows the
result of a measurement in a reverberant room several
meters from the loudspeaker generating the sound field.
Here the sound pressure and the particle velocity appear
to be uncorrelated signals; this is neither an active nor
a reactive sound field; this is a diffuse sound field.
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25.3 Measurement of Sound Intensity

Acousticians have attempted to measure sound intensity
since the early 1930s, but measurement of sound in-
tensity is more difficult than measurement of the sound
pressure, and it took almost 50 years before sound inten-
sity measurement systems came on the market. The first
international standards for measurements using sound
intensity and for instruments for such measurements
were issued in the middle of the 1990s. A description of
the history of the development of sound intensity mea-
surement up to the middle of the 1990s is given in Fahy’s
monograph Sound Intensity [25.2].

Measurement of sound intensity involves determi-
nation of the sound pressure and the particle velocity
at the same position simultaneously. In the general
case at least two transducers are required. There are
three possible measurement principles: (i) one can de-
termine the particle velocity from a finite-difference
approximation of the pressure gradient using two closely
spaced pressure microphones and use the average of
the two microphone signals as the pressure [25.2, 13]
(the two-microphone or p—p method); (ii) one can com-
bine a pressure microphone with a particle velocity
transducer [25.2] (the p—u method); and (iii) one can
determine the pressure from a finite-difference approxi-
mation of the divergence of the particle velocity [25.14]
(the u—u method). The first of these methods is well es-
tablished. The second method has been hampered by
the absence of reliable particle velocity transducers,
but with the recent advent of the Microflown particle
velocity sensor [25.15, 16] it seems to have poten-
tial [25.17]. The third method, which involves three
matched pairs of particle velocity transducers, has never
been used in air and is mentioned here for the sake of
completeness.

25.3.1 The p-p Measurement Principle

For more than 25 years the p—p method based on two
closely spaced pressure microphones (or hydrophones)
has dominated sound intensity measurement. This
method relies on a finite-difference approximation to
the sound pressure gradient. Both the International Elec-
trotechnical Commission (IEC) standard on instruments
for the measurement of sound intensity and the corre-
sponding American National Standards Institute (ANSI)
standard deal exclusively with p—p measurement sys-
tems [25.18, 19]. The success of this method is related
to the fact that condenser microphones are more stable
and reliable than any other acoustic transducer.

a) Pressure and particle velocity

b) Instantaneous intensity Time (ms)

0
0 S
¢) Intensity Time (ms)
0 625
Time (ms)

Fig. 25.5 Measurement in a reverberation room driven with
one-third octave noise with a center frequency of 500 Hz.
Key as in Fig. 25.2 (After [25.7])

Two pressure microphones are placed close together.
The particle velocity component in the direction of the
axis through the two microphones r is obtained from
Euler’s equation of motion

ap(t) +p Ou(1)

or ot
where the gradient of the pressure is approximated by

a finite difference. Thus the particle velocity is deter-
mined as

=0, (25.19)

t

1 7)—pi(T
ﬁr(t)=__ / Md-[’ (25'20)
) Ar
—00
where p; and p, are the signals from the two micro-
phones, Ar is the microphone separation distance, and
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7 is a dummy time variable. The caret indicates that the
result is an estimate, which of course is an approxima-
tion to the true particle velocity. The sound pressure at
the center of the probe is estimated as

_ pi@®)+ paA(n)

— s
and the time-averaged intensity component in the r-
direction is

Iy = (p()ite(1),

 p0+ o) / PO-p0)
B 2 PAF '

t
(25.22)

p() (25.21)

Some sound intensity analyzers use (25.22) to me-
asure the intensity in frequency bands (usually one-third
octave bands). Another type calculates the intensity from
the imaginary part of the cross spectrum of the two
microphone signals S12(w),

I(w) = L m [Si2()] . (25.23)

wpAr

The frequency-domain formulation is equivalent to the
time-domain formulation, and (25.23) gives exactly the
same result as (25.22) when the intensity spectrum is in-
tegrated over the frequency band of concern [25.20,21].
The frequency-domain formulation makes it possible
to determine sound intensity with a dual-channel fast
Fourier transform (FFT) analyzer.

The most common microphone arrangement is
known as face-to-face, but another called side-by-side
is occasionally used. The latter arrangement has the ad-
vantage that the diaphragms of the microphones can be
placed very near a radiating surface, but the disadvan-
tage that the microphones disturb each other acoustically
more than they do in the other configuration. Fig-
ure 25.6 shows a three-dimensional (3-D) intensity probe
produced by Ono-Sokki with yet another configura-
tion. At high frequencies the face-to-face configuration
with a solid plug between the microphones is supe-
rior [25.22]. Such a sound intensity probe produced by
Briiel & Kjer is shown in Fig. 25.7. The spacer between
the microphones tends to stabilize the acoustic distance
between them.

Sources of Error in Measurement of Sound
Intensity with p—p Measurement Systems
It is far more difficult to measure sound intensity than to
measure sound pressure, and a surprisingly large part of

Fig.25.6 Three-dimensional sound intensity probe for vec-
tor measurements (Ono Sokki, Japan)

Fig.25.7 Sound intensity probe with the microphones in
the face-to-face configuration (Briiel & Kjar, Denmark)

the literature on sound intensity is concerned with iden-
tifying and studying the sources of error. One confusing
problem is that the accuracy of any sound intensity mea-
surement system depends strongly on the sound field
under study; sometimes such measurements are not very
difficult, but under certain conditions even very small
imperfections of the measuring equipment can have
a significant influence on the results. Another compli-
cation is that small local errors are sometimes amplified
into large global errors when the intensity is integrated
over a closed surface [25.23]. The opposite may also
happen. Yet another problem is that the distribution of
the sound intensity in the near field of a source of sound
often is far more complicated than the distribution of the
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sound pressure, indicating that sound fields can be much
more complicated than earlier realized [25.2]. The prob-
lems are reflected in the fairly complicated international
and national standards for sound power determina-
tion using sound intensity, ISO 9614-1, ISO 9614-2,
ISO 9614-3, and ANSI S12.12 [25.24-27].

The most important limitations of sound intensity
measurement systems based on the p—p approach are
caused by the finite-difference approximation, scattering
and diffraction, and instrumentation phase mismatch.

The Finite-Difference Error
The accuracy of the finite-difference approximation ob-
viously depends on the separation distance and the
wavelength. For a plane wave of axial incidence the
finite-difference error can be shown to be [25.22]

o sinkAr
Ir/Ir - kAr

This expression is shown in Fig.25.8 for various
values of the microphone separation distance. More
complicated expressions for other sound field condi-
tions are available in the literature [25.30]. The upper
frequency limit of p—p intensity probes has gener-
ally been considered to be the frequency at which the
finite-difference error for axial plane-wave incidence is
acceptably small. With 12 mm between the microphones

, (25.24)

Error in intensity (dB)

—10Y L >
250 500 1000 2000 4000 8000
Frequency (Hz)

Fig. 25.8 Finite-difference error of an ideal p—p sound in-
tensity probe in a plane wave of axial incidence for different
values of the separation distance: 5 mm (solid line); 8.5 mm
(dashed line); 12 mm (dotted line); 20 mm (long dashes);
50 mm (dash-dotted line) (After [25.28])

(a typical value) this gives an upper limiting frequency
of about 5 kHz.

Scattering and Diffraction
It is evident that the effect of scattering and diffraction
depends on the geometry of the microphone arrange-
ment. Several configurations are possible, but in the early
1980s it was shown experimentally that the face-to-face
configuration with a solid spacer between the two mi-
crophones is particularly favorable [25.22]. About 15
years later it was discovered that the effect of scatter-
ing and diffraction in combination with the resonance of
the small cavity between the spacer and the diaphragm
of each microphone not only tends to counterbalance
the finite-difference error but in fact for a certain length
of the spacer cancels it almost perfectly over a wide
frequency range under fairly general sound field condi-
tions [25.28]. (This finding had been anticipated much
earlier [25.31].) 25.9 shows the increase of the pres-
sure on two 1/2 inch microphones in the face-to-face
configuration for axial sound incidence, and Fig. 25.10,
which corresponds to Fig.25.8, shows the error of the
resulting sound intensity estimate. A practical conse-
quence is that the upper frequency limit of a sound
intensity probe based on two 1/2 inch microphones
separated by a 12 mm spacer in the face-to-face arrange-
ment is about 10kHz, which is an octave higher than
the frequency limit determined by the finite-difference

Free field correction (dB)

A
° 12
) —
8
4
0
1 2 5 8 10 15

Frequency (kHz)

Fig.25.9 Pressure increase on the two microphones of
a sound intensity probe with 1/2 inch microphones sep-
arated by a 12mm spacer for axial sound incidence.
Experimental results (solid line); numerical results (dashed
line) (After [25.29])
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Error in intensity (dB)
54

=5

-10Y
250 500 1000 2000 4000 8000
Frequency (Hz)

Fig.25.10 Error of a sound intensity probe with 1/2 inch
microphones in the face-to-face configuration in a plane
wave of axial incidence for different spacer lengths:
Smm (solid line); 8.5 mm (dashed line); 12 mm (dotted
line); 20 mm (long dashes); 50 mm (dash-dotted line) (Af-
ter [25.28])

approximation. The combination of 1/2 inch micro-
phones and a 12 mm spacer is now regarded as optimal,
and longer spacers are only used when the focus is
exclusively on low frequencies. With a longer spacer
between 1/2 inch microphones the resonance occurs at
too high a frequency to be of any help and the finite-
difference error will dominate; thus an intensity probe
with a 50 mm spacer has an upper frequency limit of
about 1.2 kHz.

Phase Mismatch
Unless the measurement is compensated for phase
mismatch the microphones for measurement of sound
intensity with the p—p method have to be phase-matched
extremely well, and state-of-the-art sound intensity mi-
crophones are matched to a maximum phase response
difference of 0.05° below 250 Hz and a phase differ-
ence proportional to the frequency above 250 Hz (say,
0.2° at 1kHz) [25.33] The proportionality to the fre-
quency is a consequence of the fact that phase mismatch
in this frequency range is caused by differences between
the resonance frequencies and the damping of the two
microphones [25.34].

Phase mismatch between the two measurement
channels is the most serious source of error in measure-
ment of sound intensity with p—p measurement systems,
even with the best equipment that is available today. It
can be shown that a small (positive or negative) phase
mismatch error ¢pe gives rise to a bias error that can be
approximated by the following expression,

7 ¥pe p%ms _ Ppe p%ms/pC
L~————=L1-————],
kAr pc kAr 1

(25.25)

where [; is the true intensity (unaffected by phase mis-
match) [25.35]. This expression shows that the effect
of a given phase error is inversely proportional to the
frequency and the microphone separation distance and
is proportional to the ratio of the mean square sound
pressure to the sound intensity. If this ratio (which in
logarithmic form is known as the pressure-intensity in-
dex) is large, say, more than 10 dB, then the true phase
difference between the two pressure signals in the sound
field is small and even the small phase errors men-
tioned above will give rise to significant bias errors.
Because of phase mismatch it will rarely be possible
to make reliable measurements below, say, 80 Hz un-
less a longer spacer than the usual 12mm spacer is
used.

Figure 25.11 shows the effect of a positive phase
error of 0.3° in a plane wave of axial incidence, calcu-

L.dB
A

L.=10l0g1 H —10/og1o %Afr‘q’)} dB
2150 mm

§=03°

4

12mm
6

6 mm

-8 >
16 315 63 125 250 500 1000 Hz

Fig. 25.11 Error due to a phase error of 0.3° in a plane
propagating wave (After [25.32])

Amazon EX1014 Page 1062

1061

€°GZ |H Med



1062

€°GC |H Med

Part H

Engineering Acoustics

lated for different values of the microphone separation
distance Ar. Itis apparent that large underestimation er-
rors occur at low frequencies. Note, however, that still
larger errors will occur when the ratio of the mean square
pressure to the sound intensity takes a larger value than
unity, which is likely to happen unless the measurement
takes place in an anechoic room. It should also be noted
that a frequency-independent value of the phase error
@pe is very unlikely [25.34]. Finally it is worth men-
tioning again that state-of-the-art microphone pairs for
sound intensity measurements are much better matched
now than within 0.3°.

Inspection of (25.25) shows that the simple expe-
dient of reversing a p—p probe makes it possible to
eliminate the influence of p—p phase mismatch; the in-
tensity changes sign but the error does not [25.20, 36].
Unfortunately, most p—p intensity probes are not
symmetrical and are therefore not suitable for real mea-
surements with the probe reversed.

The ratio of the phase error to the product of the fre-
quency and the microphone separation distance can be
measured (usually in the form of the so-called pressure-
residual intensity index) by exposing the two pressure
microphones to the same pressure. The residual in-
tensity is the false sound intensity indicated by the
instrument when the two microphones are exposed to
the same pressure po, for instance in a small cavity
driven by a wide-band source. A commercial exam-
ple of such a device is shown in Fig.25.12. When

Fig.25.12 Coupler for measurement of the pressure-
residual intensity index of p—p sound intensity probes
(Briiel & Kjer, Denmark)

the pressure on the two microphones is the same
(in amplitude as well as in phase) the true intensity
is zero, and the magnitude of the indicated, residual
intensity,

_ $oe PG
kAr pc’

should obviously be as small as possible. Ex-
pressed in terms of this quantity (25.25) takes the
form

~ Iy
LL=5L+ ) p?ms
Po

I 2 c

py/pc h

An alternative form that follows directly from
(25.27) has the advantage of expressing the error in terms
of the available, biased intensity estimate [25.37],

P (1 Iy p%ms/l”) :
r— 1Ir - 2— -~ .
p()/ pc I;

The pressure-residual intensity index of the mea-
surement system can be measured once (and should
be checked occasionally). Combined with the pressure-
intensity index of the actual measurement it makes
it possible to estimate the error. Some analyzers can
give warnings when the error due to phase mismatch
as predicted by (25.28) exceeds a specified level. The
bias error predicted by (25.28) is less than +10log(1 &
10~K/10)dB if the pressure-intensity index of the mea-
surement, 8py, is less than the pressure-residual intensity
index, 8plo, minus the bias error index K, that is

2
C
51 = 101og (%) <Spo— K
T

2
= 10log (p(l)l/ofc> - K

The larger the value of K the smaller the maximum
error that can occur and the stronger and more restric-
tive on the range of measurement is the requirement, as
demonstrated by Fig. 25.13. Note that a negative residual
intensity (which leads to underestimation of a positive
intensity component) gives larger errors (in decibels)
than a corresponding positive residual intensity (which
leads to overestimation of a positive intensity compo-
nent) unless the error is small. A bias error index of 7dB
corresponds to the error due to phase mismatch being

Iy = (25.26)

(25.27)

(25.28)

(25.29)
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Error due to phase mismatch (dB)
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Fig.25.13 Maximum error due to phase mismatch as
a function of the bias error index K for negative residual
intensity (upper curve) and for positive residual intensity
(lower curve) (After [25.38])

less than 1dB (survey accuracy [25.25]), and a bias er-
ror index of 10dB corresponds to the error being less
than 0.5 dB (engineering accuracy [25.25]). These val-
ues correspond to the phase error of the equipment being
five and ten times less than the actual phase angle in the
sound field, respectively. The quantity p1o — K is known
as the dynamic capability of the measurement system.

Many applications of sound intensity measurements
involve integrating the normal component of the inten-
sity over a surface. The global versions of (25.27) and
(25.28) are found by integrating the normal component
over a surface that encloses a source. The result is the
expressions

ﬁa:/i-ds

S
J (Pims/ pc) dS
Ppe S
~P|1- —_—
kar [1-dS
S
oS (P pe) dS
= P, 1_|_0_'0C87
¢ e [1-dS
S
-1
J (Pems/ pc) dS
lopcs
=P|l-—F"———— ., (25.30)
iz S1I-dS
S

where P, is the true sound power of the source within
the surface [25.35]. The condition expressed by (25.29)

still applies, although the pressure-intensity index now
involves averaging over the measurement surface.

Sources outside the measurement surface do not con-
tribute to the surface integral of the true intensity [the
denominator of the second term on the right-hand side
of (25.30)], but they invariantly increase the surface in-
tegral of the mean square pressure (the numerator of the
second term), as demonstrated by the results shown in
Fig. 25.14. It follows that even a very small phase error
imposes restrictions on the amount of extraneous noise
that can be tolerated in sound power measurement with
a p—p sound intensity measurement system.

Other Sources of Error
It can be difficult to avoid that the intensity probe
is exposed to airflow, for example in measurements
near air-cooled machinery. Strictly speaking the p-p
measurement principle is simply not valid in such cir-
cumstances [25.40]. However, practice shows that the
resulting fundamental error is insignificant in airflows
of moderate velocities (say, up to 10m/s), and that
the false, low-frequency intensity signals produced by
turbulence are a more serious problem under such condi-
tions. Turbulence generates pressure fluctuations (flow
noise, unrelated to the sound field) that contaminate the
signals from the two microphones, and at low frequen-
cies these signals are correlated and thus interpreted by
the measurement system as intensity. The resulting false
intensity is unpredictable and can be positive or neg-
ative. This is mainly a problem below 200 Hz [25.41].
A longer spacer helps reducing the problem, but the most

Field indicator (dB)
20,
\ 2\
7 s
L — \\,/ \
\
\
10 \ //\
0 >
250 500 1k 2k 4k

One-third octave band center frequency (Hz)

Fig. 25.14 Pressure-intensity index on a surface enclosing
a noise source determined under three different condi-
tions: measurement using a reasonable surface (solid line);
measurement using an eccentric surface (dashed line); mea-
surement with strong background noise at low frequencies
(long dashes) (After [25.39])
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a) Intensity (dB)
80

b) Intensity (dB)
80

Frequencgl Frequenc'y
€) Intensity (dB) Intensity (dB)
90, 90,
\ N A I e e
\: | R
~
\~ RN d , T - ’
\ . SN N , /

\ o \/|/<
40 > 40 - >
Frequency Frequency

Fig. 25.15 Measurement 60cm from a loudspeaker and a fan producing airflow of about 4m/s at the measurement
position. Top figures: 50 mm spacer; bottom figures: 12 mm spacer; left figures: no windscreen; right figures: windscreen.
Asterisk: negative intensity estimate. Nominal sound power level of source: 100dB (solid line); 90 dB (dashed line);
80 dB (dotted line); 70 dB (long dashes); 60 dB (dash-dotted line) (After [25.41])

efficient expedient is to use a windscreen of porous foam,
as demonstrated by the results shown in Fig.25.15.
However, windscreens give rise to errors at low fre-
quencies in highly reactive sound fields, because the
losses of the foam modify Euler’s equation of motion
(25.19) [25.42,43]. Thus measurements with wind-
screened probes very near sources should be avoided.
The finite averaging time used in any measurement
results in a random error, and this random error is
usually larger in sound intensity measurements than
in sound pressure measurements — sometimes much
larger [25.44-46]. Thus to maintain the same random
error as in measurement of the sound pressure one will
usually have to average over a longer time. However,
most applications of sound intensity involve integrating
over a measurement surface, and since it can be shown
that it is the total averaging time that matters [25.47],

the problem is less serious in practice than one might
expect from observations at discrete positions.

Yet another source of error is the electrical self-
noise from the microphones and preamplifier circuits.
Although the level of such noise is very low in modern
1/2 inch condenser microphones it can have a seri-
ous influence on sound intensity measurement at low
levels. The noise increases the random error associ-
ated with a finite averaging time at low frequencies,
in particular if the pressure-intensity index takes a large
value. The problem reveals itself by poor or nonexistent
repeatability [25.48].

Calibration of p—p Sound Intensity
Measurement Systems
Calibration of p—p sound intensity measurement
systems is fairly straightforward: the two pressure mi-
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crophones are calibrated with a pistonphone in the
usual manner. However, because of the serious influ-
ence of phase mismatch the pressure-residual intensity
index should also be determined. The IEC standard
for sound intensity instruments and its North Ameri-
can counterpart [25.18, 19] specify minimum values of
the acceptable pressure-residual intensity index for the
probe as well as for the processor; according to the re-
sults of a test the instruments are classified as being
of class 1 or class 2. The test involves subjecting the
two microphones of the probe to identical pressures in
a small cavity driven with wide-band noise. A similar
test of the processor involves feeding the same signal to
the two channels. The pressure and intensity response
of the probe should also be tested in a plane propagating
wave as a function of the frequency, and the directional
response of the probe is required to follow the ideal
cosine law within a specified tolerance.

According to the two standards a special test is re-
quired in the frequency range below 400 Hz: the intensity
probe should be exposed to the sound field in a standing-
wave tube with a specified standing wave ratio (24 dB
for probes of class 1). When the sound intensity probe is
drawn through this interference field the sound intensity
indicated by the measurement system should be within
a certain tolerance.

Figure 25.16a illustrates how the sound pressure,
the particle velocity and the sound intensity vary with

a) Level (dB)

A

10dB

[
[
H

<— One wavelength —

b) Error (dB)

=5

Position x

Fig.25.16 (a) Sound pressure level (solid line), particle
velocity level (dashed line), and sound intensity level (dash-
dotted line) in a standing wave with a standing-wave ratio
of 24dB (b) Estimation error of a sound intensity mea-
surement system with a residual pressure-intensity index
of 14dB (positive and negative residual intensity) (Af-
ter [25.49])

(dB)
Frequency  Space Mic type  Mic A: 4165.1090562  File: File55
259 Hz 12mm 4165 Mic B: 4165.1090599  Date: 12 Jun 91, JIC-2
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Fig. 25.17 Response of a sound intensity probe exposed to a standing wave: sound pressure, particle velocity, intensity,

and phase-corrected intensity (After [25.50])
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position in a one-dimensional interference field with
a standing-wave ratio of 24 dB. It is apparent that the
pressure-intensity index varies strongly with the posi-
tion in such a sound field. Accordingly, the influence
of a given phase error depends on the position, as
shown in the calculations presented in Fig. 25.16b. Fig-
ure 25.17 shows an example of measurements with an
intensity probe drawn through a standing-wave tube.
The standing-wave test will also reveal other sources
of error than phase mismatch, for example, the influ-
ence of an unacceptably high vent sensitivity of the
microphones [25.51].

25.3.2 The p—u Measurement Principle

A p—u sound intensity measurement system combines
two fundamentally different transducers, a pressure mi-
crophone and a particle velocity transducer. The sound
intensity is simply the time average of the instantaneous
product of the pressure and particle velocity signal,

I = (pur(D), = 1/2Re (puf) | (25.31)

where the latter expression is based on the complex
exponential representation. In the frequency domain the
expression takes the form

I (w) = Spu(). (25.32)

Equation (25.32) gives the same result as (25.31)
when the intensity spectrum is integrated over the fre-
quency band of concern.

A p-u sound intensity probe that combined a pres-
sure microphone with a transducer based on the
convection of an ultrasonic beam by the particle velocity
flow was produced by Norwegian Electronics for some
years [25.2,52], but the device was somewhat bulky,
very sensitive to airflow, and difficult to calibrate, and
production was stopped in the middle of the 1990s. More
recently, a micromachined transducer called the Mi-
croflown has become available for measurement of the
particle velocity [25.15], and an intensity probe based
on this device in combination with a small pressure mi-
crophone is now in commercial production [25.16]; see
Fig. 25.18. The Microflown particle velocity transducer
consists of two short, thin, closely spaced wires, heated
to about 300 °C [25.15]. Their resistance depends on the
temperature. A particle velocity signal in the perpen-
dicular direction changes the temperature distribution
instantaneously, because one of the wires will be cooled
more than the other by the airflow. The frequency re-
sponse of this device is relatively flat up to a corner

Fig.25.18 A p-u sound intensity probe (by Microflown
Technologies, The Netherlands)

frequency of the order of 1kHz caused by diffusion
effects related to the distance between the two wires.
A second corner frequency at about 10 kHz is caused by
the thermal heat capacity of the wires. Between 1 and
10kHz there is a roll-off of 6 dB per octave. The particle
velocity transducer is combined with a small electret
condenser microphone in the 1/2 inch sound intensity
probe shown in Fig.25.18. The velocity transducer is
mounted on a small, solid cylinder, and the condenser
microphone is mounted inside another, hollow cylin-
der. The geometry of this arrangement increases the
sensitivity of the velocity transducer. Unlike Norwe-
gian Electronics’ intensity probe the Microflown probe
is very small — in fact much smaller than a standard p—p
probe. Thus it is possible to measure very close to a vi-
brating surface with this device. At the time of writing
there is still relatively little experimental evidence of the
practical utility of the Microflown intensity probe, but it
seems to be promising [25.17]. Figure 25.19 shows the
results of sound power measurements with a Microflown
intensity probe in comparison with similar results made
with a Briiel & Kjar p—p sound intensity probe.

A variant of the p—u method, the surface inten-
sity method, combines a pressure microphone with
a transducer that measures the vibrational displacement,
velocity or acceleration of a solid surface, for example
with an accelerometer or a laser vibrometer [25.53-55];
see Fig. 25.20. Obviously, this method can only give the
normal component of the sound intensity near vibrating
surfaces. A disadvantage of the surface intensity method
is that sound fields near complex sources are often very
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Fig. 25.19 Sound power of a source measured using a p—u
intensity probe produced by Microflown and p—p intensity
probe produced by Briiel & Kjer. Briiel & Kj@r probe
on large measurement surface (solid line); Microflown
probe on large measurement surface (dashed line); Mi-
croflown probe on small measurement surface (dotted line)
(After [25.17])

complicated, which makes it necessary to measure at
many points.

Sources of Error in Measurement of Sound

Intensity with p—u Measurement Systems
Evidently, some of the limitations of any p—u intensity
probe must depend on the particulars of the particle
velocity transducer. However, some general problems
are described in the following.

Phase Mismatch
Irrespective of the measurement principle used in de-
termining the particle velocity there is one fundamental
problem: the pressure and the particle velocity trans-
ducer will invariably have different phase responses.
One must compensate for this p—u phase mismatch,
otherwise the result may well be meaningless. In fact
even a small residual p—u mismatch error can have se-
rious consequences under certain conditions. This can
be seen by introducing such a small phase error, ¢y, in
(25.31). The result is

Iy = 1/2Re (puj e 4x)
=Re [(Ir +1Jr) (cOS pue — i 8in @ye)]
~ I+ @uedr (25.33)

Preamplifier
RION HN-04

1/2 in. microphone

RION UC-30 Silicon rubber

(t=5mm)

Accelerometer
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13mm |
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Structure 4‘C,vm_|

Fig. 25.20 Hand-held probe for surface intensity measure-
ment (After [25.53])

where J; is the reactive intensity, cf. (25.12).
Equation (25.33) demonstrates that even a small un-
compensated p—u phase mismatch error will give rise
to a significant bias error when J; >> I;. On the other
hand it also shows that substantial p—u phase errors can
be tolerated if J; < I;. For example, even a phase mis-
match of 35° gives a bias error of less than 1 dB under
such conditions. In other words, phase calibration is crit-
ical when measurements are carried out under near-field
conditions, but not at all critical if the measurements are
carried out in the far field of a source. The reactivity
(the ratio of the reactive to the active intensity) indicates
whether this source of error is of concern or not.

Whereas phase-mismatching of a p—p sound inten-
sity measurement system can in principle be eliminated
simply by reversing the probe and measuring again, it
can be seen from (25.33) that reversing a p—u probe
simply changes the sign of the result, including the bias
error. In other words, probe reversal does not provide
any new information.

The global version of (25.33) is found by integrating
over a surface that encloses a source,

1’3a = / Re [(I +1J) (coS ¢ye —isingye)]- dS
S

:Pa—i—wue/.]-dS
S

[J-dS
S

a +(/)uef1'ds
S

=P, ]_(ﬂue—i s (25.34)
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and this shows that uncompensated p—u phase mismatch
is a potential source of error when the reactivity (which
in the global case is the ratio of the surface integral
of the reactive intensity to the surface integral of the
active intensity) is large. This will typically occur at low
frequencies when the measurement surface is close to the
source. Thus the reactivity is an important error indicator
for p—u probes [25.17]. In contrast the pressure-intensity
index is not relevant for p—u probes.

Sources outside the measurement surface do not in
general increase the reactivity, and thus they do not in
general increase the error due to p—u phase mismatch.

Other Sources of Error

Airflow, and in particular unsteady flow, is a more se-
rious problem for p-u than for p—p sound intensity
measurement systems, irrespective of the particulars
of the particle velocity transducer, since the resulting
velocity cannot be distinguished from the velocity as-
sociated with the sound waves. Windscreens of porous
foam reduce the problem.

Calibration of p—u Sound Intensity

Measurement Systems
Calibration of p—u sound intensity measurement sys-
tems involves exposing the probe to a sound field with
a known relation between the pressure and the particle
velocity, for example a plane propagating wave, a sim-
ple spherical wave or a standing wave [25.15, 16]. One
cannot calibrate a particle velocity transducer in a cou-
pler. There are no standardized calibration procedures
and no standards for testing such instruments. However,
recent experimental results seem to indicate the possi-
bility of calibrating the particle velocity channel of the
Microflown intensity probe in the far field of a loud-
speaker in an anechoic room, in the near field of a very
small source (sound emitted from a small hole in a plane
or spherical baffle), and in a rigidly terminated standing
wave tube [25.17,56].

25.4 Applications of Sound Intensity

Some of the most important practical applications of
sound intensity measurements are now briefly discussed.
In view of the relative lack of experimental evidence of
the performance of p—u sound intensity measurement
systems it is assumed in the following that p—p mea-
surement systems are used unless otherwise mentioned.

25.3.3 Sound Field Indicators

A sound field indicator may be defined as a normal-
ized, energy-related quantity that describes a local or
global property of the sound field [25.39]. The pressure-
intensity index defined by (25.29) is an example. The
concept of sound field indicators is closely related to
sound intensity. The idea is that useful information about
the nature of the sound field might be derived from the
signals from an intensity probe. The purpose can be to
derive information that may be helpful in interpreting ex-
perimental data, with a view, for example, to improving
measurement accuracy in intensity-based sound power
estimation by choosing another measurement surface,
by shielding the surface from extraneous sources, etc.
The international standards on sound power determina-
tion using sound intensity [25.24-26] prescribe initial
measurements of a number of indicators and specify
corrective actions on the basis of the values of these
quantities. The corresponding ANSI standard [25.27]
is more pragmatic; no less than 26 indicators are de-
scribed, but their use is optional and it is left to the user
to interpret the data and decide what to do.

It is clear from the considerations in Sect. 25.3.1 that
the (global) pressure-intensity index reflects the amount
of extraneous noise in sound power measurements and,
combined with the pressure-residual intensity index of a
p-p sound intensity measurement system, makes it pos-
sible to predict the bias error due to p—p phase mismatch.
Likewise, the considerations in Sect.25.3.2 show that
the reactivity reflects whether the measurement takes
place in the near field of the source under test or not
and, combined with knowledge about the residual phase
mismatch of a p—u sound intensity measurement sys-
tem, makes it possible to predict the bias error due to the
mismatch. In comparison, most of the many quantities
suggested in [25.27] are, as shown in [25.57], difficult
to interpret and only vaguely related to the measurement
accuracy.

25.4.1 Noise Source Identification

A noise reduction project usually starts with the identi-
fication and ranking of noise sources and transmission
paths. Before sound intensity measurement systems be-
came available this was often a difficult task, but now
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it is relatively straightforward since intensity measure-
ments make it possible to determine the sound power
contribution of the various components separately. Plots
of the sound intensity normal to a measurement sur-
face can be used in locating noise sources. Figure 25.21
shows the results of 3-D sound intensity measurements
near a chain saw, and Fig. 25.22 shows an example of in-
tensity measurements near a ship window. It should be
mentioned, though, that sound intensity measurement
can give misleading results; for example, the intensity
vector will point to a position between two uncorrelated
sources where no source actually exists.

Visualization of sound fields contributes to our
understanding of the sound radiation of complicated
sources, and sound intensity is more suitable for vi-
sualizing sound fields than sound pressure, which is
a scalar. Figure 25.23 shows a map of the sound in-
tensity in the sound field generated by a rectangular
plate driven in a certain mode, measured with a micro-
phone array using near-field acoustic holography. It is
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Fig.25.21a=c Noise radiation from a chain saw in the
1600 Hz one-third octave band. (a) Sound intensity vector
in the x—y plane; (b) sound intensity vector in the x—z plane;
(c) sound intensity vector in the y—z plane (After [25.58])

apparent that the generated sound field is fairly com-
plicated. Note in particular the recirculation of sound
energy; a region of the plate acts as a sink. This phe-
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Fig. 25.22 Sound intensity distribution (tangential compo-
nent) near a single cabin window (After [25.59])
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Fig. 25.23 Intensity vector map of the sound field gen-
erated by a rectangular plate excited in its (4, 2) mode
(After [25.60])
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nomenon is typical of vibrating panels of low radiation
efficiency and demonstrates that spatial averaging of the
sound intensity very near such sources is problematic.
The circulation of sound energy, which implies that some
regions act as sources without actually radiating to the
far field, has led Williams to introduce the concept of
supersonic intensity, which is the part of the sound in-
tensity associated with wavenumber components within
the radiation circle, in other words, the part of the in-
tensity associated with radiation to the far field [25.61].
One cannot determine the supersonic intensity with an
ordinary sound intensity probe, though; wavenumber
processing of near-field holographic data is require.

25.4.2 Sound Power Determination

One of the most important applications of sound in-
tensity measurement is the determination of the sound
power of operating machinery in situ. Sound power de-
termination using intensity measurements is based on
(25.7), which shows that the sound power of a source is
given by the integral of the normal component of the in-
tensity over a surface that encloses the source, also in
the presence of other sources outside the measurement
surface. The analysis of errors and limitations presented
in Sect.25.3.1 leads to the conclusion that the sound
intensity method is suitable for determining the sound
power of stationary sources in stationary background
noise provided that the pressure-intensity index is within
the dynamic capability of the measurement system. On
the other hand, the method is not suitable in nonsta-
tionary background noise (because the sound field will
change during the measurement); it cannot be used for
determining the sound power of very weak sources of
low-frequency noise (because of large random errors
caused by electrical noise in the microphone signals);
and the absorption of the source under test should be neg-
ligible compared with the total absorption in the room
where the measurement takes place (otherwise the sound
power will be underestimated because the measurement
gives the net sound power).

The surface integral can be approximated either by
sampling at discrete points or by scanning manually or
with a robot over the surface. With the scanning ap-
proach, the intensity probe is moved continuously over
the measurement surface. A typical scanning path is
shown in Fig. 25.24. The scanning procedure, which was
introduced by Chung in the late 1970s on a purely empir-
ical basis, was regarded with much skepticism for more
than a decade [25.63], but is now generally regarded as
more accurate and very much faster and more convenient

than the procedure based on fixed points [25.62,64,65].
A moderate scanning rate, say 0.5m/s, and a reason-
able scan line density should be used, say 5 cm between
adjacent lines if the surface is very close to the source,
20 cm if it is further away. However, whereas it may be
possible to use the method based on discrete positions
if the source is operating in cycles (simply by measur-
ing over a full cycle at each position) one cannot use the
scanning method under such conditions; both the source
under test and possible extraneous noise sources must
be perfectly stationary.

Usually the measurement surface is divided into
a number of segments that are convenient to scan. The
pressure-intensity index of each segment and the ac-
curacy of each partial sound power estimate depends
on whether (25.29) is satisfied or not, but it follows
from (25.30) that it is the global pressure-intensity in-
dex associated with the entire measurement surface that
determines the accuracy of the estimate of the (total)
radiated sound power. It may be impossible to satisfy
(25.29) on a certain segment, for example because the net
sound power passing through the segment takes a very
small value because of extraneous noise, but if the global
criterion is satisfied then the total sound power estimate
will nevertheless be accurate.

Theoretical considerations seem to indicate the
existence of an optimum measurement surface that min-
imizes measurement errors [25.66]. In practice one uses
a surface with a simple shape at some distance, say
25-50 cm, from the source. If there is a strong reverber-
ant field or significant ambient noise from other sources,
the measurement surface should be chosen to be some-
what closer to the source under study. One particular
problem is that one might be tempted to forget to close
a measurement surface that is very close to, say, a panel
or a window by measuring only the component of the

Fig. 25.24 Typical scanning path on a measurement surface
(After [25.62])
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intensity normal to the source. This can lead to serious
errors in cases where the panel radiates very weakly, be-
cause the radiation will be nearly parallel to the source
plane.

The three ISO standards for sound power determi-
nation using intensity measurement have been designed
for sources of noise in their normal operating conditions,
which may be very unfavorable [25.24-26]. In order to
ensure accurate results under such general conditions
the user must determine a number of field indicators and
check whether various conditions are satisfied, as men-
tioned in Sect. 25.3.3. Fahy, who was the convener of the
working group that developed ISO 9614-1 and 9614-2,
has described the rationale, background, and principles
of the procedures specified in these standards [25.65].

25.4.3 Radiation Efficiency of Structures

The radiation efficiency of a structure is a measure of
how effectively it radiates sound. This dimensionless
quantity is defined as

Py

where P, is the sound power radiated by the structure,
S is its surface area, v, is normal velocity of the sur-
face, and the angular brackets indicate averaging over
time as well as space. Comparing with (25.16) shows the
close relation between this quantity and the real part of
the specific impedance, which can be measured directly
with a sound intensity probe if it can be placed suffi-
ciently close to the structure [25.68]. The Microflown
p—u probe has an advantage in this respect. However,
measurements very near weak radiators of sound are dif-
ficult because of the circulating energy flow mentioned
in Sect.25.4.1.

25.4.4 Transmission Loss
of Structures and Partitions

The transmission loss of a partition is the ratio of incident
to transmitted sound power in logarithmic form. The
traditional method of measuring this quantity requires
a transmission suite consisting of two vibration-isolated
reverberation rooms. The sound power incident on the
partition under test in the source room is deduced from
the spatial average of the mean square sound pressure
in the room on the assumption that the sound field
is diffuse, and the transmitted sound power is deter-
mined from a similar measurement in the receiving room
where, in addition, the reverberation time must be deter-
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Fig. 25.25 Inter-laboratory comparison of measured trans-
mission loss of a single metal leaf window (lower
curves) and a double metal leaf window (upper curves).
Top panel: Conventional method; bottom panel: intensity
method (After [25.67])
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mined. The sound intensity method makes it possible to
measure the transmitted sound power directly. In con-
trast one cannot measure the incident sound power in
the source room using sound intensity, since the method
gives the net sound intensity. If the intensity method
is used for determining the transmitted sound power it
is not necessary that the sound field in the receiving
room is diffuse, from which it follows that only one
reverberation room is necessary. Thus sound intensity
is suitable for field measurements of transmission loss.
There are international standards both for laboratory and
field measurements of transmission loss based on sound
intensity [25.69, 70].

Figure 25.25 shows the results of a round robin
investigation in which a single-leaf and a double-leaf
construction were tested by four different laboratories
using the conventional method and the intensity-based
method. Apart from the fact that only one reverbera-
tion room is needed the main advantage of the intensity
method is that it makes it possible to evaluate the
transmission loss of individual parts of the partition.
However, to be reliable each sound power measure-
ment must obviously satisfy the condition expressed
by (25.29). There are other sources of error than phase
mismatch. If a significant part of the absorption in the re-
ceiving room is due to the partition under test then the net
power is less than the transmitted power because a part of
the transmitted sound energy is absorbed or retransmit-
ted by the partition itself [25.71]. Under such conditions
one must increase the absorption of the receiving room;
otherwise the intensity method will overestimate the
transmission loss because the transmitted sound power
is underestimated. In contrast, the conventional method
measures the transmitted sound power irrespective of
the distribution of absorption in the receiving room.

Deviations between results determined using the
traditional method and the intensity method led sev-
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One of the subtle problems that make noise con-
trol difficult for engineers is the invisibility of noise
or sound. A visual image of noise often helps to
determine an appropriate means for noise control.
There have been many attempts to fulfill this rather
challenging objective. Theoretical (or numerical)
means for visualizing the sound field have been
attempted, and as a result, a great deal of progress
has been made. However, most of these numerical
methods are not quite ready for practical applica-
tions to noise control problems. In the meantime,
rapid progress with instrumentation has made

it possible to use multiple microphones and fast
signal-processing systems. Although these systems
are not perfect, they are useful. A state-of-the-art
system has recently become available, but it still
has many problematic issues; for example, how
can one implement the visualized noise field. The
constructed noise or sound picture always con-
sists of bias and random errors, and consequently,
it is often difficult to determine the origin of the
noise and the spatial distribution of the noise
field. Section 26.2 of this chapter introduces a brief
history, which is associated with "sound visual-
ization," acoustic source identification methods
and what has been accomplished with a line or
surface array. Section 26.2.3 introduces difficulties
and recent studies, including de-Dopplerization
and de-reverberation methods, both essential
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for visualizing @ moving noise source, such as oc-
curs for cars or trains. This section also addresses
what produces ambiguity in realizing real sound
sources in a room or closed space. Another major
issue associated with sound/noise visualization is
whether or not we can distinguish between mu-
tual dependencies of noise in space (Sect.26.2.4);
for example, we are asked to answer the ques-
tion, "Can we see two birds singing or one bird
with two beaks?"

26.1 The Methodology of Acoustic Source Identification

The famous article written by Kac [26.1], “Can one hear
the shape of the drum?” clearly addresses the essence of
the inverse problem. It can be regarded as an attempt to
obtain what is not available, using what is available, us-
ing the example of the relationship between sound gener-
ation by membrane vibration and its reception in space.
One can find many other examples of inverse problems
[26.2-8]. Often, in the inverse problem, it is hard to pre-
dict or describe data that are not measured because the
available data are insufficient. This circumstance is com-
monly referred to as an ill-posed problem in the literature

(for examples, see [26.1-19]). Figure 26.1 demonstrates
what might happen in practice; the prediction depends
on how well the basis function (the elephants or dogs in
Fig. 26.1) mimics what happens in reality. When we try
to see the shape of noise/sound sources, how well we see
the shape of a noise source completely depends on this
basis function, because we predict what is not available
by using this selected basis function.

One of the common methods of classifying meth-
ods used in noise/sound source identification, is by the
type of basis function. According to this classification,
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Fig.26.1 The inverse problem and basis function. Are the
measured data the parts of elephants or dogs?

one approach is the nonparametric method, which uses
basis functions that do not model the signal. In other
words, the basis functions do not map the unmeasured
sound field; all orthogonal functions fall into this cat-
egory. One of the typical methods of this kind uses
Fourier transforms. Acoustic holography uses this type
of basis function, mapping the sound field of interest
with regard to every measured frequency; it therefore
sees the sound field in the frequency domain. In fact,
the ideas of acoustic holography originated from optics
[26.20-30]. Acoustic holography was simply extended
or modified from the basic idea of optical holography.
Near-field acoustic holography [26.31,32] has been rec-
ognized as a very useful means of predicting the true
appearance of the source Fig.26.2. (The near-field ef-

Prediction plane
(close to source plane)

Measurement

Backward prediction _ plane — Forward prediction

fect on resolution was first introduced in the field of
microwaves [26.33].) The basis of this method is to in-
clude or measure exponentially decaying waves as they
propagate from the sound source so that the sources can
be completely reconstructed.

Another class of approaches are based on the para-
metric method, which derives its name from the fact that
the signal is modeled using certain parameters. In other
words, the basis function is chosen depending upon the
prediction of the sound source. A typical method of
this kind is the so-called beam-forming method. Dif-
ferent types of basis functions can be chosen for this
method, entirely depending on the sound field that the
basis function is trying to map [26.34,35]. In Fig. 26.1,
we can select either the elephants or dogs (or another
choice), depending on what we want to predict. This
type of mapping gives information about the source
location. As illustrated in Fig.26.1, the basis function
maps the signal by changing its parameter; in the case
of forming a plane-wave beam, the incident angle of
the plane wave can be regarded as a parameter. The
main issues that have been discussed for this kind of
mapping method are directly related to the structure
of the correlation matrix that comes from the meas-
ured acoustic pressure vector and its complex conjugate
(see Fig.26.3 for the details). In this method, each scan
vector has a multiplicative parameter; for the plane
wave in Fig.26.3 it is the angle of arrival. The corre-
lation matrix is given as illustrated in Fig.26.3. The
scan vector is a basis function in this case. As one
can see immediately, this problem is directly related

Prediction plane
(away from source plane)

Fig. 26.2 Illustration of acoustic holography. Near-field acoustic holography measures evanescent waves on the measure-
ment plane. The measurement plane is always finite, i.e. there is always a finite aperture. Therefore, we only get limited data)
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Ps

0,: Direction of measured wave
6: Direction of scan vector

P+ W=IPIIWicos (6 - 6,)

N

Fig.26.3 The beam-forming method

to the structure of the correlation matrix and the ba-
sis function used. The signal-to-noise (S/N) ratio of the
measured correlation matrix determines the effective-
ness of the estimation. There have been many attempts
to improve the estimator’s performance with regard to
the signal-to-noise ratio [26.35,36]. These methods have
mainly been developed for applications in the radar
and underwater communities [26.37]. This technique
has also been applied to a noise source location find-

Vertical direction to array

» Parallel direction to array

ik d sin 6 ik(l—M)dSinO
=1 e c e ¢

: Scan vector

P=(P, P, ... Py)"

: measured vector

Power =E [IP+ WI?|
=E[IPHW/?]
=WHE [pP!|W

f

Correlation matrix

ing problem; high-speed-train noise source estimation
[26.38—40] is one such example. Various shapes of ar-
rays have been tried to improve the spatial resolution
[26.41-43]. However, it is obvious that these methods
cannot sense the shape of the sound or noise source;
they only provide its location. Therefore, we will not
discuss the beam-forming method in this chapter. In the
next section, the problems that we have discussed will
be defined.

26.2 Acoustic Holography: Measurement, Prediction and Analysis

26.2.1 Introduction
and Problem Definitions

Acoustic holography consists of three components:
measurement, which consists of measuring the sound
pressure on the hologram plane, prediction of the acous-
tic variables, including the velocity distribution, on the
plane of interest, and analysis of the holographic recon-
struction. This last component was not recognized as
important as the others in the past. However, it yields
the real meaning of the sound picture: visualization.
The issues associated with measurement are all re-
lated to the hologram measurement configuration; we
measure the sound pressure at discrete measurement
points over a finite measurement area (finite aperture), as

illustrated in Fig.26.2. References [26.44-52] explain
the necessary steps to avoid spatial aliasing, wrap-
around errors, and the effect of including evanescent
waves on the resolution (near-field acoustic holography).
If sensors are incorrectly located on the hologram sur-
face, errors result in the prediction results. Similar errors
can be produced when there is a magnitude and phase
mismatch between sensors. This is well summarized in
[26.53]. There have been many attempts to reduce the
aperture effect. One method is to extrapolate the pres-
sure data based on the measurements taken [26.50,52].
Another method allows the measurement of sound pres-
sure in a sequence and interprets the measured sound
pressures with respect to reference signals, assuming
that the measured sound pressure field is stationary dur-

Amazon EX1014 Page 1079

1079

C°9C |H Med



1080

C°9C |H Med

Part H

Engineering Acoustics

ing the measurement and the number of independent
sources is smaller than the number of reference micro-
phones [26.54-61]. Another method allows scanning
or moving of the microphone array, thereby extending
the aperture size as much as possible [26.62—65]. This
also allows one to measure the sound pressure generated
by moving sound sources, such as a vehicle’s exterior
noise.

The prediction problem is rather well defined and
relatively straightforward. Basically, the solution of the
acoustic wave equation usually results in the sound pres-
sure distribution on the measurement plane. Prediction
can be attempted using a Green’s function, an exam-
ple of which may be found in the Kirchhoff-Helmholtz
integral equation. It is noteworthy, however, that the pre-
diction depends on the shape of the measurement and
prediction surfaces, and also on the presence of sound
reflections [26.54,66-87].

The acoustic holography analysis problem was in-
troduced rather recently. As mentioned earlier in this
section, this is one of the essential issues connected
to the general inverse problem. One basic question is
whether what we see and imagine is related to what
happens in reality. There are two different sound/noise
sources, one of which is really radiating the sound, and
the another that is reflecting the sound. The former is of-
ten called active sound/noise, while the latter is called
passive sound/noise. This is an important practical con-
cept for establishing noise control strategies; we want
to eliminate the active noise source. Another concern is
whether the sources are independently or dependently
correlated (Fig.26.23). The concept of an independent
and dependent source has to be addressed properly to
understand the issues.

Fig.26.4 The geometry and nomenclature for the
Kirchhoff-Helmholtz integral (26.1)

26.2.2 Prediction Process

The prediction process is related to how we predict the
unmeasured sound pressure or other acoustic variables
based on the measured sound pressure information. The
following equation relates the unmeasured and measured
pressure:

oP
PG; )= / [G<x|xh; ne
S T | e=xn f)

w]ds},. (26.1)

— P(xn; f) ™

Equation (26.1) is the well-known Kirchhoff~Helmbholtz
integral equation, where G(x|xp; f) is the free-space
Green’s function. This equation essentially says that we
can predict the sound pressure anywhere if we know
the sound pressures and velocities on the boundary
Fig. 26.4. However, it is noteworthy that measuring the
velocity on the boundary is more difficult than measur-
ing the sound pressure. This rather practical difficulty
can be solved by introducing a Green’s function that
satisfies the Dirichlet boundary condition: Gp(x|xn; f).
Then, (26.1) becomes

G ;
Pl f) = / [—P(xh; LR

Sh

] dSy . (26.2)

This equation allows us to predict the sound pressure on
any surface of interest. It is noteworthy that we can
choose a Green’s function as long as it satisfies the

Contribution from the outside of the hologram is assumed to
be zero, or extra-
polation is

used.

o0

!, £
Source-free region
]

X

Prediction Hologram Source
plane (z) plane (z) plane (z)

Fig.26.5 Illustration of the planar acoustic holography
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Fig. 26.6 Propagating and exponentially waves in acoustic holography
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Fig.26.7 The data-processing procedure for acoustic
holography

linear inhomogeneous wave equation, or the inhomo-
geneous Helmholtz equation in the frequency domain.
That is,

V2G(x |xn; f) +K2G(x [xn; f)
= —8(x —xp) . (26.3)

Therefore, we can select a Green’s function in such a way
that we can eliminate one of the terms on the right-hand
side of (26.1); (26.2) is one such case.

To see what essentially happens in the prediction
process, let us consider (26.2) when the measurement
and prediction plane are both planar. Planar acoustic
holography assumes that the sound field is free from
reflection (Fig. 26.5); then we can write (26.2) as

P(x, y, z; f):/P(xhv)’h,Z}ﬁ H

Sh
X Kpp(x — Xh,y — ¥h,2 —zn; f)dSh ,
(26.4)
Kpp(x,v,2; /)= (1—1kr)exp(1kr) (26.5)
where r:,/x2+y2+z2,
2
p= 271
c
x=(x,y,2),

Xph = (Xh, Yh» Zh) -

Kpp can be readily obtained by using two free-field
Green’s functions that are located at zy and —zp, SO
that it satisfies the Dirichlet boundary condition.

This is a convolution integral, and therefore we can
write this in the wave-number domain as

Py ky.2: f) =
P(ky, ky, 20 f)explik,(z—zn)] » (26.6)
where

P(ky, ky, z; f)

:/ /P(x, y, z; e &) g dy | (26.7)

—00 —00

ky= B2 —Kk2— K2
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Fig.26.8 The error due to discrete measurement: the spa-
tial aliasing problem. The microphone spacing determines
the Nyquist wave number. This wave number has to be
smaller than the maximum wave number of the acoustic
pressure distribution on the hologram plane. The micro-
phone spacing, therefore, has to get smaller as the distance
between the hologram (the measurement plane) and source
decrease. The rule of thumb is § < d)

This equation essentially predicts the sound pressure
with respect to the wave number (ky, k). If K> k)zc +Kk2,
the wave in z-direction (k;) is propagating in space.
Otherwise, the z-direction wave decays exponentially,
i.e. it is an evanescent wave (Fig. 26.6).

We have derived the formulas that can predict what
we did not measure based on what we measured, by
using a Green’s function. It is noteworthy that we can
get the same results if we use the characteristic solu-
tions of the Helmholtz equation; the Appendix describes
the details. The Appendix also includes discrete expres-
sions for the formula, which are normally used in the
computation.

Equation (26.6) also allows us to predict the sound
pressure on the source plane, when z = zg. This is an
inverse problem because it predicts the pressure distribu-
tion on the source plane based on the hologram pressure
(see Figs. 26.3 and 26.6).

Figure 26.7 essentially illustrates how we can pro-
cess the data for predicting what we did not measure
based on what we measure. There are four major areas
that cause errors in acoustic holography prediction. One
is related to the integration of (26.4). Equation (26.4) has
to be implemented on the discretized surface Fig. 26.8.
This surface, therefore, has to be spatially sampled ac-
cording to the selected surface. This spatial sampling can
produce spatial aliasing, depending on the spatial distri-
bution of the sound source: the sampling wave number
must be larger than twice the maximum wave number of
interest. It is noteworthy that, as illustrated in Fig. 26.8,
the distance between the hologram and source planes is
usually related to the sampling distance d. The closer
one is to the source, the smaller the sampling distance
needs to be. We must also note that the size of the aper-
ture determines the wave-number resolution of acoustic
holography. The finite aperture inevitably produces very
sharp data truncation, as illustrated in Fig. 26.9. This pro-
duces unrealistic high-wave-number noise (see “without
window” in Fig. 26.9). Therefore, it is often required that

Fig.26.9 The effect of a finite aperture: the rapid change
at the aperture edges produces high-wave-number noise
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Ghost
holograms

Extended aperture
by zero padding

Fig. 26.10 The effect of the finite spatial Fourier transform
on acoustic holography: the ghost image is due to the finite
Fourier transform; circular convolution can be eliminated
by adding zeros

we use a window, which can result in a smoother data
transition from what is on the measurement plane to
what is not measured (Fig. 26.9).

The spatial Fourier transform that has to be done
in the prediction process (26.6) has to be carried out
in the domain for which data is available, i.e. a fi-
nite Fourier transform. It therefore produces a ghost
hologram, as illustrated in Fig.26.10 [26.46, 50]. This
effect can be effectively removed by adding zeros to
the hologram data (Fig.26.11). The last thing to note
is what can happen when we do backward propaga-
tion. As we can see in (26.6), when we predict the
sound pressure distribution on a plane close to the sound
source [z < zp (Fig. 26.5)] and k; has an imaginary value
(evanescent wave), then the sound pressure distribution
of the exponentially decaying part will be unrealistically
magnified (Fig.26.11) [26.47]. Figure 26.12 graphi-
cally summarizes the entire processing steps of acoustic
holography.

The issues related with the evanescent wave and its
measurement are well addressed in the literature (for
example, see [26.88]). The measurement of evanescent
waves essentially allows us to achieve higher resolu-
tion than conventional acoustic holography [26.89-94].
However, it is noteworthy that the evanescent-wave
component is substantially smaller than the other prop-

Before After
filtering filtering iy
Wavenumber filter

[Pk, 0, 24 ) Pk 0,z ) X [Pely, 0,235 f)l
Backward

prediction

4

Filtering

4

s 3
—— measured

=== fTue!

Fig. 26.11 Wave-number filtering in backward prediction. Evanes-

cent wave components are magnified without filtering [26.47]

agating components. Therefore, it is easy to produce
errors that are associated with sensor or position mis-
match [26.53]; in other words, it is very sensitive
to the signal-to-noise ratio. Errors due to position
and sensor mismatch are bias errors and random er-
rors, respectively. It has been shown [26.53] that the
bias error due to the mismatches is negligible, but
the random error is significant in backward predic-
tion. This is related to the measurement spacing on
the hologram plane (Ay), prediction plane (A;), and
the distance between the hologram plane and the pre-
diction plane (d). It is approximately proportional
to 24.9(d/A;)+201og;o(An/A;) in a dB scale. The
signal-to-noise ratio can be amplified when we try to
reconstruct the source field: a typical ill-posed phenom-
ena. There have been many attempts to reduce this
effect by using a spatial filter [26.47,95-99], which
is often called the regularization of acoustic hologra-
phy [26.100-115].

Depending on the separable coordinates that we use
for acoustic holography, we can construct cylindrical
or spherical coordinates [26.54,67,69] (Figs. 26.13 and
26.14). These methods predict the sound field in exactly
the same manner as in planar holography but with respect
to different coordinates. As expected, however, these
methods have some advantages. For example, the wrap-
around error is negligible — in fact, there is no such
error in spherical acoustic holography — and there is no
aperture-related error [26.54]. Recently, the advantage

Amazon EX1014 Page 1083

1083

C°9C |H Med



1084

C°9C |H Med

Part H

Engineering Acoustics

Space domain Wave number domain

Zero paddin A
P, y, 2 f) (wrap around Pk ky, 205 f)
error)
i

Fourier transform

Propagation || Xe ==

Wavenumber

P(x,y,2;f) filtering Pl kyy 73 £)

L
Inverse
Fourier
transform

Fig. 26.12 Summary of the acoustic holography prediction process
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Fig.26.13 Cylindrical holography Fig. 26.14 Spherical holography

Amazon EX1014 Page 1084



Acoustic Holography | 26.2 Acoustic Holography: Measurement, Prediction and Analysis 1085

of using spherical functions has also been noted [26.79,
81,86,87,113].

26.2.3 Measurement

To construct a hologram, we commonly measure the
sound pressure at discrete positions, as illustrated in
Fig. 26.2. However, if the sound generated by the source,
and therefore the sound field, can be assumed to be
stationary, then we do not have to measure them at the
same time.

Figure 26.15 illustrates one way to accomplish
this measurement. This method normally measures
the sound pressure field using a stepped line array
(Fig.26.15a). To understand the issues associated with
this measurement system for the sake of its simplic-

a)

o

Last step

Reference R (f)

First ste[; )
b)

Reference R (f)

Fig.26.15a,b Two measurement methods for the pressure
on the hologram plane: (a) step-by-step scanning (b) con-
tinuous scanning

ity, let us see how we process a signal of frequency
f when there is a single source. The relationship be-
tween the sound source and sound pressure in the field,
or measurement position (xy), can be written as

P(xn; )= Hxyn: )OS) . (26.8)

where Q( f)1is the source input signal and H (xy,; f)is the
transfer function between the source input and the meas-
ured pressure. This means that, if we know the transfer
function and the input, we can find the magnitude and
phase between the measured positions. Because it is
usually not practical to measure the input, we normally
use reference signals (Fig. 26.15a). By using a reference
signal, the pressure can be written as

P(xn; f) = H'(xn; /IR(f), (26.9)

where R(f) is the reference signal. We can obtain
H'(xp; f) by

/ P(xn; f)
H'(xp; f) = ——2= . 26.10
(xn; f) ) ( )
The input and reference are related through:
R(f)=Hr(/HQ(f), (26.11)

where Hr(f) is the transfer function between the input
and the reference. As a result, we can see that (26.9) has
the same form as (26.8).

It is noteworthy that (26.8) holds for the case
that we have only one sound source and the
sound field is stationary and random. However,
if there are two sound sources, then (26.8) be-
comes

P(xn; f) = Hi(xn: f)Q1(f)+ Ha(xn: [)Q2(f)
(26.12)

where Q;(f) is the i-th input and H;(xy; f) is its trans-
fer function. There are now two independent sound
fields. This requires, of course, two independent refer-
ence signals. It has been well accepted that the number
of reference microphones has to be greater than the
number of independent sources [26.57]. However, if
this is strictly true, then it means that we have to
somehow know the number of sources, and this, in
some degree, contradicts the the acoustic holography
approach.

A recent study [26.61] demonstrated that the meas-
ured information, the location of the sources, and the
number of independent sources converge to their true
values as the number of reference microphones in-
creases. This study also showed that high-power sources

Amazon EX1014 Page 1085

C°9C |H Med



1086

C°9C |H Med

Part H

Engineering Acoustics

Doppler shifted s
spectrum

f=fhg= umlc) fog
= fog— Um/270) Ky,
k=270 (fog=f ) ttm

Wave number
spectrum 4

Array microphone system
(total 26 microphones)

are likely to be identified even if the number of refer-
ence microphones is less than the number of sources.
Figure 26.16 shows an example of this method when
there are many independent sound fields. On the other
hand, one study showed that we can even continuously
scan the sound field by using a line array of microphones
(Fig.26.15b) [26.62—-65]. This method essentially al-

Stationary source Moving microphone

Xh

X
Un

fy, 0

k= (k,

120.0)

Fig.26.16 Application result of the step-by-step scanning
method to the wind noise of a car. This figure is the pressure
distribution at 710 ~ 900 Hz in a source plane when the
flow velocity is 110 km/h. In this experiment, 17 reference
microphones are randomly located in the car, to see the
coherence between interior noise and what are measured
by the array microphone system. The array microphone
system was initially located at 3 m forward from the middle
point of a car, and moved 6 cm in step until it reached at
3 m backward from the middle point

lows us to extend the aperture size without any limit
as long as the sound field is stationary. In fact, [26.65]
also showed that this method can be used for a slowly
varying (quasi-stationary) sound field.

This method has to deal with the Doppler shift.
For example, let us consider a plane wave in the
(kxy, kyy, kz,) direction and a pure tone of frequency
Jny- Then the pressure on the hologram plane can be
written as

P(Xh, Yhs Zhs 1)

= Py exp [i(kyxn + Ky yh +kzo2n) | exp(—i, fayt)
(26.13)

where Py denotes the complex magnitude of the plane
wave. Spatial information about the plane wave with
respect to the x-direction can be represented by a wave-
number spectrum, and can be described as

oo

Pk, yn.zni 1) = / P(xh, Y, 2ns 1)e R dxy
—00
= Poexp [i(kyo)’h + kzozh)]
% 8(ky — kxg) €XP(—i27T fing 1)
= P(kxy Yh> 20)8(ky — k)

X exp(—i27 fhyt) s (26.14)

where P(ky,, Yh, zh) = Poexpli(ky,yh +kzyzn)] is the
wave-number spectrum of the plane wave at k, = ky,.

If a microphone is moving at an x-velocity up, the
measured signal pm(xh, yh, Zh; 1) 1S

Pm(Xh, Yh, Zh; 1) = p(Uml, Yh, Zh: 1) - (26.15)

Fig.26.17 The continuous scanning method for a plane
wave and a pure tone (one-dimensional illustration). fp,
is the source frequency, f is the measured frequency, um
is the microphone velocity, ¢ is the wave speed, kg, is the
x-direction wave number, and Py is the complex amplitude
of a plane wave
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Reference R (f)
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Fig. 26.18 De-Dopplerization procedure for a line spectrum
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X-directional wave number spectrum of actual sound field
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Fig. 26.19 The continuous scanning method for a more general case (one-dimensional illustration)
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Fig.26.20 Experimental configuration and result of the continuous scanning method to vehicle pass-by noise. The tire
pattern noise distribution (pressure) on the source plane is shown when the car passed the microphone array with constant

speed of 50 km/h

‘What is measured?

“Measured data

What it looks like?

‘Who or what makes this?

. 2

Predicted data Information of the

noise source

Fig. 26.21 Illustration of analysis problem in acoustic holography

The Fourier transform of (26.15) with respect to time
Fr, using (26.13), can be expressed as

Frlpm(umt, yn, zn; 1)]

o0
= / Pm(mt, Ym, zn; e 2 1 dt
—00
Um
— PO exXp [1(kyo)’h+kz02h)] <2 fh0+f>
= P(kxy> Yh, 2n)8 ( — Jho +f) (26.16)

Equation (26.16) means that the complex am-
plitude of the plane wave is located at the shifted
frequency fh, — umky,/27, as shown in Fig.26.17. In
general, the relation between the shifted frequency
f and x-direction wave number k, is expressed as
Fig.26.18

ky = 27 =) (26.17)

Um

We can measure the original frequency fi, by
a fixed reference microphone. Using the Doppler
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shift, we can therefore obtain the wave-number
components from the frequency components of
the moving microphone signal. Figure 26.19 il-
lustrates how we obtain the wave-number spec-
trum.

This method essentially uses the relative coordi-
nate between the hologram and microphone. Therefore,
it can be used for measuring a hologram of moving
noise sources (Fig.26.20), which is one of the major
contributions of this method [26.62-65].

26.2.4 Analysis of Acoustic Holography

Once we have a picture of the sound (acoustic hologra-
phy), w questions about its meaning are the next topic
of interest. What we have is usually a contour plot of the
sound pressure distribution or a vector plot of the sound
intensity on a plane of interest. This plot may help us
to imagine where the sound source is and how it radi-
ates into space with respect to a frequency of interest.
However, in the strict sense, the only thing we can do
from the two-dimensional expression of sound pressure
or intensity distribution is to guess what was really there.
We do not know, precisely, where the sound sources are
(Fig.26.21).

As mentioned earlier, there are two types of sound
sources: active and passive sound source. The former
is the source that radiates sound itself, while the lat-
ter only radiates reflected sound. These two different
types of sound sources can be distinguished by elimi-
nating reflected sound [26.116]. This is directly related
to the way boundary conditions are treated in the analy-
sis.

The boundary condition for a locally reacting surface
can be written as [26.116—118]

Vi(xs; )= Alxs; )P(xs; )+ Sxs; f),  (26.18)

where V(x,; f) and P(x; f) are the velocity and pres-
sure on the wall. A(xy; f) is the wall admittance and
S(xy; f) is the source strength on the wall. The ac-
tive sound source is located at a position such that
the source strength is not zero. This equation says that
we can estimate the source strength if we measure the
wall admittance. To do this, it is necessary to first
turn off the source or sources, and then measure the
wall admittance by putting a known source in the de-
sired position (Fig.26.22a). The next step is to turn on
the sources and obtain the sound pressure and velocity
distribution on the wall, using the admittance informa-
tion (Fig.26.22b). This provides us with the location

a) Admittance measurement Orginaly 0
d sources

-
P (x5; f) = surface pressure

V(;:; f) = surface velocity Arbitrary

S sound source
in POUQY 8¢

b) Source strength
measurement

Orginal
sound sources

Fig.26.22 Two steps to separate the active and passive
source

Fig. 26.23 Spatially independent or dependent sources

and strength of the source (i.e. the source power; for
example, see Fig. 26.24).

Another very important problem is whether or not
we can distinguish between independent or dependent
sources, i.e. two birds singing versus one bird with two
beaks (Fig.26.23). This has a rather significant practi-
cal application. For example, to control noise sources
effectively, we only need to control independent noise
sources. This can be achieved by using the statistical
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Setup T, Velocity on top surface Strength on top surface cf) Velocity on bottom surface
absorbents (passive - N )
source surface)
Normalized
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surface)
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Fig. 26.24 Experiment results that separate the active and passive sources. The top surface is made by the sound absorption
material. The speaker on the bottom surface, which is reflecting sound, is eliminated by this separation

C°9C |H Med

- If inputs are independent (incoherent),
Spp(f)=Sp,p; (f)+Spyp, ()

Total First Second
0.(f) Pi(f) spectrum  contribution contribution

0N+ @)

Transfer SP,P, (= 72Q1P(f) X Spp(f)

function
(acoustic path)

- Partial field decomposition

First Coherence Total
contribution  function  spectrum

Ly Input signal Q; (f) has to be measured

- One bird with two beaks? — total field = partial field

Fig.26.25 A two-input single-output system and its partial field

Effects of other sources are always included

Sp,p, (f)=)72W1P(f) Sep(f) A=
Coherence Y
function

Reference (:/\
sensor

Wi(F)=Ci(f) 01(f)

Fig.26.26 The conventional method to obtain the partial Wi(f)=Ci(f) 01 (f) + Co(f) Ox(f)

field
Fig. 26.27 Acoustic holography and partial field decompo-
sition
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Fig. 26.28 The procedure to separate the independent and dependent sources

Experimental setup

— The flow velocity is 34.3m/s at the
point where the flow meets the cylinder.

— Not only cylinder but also hose end
generates noise.
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Fig.26.29 The separation method applied to a vortex experiment
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differences between signals that are induced by inde-
pendent and dependent sound sources.

For example, let us consider a two-input single-
output system (Fig.26.25). If the two inputs are
independent, the spectrum Spp(f) of the output P(f)
can be expressed as

Sep(f) = |Hi()I*Sq,0, () + Ha()I*S0,0,(f) ,
(26.19)

where Sg, 0, (f) is the spectrum of the i-th input Q;(f),
and H;(f) is its transfer function. The first and second
terms represent the contributions of the first and second
input to the output spectrum, respectively. If we can
obtain a signal as

Wi(f)=C(HO1(f),

then we can estimate the contribution of the first source
as [26.119]

Seip, (f) = [HI()I*SQ,0, () = vyip(S)Sep(f) »
(26.21)

(26.20)

where y&, 1p(f) s the coherence function between Wi ( f)
and Qi(f) (Fig.26.26).

26.3 Summary

As expected, it is not simple to answer the question
of whether we can see the sound field. However, it is
now understood that the analysis of what we obtained,
acoustic holography, needs to be properly addressed, al-
though little attention was given to this problem in the
past. We now understand better how to obtain informa-

We can simply extend (26.21) to the case of mul-
tiple outputs, as in the case of acoustic holography
(Fig.26.27). The main problem is how to obtain a sig-
nal that satisfies (26.20). We can generally say that,
by putting sensors closer to the source or sources
[26.57,58, 120-123], we may have a better signal that
can be used to distinguish between independent or de-
pendent sources. However, this is neither well proven nor
practical, as it is not always easy to put the sensors close
to the sources. Very recently, a method that does not
require this [26.124, 125] was developed. Figure 26.28
explains the method’s procedures. The first and second
steps are the same as in acoustic holography: measure-
ment and prediction. The third step is to search for the
maximum pressure on the source plane. This method as-
sumes that the maximum pressure satisfies (26.20). The
fourth step is to estimate the contribution of the first
source by using the coherence functions between the
maximum pressure and other points, as in (26.21). The
fifth step is to calculate the remaining spectrum by sub-
tracting the first contribution from the output spectrum.
These steps are repeated until the contributions of the
other sources are estimated (for example, see Fig. 26.29).

tion from the sound picture. Making a picture is the job
of acoustic holography, but the interpretation of this pic-
ture is the responsibility of the observer. This paper has
reviewed some useful guidelines for better interpreta-
tion of the sound field to deduce the right impression or
information from the picture.

26.A Mathematical Derivations of Three Acoustic Holography Methods

and Their Discrete Forms

We often use the Kirchhoff-Helmbholtz integral equa-
tion to explain how we predict what we do not measure
based on what we do measure. It is noteworthy, how-
ever, that the same result can be obtained by using
the characteristic solutions of the Helmholtz equa-
tion. The following sections address how these can
be obtained. Planar, cylindrical, and spherical acoustic
holography are derived using characteristic equations in
terms of a corresponding coordinate system. The equa-
tions for holography are also expressed in a discrete
form.

26.A.1 Planar Acoustic Holography

If we see solutions of the Helmholtz equation

V2P+KP =0, (26.A1)

in terms of Cartesian coordinate, then we can write them
as

Px,y,z; ) =Xx)Y(y) Z(2), (26.A2)

wherek = ¢ = @ We assume then P is separable with

respect to X, Y and Z. Equations (26.A1) and (26.A2)
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26.A Mathematical Derivations of Three Acoustic Holography Methods and Their Discrete Forms

yield the characteristic equation

W(X, v, 25 kx» ky» kz)

ikyx ikyy ik.z
= ( e—ik x) ( e_ik ) ( e_-k ) , (26.A3)
e e KyY e ik:z
where
R =ik k. (26.A4)

Now we can write

Plx. vz f) = f Blow(x, v, 25 ke ky, ko) dk
(26.A5)

where

k= (ky, ky, k) - (26.A6)

Let us assume that the sound sources are all located at
7 < zs and we measure at z = z, > zs. Then we can write
(26.A5) as

P(x,y,z; f)

o o0
= f / Pky, ky)el b TRtk e dk, . (26.A7)
—00 —00
It is noteworthy that we selected only +ik,z. This is
because of the assumptions we made (z < zg and z =
Zh > Zs). The ky and ky, can be either positive or negative.
Therefore it is not necessary to include —ikyx or —ikyy
in (26.A3).
In (26.7),

L /K2 —k2 —k2, when K > k3 +k5
i/ Rk, when K2 <K24A2.

(26.A8)

Figure 26.6 illustrates what these two different k, values
essentially mean. We measure P(x, y, z = zp; f), there-
fore we have data of the sound pressure data on z = zj.
A Fourier transform of (26.A7) leads to

P(ky. ky)

oo o0
— / / P(X, v, 2 f)e—i(kxx+k}-y+kzz)dxdy .

—00 —O0

(26.A9)

Using (26.A9) and (26.A7), we can always estimate the
sound pressure on z, which is away from the source.

a)

b)

0

Source surface

x  Hologram plane
A 7=y

4
N}

( \ Source plane

Ax z=1z,

» =

Hologram surface

X=7rCcosg
y=rsing

Source surface

A Hologram surface

x=r sinf cos¢p
y=r sinf sing
z=rcosf

Fig. 26.30a—c Coordinates system for acoustic hologra-
phy: (a) planar acoustic holography (b) cylindrical Acoustic
holography (c) spherical acoustic holography
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It is noteworthy that (26.A9) has to be preformed
in the discrete domain. In other words, we have to use
a finite rectangular aperture, which is spatially sampled
(26.8 and 26.30a). If the number of measurement points
along the x-and y-directions are M and N, respectively,
and the corresponding sampling distances are Ax and
Ay, then (26.A9) can be rewritten as

Plky. ky) = e~k Ax Ay

@2 ©

M—1N—
Z Z P(Xm, Yn, zn)e Ke¥me =Ky - (26.A10)

where

1-M
Xm = m+T Ax,

1-N

M and N are the number of data points in the x- and
y-directions, respectively.

(26.A11)

26.A.2 Cylindrical Acoustic Holography

A solution can also found in cylindrical coordinate, that
is
P(r, ¢, 2) = R(NP(P)Z(2) . (26.A12)

Figure 26.1 shows the coordinate systems. Then, its
characteristic solutions are

W(V, ¢» 25 krv kZ)

(1) imeo ik.z
= H,&)(krr) ¢ ol (26.A13)
Hy (kyr)) | e7me | | e—ik:z
where
K =k 4k (26.A14)

It is noteworthy that m is a nonnegative integer. H,(nl) and
H,(n2 ) are first and second cylindrical Hankel functions,
respectively. ¢ and e "% express the mode shapes
in the ¢-direction.

Using the characteristic function (26.A6), we can
write a solution of the Helmholtz equation with respect
to cylindrical coordinate as

Pl ¢, z: )= / Bk (. 6. 2 iy ko)l
(26.A15)

where

k=(ky, k). (26.A16)

Assuming that the sound sources are all located at r < ry
and that the hologram surface is situated on the surface
r = rp, and that r, > rg, then no waves propagate into the
negative r-direction, in other words, toward the sources.
Then (26.A15) can be rewritten as

P(r, ¢,z f)
Z / Po(k;)e™? e H{D (k,r)dk
m=—00 _~
(26.A17)
and k, has to be
Vk2—k2 | when &% > k?
k. = ’ (26.A18)
' [i,/kz 2, when & <k§.

We measure the acoustic pressure at r = ry,, therefore
P(ry, ¢, ) is available. ﬁm (k) can then be readily ob-
tained.

That is

1 2w oo
(271)2 / / P(rn, ¢, Z)e_mqbe_lk‘Z
0 —o0

{H,(nl)(k,rh)]_l dzdg .

ﬁm(kz) =

(26.A19)

Inserting (26.A19) into (26.A17) provides us with the
acoustic pressure at the unmeasured surface at r.

Discretization of (26.A19) leads to a formula that
can be used in practical calculations:

~ 1 2
Pulle) = ————— "= Az
(277)2Hm (krrn) L
L—1N-1 ) )
DD Pm, drza)e e
=0 n=0
(26.A20)
where
QI+ D
¢ = T ,
1-N
Zn=|n+ — Az. (26.A21)

L and N are the number of data points in the ¢- and
z-directions, respectively.
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26.A.3 Spherical Acoustic Holography

The Helmholtz equation can also be expressed in spher-
ical coordinate (Fig.26.30c). Assuming again that the
separation of variable also holds in this case, we can
write:

P(r,0,¢) = R(OB)D() . (26.A22)

Substituting this into (26.A1) gives the characteristic
equation

Wmn(rs 67 ¢7 k) =

RV kr)\ [ Pcoso ) [ en?
h k)] \ 0z, coso ) \ e ) -

m is a nonnegative integer and n can be any integer
between O and m. hﬁ,:) and hg,%) are first and second
spherical Hankel functions. It is also noteworthy that
P}’ and Q7 are first and second Legendre polynomials.

Then we can write the solution of the Helmholtz
equation as

(26.A23)

P(r0,0)="Y " > PunVun(r,0,¢; k).

m=0 n=—m

(26.A28)

Suppose that we have sound sources at r < rg and the
hologram is on the surface r = ry, > rg; then (26.A24)
can be simplified to:

Pr,0,8)=" D" PunYun(0, §)hly (kr)

m=0 n=—m
(26.A25)
where

Yin(0, ¢) = Pl (cos 6)e? . (26.A26)

References

This is a spherical harmonic function. It is notewor-
thy that we only have first spherical harmonic functions
because all waves propagate away from the sources.
The second Legendre function was discarded because it
would have finite acoustic pressure at @ =0 or 7.

Similarly, as previously stated, the sound pressure
data on the hologram is available, therefore we can
obtain P, in (26.A25) by

5 2m+1  (m—|n|)
" 4mhD (kg (m+ !
T 27

/ / P(ry, 0, )Y, (0, $)sinfdedo ,
0 0

(26.A27)
where we have used the orthogonality property of Yy,,,.
The * represents the complex conjugate. Using (26.A27)
and (26.A25), we can estimate the acoustic pressure
anywhere away from the sources.

The discrete form of (26.A27) can be written as

5 L—10-1

P = AngLLQ ST Prw. 01, 0g)
=0 ¢=0
Pll(cos 0))(sin6)e "% (26.A28)
where
_Q+Dhr
2L ’
bq = (Zq% : (26.A29)

where L is the number of data points in 6 and Q is what
is in ¢-direction.
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27. Optical Methods for Acoustics
and Vibration Measurements

. . . . 27.1.4 Moiré Techniques...................... 1104
ysis, g g propag of Optical Metrology .................. 1104

in plates and shells as well as propagating acoustic
waves in transparent media such as air and water

27.2 Measurement Principles

are described. Field methods, which capture the and Some Applications........................ 1105
whole object field in one recording, and point 27.2.1 Holographic Interferometry
measuring (scanning) methods, which measure for the Study of Vibrations.......... 1105

at one point (small area) at a time (but in that
point as a function of time), will be addressed.
Temporally, harmonic vibrations, multi-frequency
repetitive motions and transient or dynamic
motions are included.

Interferometric methods, such as time-average

and real-time holographic interferometry, speckle 2.2.4 Eu:seg [V HoIoFgraphy - it
interferometry methods such as television (TV) ulsed Lasers freeze -+
Propagating Bending Waves, x

holography, pulsed TV holography and laser . =
ib t dd d. Intensity method h Sound Fields ~
vibrometry, are addressed. Intensity metnods suc and Other Transient Events......... 1114 ~

as speckle photography or speckle correlation
methods and particle image velocimetry (PIV) will
also be treated.

27.1 Introduction ... 1101
27.1.1  Chladni Patterns,
Phase-Contrast Methods,

27.2.2 Speckle Interferometry -

TV Holography, DSPI and ESPI

for Vibration Analysis

and for Studies

of Acoustic Waves...................... 1108
27.2.3 Reciprocity and TV Holography....1113

27.2.5 Scanning Vibrometry -
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and for the Study
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27.2.6 Digital Speckle
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Correlation Methods
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27.1.2  Holographic Interferometry, (PIV) 1119
Acoustical Holography .............. 1102 PV
27.1.3  Speckle Metrology: 27,3 SUMMANY ... 1122
Speckle Interferometry
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27.1 Introduction

27.1.1 Chladni Patterns, Phase-Contrast
Methods, Schlieren, Shadowgraph

Visualization of vibration patterns in strings, plates
and shells and propagating acoustic waves in transpar-
ent objects such as air and water have been of great
importance for the understanding and description of
different phenomena in acoustics. Chladni [27.1] (1756—
1824) sprinkled sand on vibrating plates to show the
nodal lines. His beautiful figures challenged the research

community for a theoretical description and Napoleon
provided a prize of 3000 francs for someone that could
give a satisfactory explanation; historical introduction
by Lindsay in Lord Rayleigh’s, Theory of Sound [27.2].
Chladni patterns are in some applications a simple,
cost-effective way to visualize vibration patterns, of-
ten competitive to and an alternative to modern optical
methods. In certain cases, such as for curved surfaces,
the Chladni patterns may however, give completely
misleading results.
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Transparent or semitransparent objects such as cells
and bacteria in microscopy, air flow and pressure fields
in fluid mechanics, sound fields in acoustics etc. are
objects that was not readily observed with the un-
aided eye. Zernike [27.3] developed phase-contrast
microscopy, one of many optical, spatial-filtering tech-
niques that operate in the Fourier-transform plane of
imaging systems, to obtain images of such normally
invisible objects. These techniques became very im-
portant in medicine and biology and are today used
both in routine investigations and in research. In Atlas
de phénoménes d‘optique (Atlas of optical phenom-
ena) [27.4] a collection of beautiful photographs of
interference, diffraction, polarization and phase-contrast
experiments are found. In An Album of Fluid Mo-
tion [27.5] different kinds of fluid flows are visualized.
Classical optical filtering methods such as shadowgraph
and Schlieren [27.6] are, together with interferometric
methods, used to illustrate phenomena in turbulence,
convection, subsonic and supersonic flow, shock waves,
etc. Some of them, such as shock waves in air and
water, certainly also generate sound fields. Still, most
of those more classical methods only find limited
application in acoustics since they mostly give qual-
itative pictures only. Practical optical methods with
higher sensitivity, higher spatial resolution and that
also give quantitative data have therefore been devel-
oped.

27.1.2 Holographic Interferometry,
Acoustical Holography

In 1965 Horman [27.7], Burch [27.8], Powell and Stet-
son [27.9, 10] proposed to use holography [27.11] for
optical interferometry. With holography a method was
invented by which a wavefront, including phase and
amplitude information, could be recorded and stored
in a hologram. Subsequently a copy of the recorded
wavefront could be reconstructed from the hologram for
later use. At that time most holograms were recorded
on special, high-resolution photographic plates. In or-
dinary photography it is the intensity (the irradiance
distribution) that is recorded and displayed. This quan-
tity is proportional to the amplitude squared. In that
operation the phase is lost. And it is the phase that
carries the information of the optical path: that is the
distance to the object, or the direction, for light pass-
ing through a transparent medium. Now, assume for
instance that a hologram was exposed twice in the
same setup (a double-exposed hologram) of an ob-
ject in two different states, for instance with a small

deformation introduced between the exposures. Then
in the reconstruction both these two fields were re-
constructed and displayed simultaneously. The total
reconstruction then showed the object covered with
a set of interference fringes (dark and bright bands)
that display the difference in phase. A measure of the
deformation field was thus obtained by letting an ob-
ject interfere with itself. The techniques were called
holographic interferometry or just hologram interfer-
ometry. Three sub-techniques evolved: two-exposure
(or double exposure), time-average and real-time holo-
graphic interferometry. The research area evolved
rapidly. A thorough, self-contained description of holo-
graphic interferometry of that time, including pulsed
(two-exposure) holographic interferometry, is found
in Vest [27.12]. For the first time diffusely scatter-
ing objects and transparent objects could be subjected
to interferometric analysis. Holograms were, however,
mostly recorded on photographic plates or film. The re-
construction of the recorded field was done optically and
to evaluate data often a new set of photographs had to be
made. All together, this was a quite time-consuming and
complicated task and this fact stopped or hindered many
attempts for industrial use of the technique. Holographic
interferometry methods were also applied in acoustics
quite early on [27.13], in what was called acoustical
holography (see also Chap. 26).

27.1.3 Speckle Metrology:
Speckle Interferometry
and Speckle Photography

Speckle Interferometry and Shearography
The use of video systems to record holograms and
speckle patterns was proposed by several groups in
the early 1970s [27.14—-17]. Several different names
for such systems were proposed, among them, elec-
tronic speckle-pattern interferometry (ESPI). But these
new holographic techniques also had quite limited com-
mercial success. One drawback was the rather poor
quality of the interferograms (poor resolution, noisy
images); furthermore quantitative evaluation of defor-
mation and vibration fields was still difficult to obtain.
Any diffuse object that is illuminated by coherent
laser light will normally appear very grainy (speck-
led) to an observer. These randomly distributed spots
are called speckles. They carry information about the
fine structure of the objects micro-surface and of the
optical system (the illumination and the observation
system) used. The smaller aperture of the imaging sys-
tem is set, the larger the speckles are. Speckles are of
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course also present in ordinary holographic interfer-
ometry but, as the apertures used here normally are
much larger, the effects of speckles are not too se-
vere. However, sometimes the speckles lowered the
quality of the interferograms significantly, especially
in early speckle interferometry. Vibration analysis us-
ing speckle interferometry was, however, developed
quite far by a group in Trondheim [27.18-21]. With
the improved capabilities during the 1980s of comput-
ers, sophisticated high-resolution charge-coupled device
(CCD) cameras, fiber optics and ingenious piezoelec-
tric devices, quantitative fringe interpretation became
feasible. ESPI became digital and was renamed digi-
tal speckle-pattern interferometry (DSPI). Other names
are electro-optic holography (EOH) and television (TV)
holography. These methods are all electronic and they
capture images at TV rate (25 pictures/s). Interfero-
grams are also updated at such a rate that, for the
human eye, they seem to be displayed in real time
even if they are really time-average interferograms
displayed at high rate, all in one system. Such sys-
tems work well both for sinusoidal vibrations and
two-step motions. The quality of the interferograms
was improved with the introduction of phase step-
ping [27.22-25] and speckle averaging methods [27.18,
19], which largely eliminated the noisy, speckled back-
ground.

Pulsed TV holography [27.12,26-28] has a pulsed
laser as a light source instead of continuous laser as in
the ordinary TV holography system. It was used mainly
for the study of transient and dynamic events both for
solids and transparent objects.

Shearography or speckle shearing interferome-
try [27.29-31] is another branch of speckle metrology
that can directly measure derivatives of surface displace-
ments (without numerical differentiation of deformation
fields) of surfaces undergoing a deformation. It is, for
instance, used for nondestructive testing (NDT) of parts
for the airplane industry and for tire testing. It is a much
more robust technique than DSPI or TV holography. The
laser-illuminated object is imaged twice, usually before
and after some load or deformation is introduced, in
such a way that two nearby object points in the image
plane will overlap and interfere. This shearing effect
can, for instance, be accomplished by letting the camera
look at the object through a Michelson interferometer
setup with the two mirrors slightly tilted with respect to
each other, thus forming two overlapping sheared im-
ages. A more traditional method is to cover one half of
the imaging aperture (the camera lens) with a thin prism
so that two sheared images will overlap each other in

the image plane. Since both these sheared fields have
traveled almost along the same path from the object to
the image plane, they will both be submitted to about
equal disturbances caused by the surroundings. In the
sheared interferogram, these two fields are subtracted
and therefore such equal disturbances will disappear
and not affect the final interferogram. If, however, lo-
cal disturbances exist, for instance an opening crack
causing large in-plane, local deformations, such events
will show up in the interferogram. The setup is thus
quite robust and can be used in the workshop. An-
other advantage is that the measuring sensitivity can
easily be changed by changing the amount of shear (tilt
of mirrors in the Michelson setup) that is introduced.
Even very large deformations or vibration amplitudes
can be measured but since the instrument measures
slope change (surface derivatives) the measured result
has to be integrated to give deformation or vibration
amplitudes. In [27.31-33] shearography is compared
to TV holography and applied to measure vibration
fields.

Several different kinds of speckle interferometry sys-
tems manufactured in Germany, US, Norway etc. are
available on the market.

Laser Doppler Anemometry (LDA)
Velocimetry and Vibrometry (LDV)
Parallel to full-field methods, point-measuring, inter-
ferometric methods were developed quite early. Laser
Doppler anemometry (LDA, also named LDV where V
stands for velocimetry) is a technique that measures flow
velocities in seeded fluids such as air or water. It can also
be used to measure the in-plane motion of solid surfaces.
It was proposed as early as 1964 [27.34,35]. A single
laser beam is split into two beams. The beams are fo-
cused at an angle to each other into a common small
volume in the flow, where they interfere so an interfer-
ence pattern is formed in this small volume. Particles
moving through this striped interference pattern scatter
light with varying intensities when moving through it.
The frequency of this intensity variation is measured.
The distance between the interference stripes is given
by the angle between the interfering beams and the laser
wavelength. A measure of the velocity component of
the flow at a right angle to the striped pattern is there-
fore obtained. With several crossing beams at different
wavelengths in one point, it is possible to obtain sev-
eral velocity components. Another explanation of the
same phenomenon states that laser-illuminated, mov-
ing particles will scatter light with a shifted frequency,
a Doppler shift, relative to particles that have zero veloc-
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ity. The frequency of this intensity variation is detected
despite the very large difference in frequency between
this Doppler signal and the frequency of undisturbed
light by combining interferometry with heterodyne de-
tection. It can be shown that this frequency shift is
proportional to the flow-velocity component at a right
angle to the interference pattern.

Laser Doppler vibrometry or just vibrometry [27.36]
is a related interferometric point-measuring method that
also uses a heterodyne technique. It is used to mea-
sure vibration amplitudes, or rather vibration velocities
of vibrating surfaces instead of flow velocities. Here it
is the Doppler shift that laser light experiences when
it is reflected from a moving surface that is detected.
It gives a measure of the out-of-plane velocity com-
ponent of the moving object point if it is illuminated
also at a right angle. Both LDA and vibrometry sys-
tems can be equipped with scanning facilities that allow
whole-field measurements. To preserve relative phase
information in the signals when moving from one meas-
uring point to the next, some kind of reference signal
from a microphone, accelerometer or other transducer
is necessary. Hardware and software of point-measuring
techniques are sold by several manufacturers and the
equipment is today quite user-friendly but also rather
expensive.

Digital Speckle Photography (DSP)

Speckle Correlation, Particle Image

Velocimetry (PIV)
Another branch of speckle metrology [27.37-40] in add-
ition to speckle interferometry, is speckle photography
or speckle correlation methods. Speckle photography
measures the bulk motion of the speckle pattern, the
random noisy pattern that is present. This random pat-
tern is either created artificially (i.e. sprayed dots of
paint), present naturally (i.e. as fibers in a wood sample)
or caused by laser-light illumination of diffuse objects.
In speckle interferometry it is the phase coded in in-
tensity of the speckles (assumed more or less stationary
in space) and in speckle photography it is the position
of the speckles that is detected. Speckle photography is
based upon the fact that, if the laser-illuminated ob-
ject is moved or deformed, then the speckles in the
image plane will also move. So speckle photography
in its simplest form gives a measure of the in-plane mo-
tion of the object surface. In particle image velocimetry
(PIV) a sheet of light illuminates a flow seeded with suit-
able scattering particles [27.41]. These particles follow
the flow. They are imaged twice with a CCD camera
at a known time interval. The distance the particles

have moved is determined with a correlation technique.
In this way a measure of the flow velocity field is
obtained [27.42].

27.1.4 Moiré Techniques

The Moiré effect, sometimes also named mechanical
interference, shows up in many practical viewing situa-
tions. It is called mechanical interference since it is not
optical interference between light fields that is studied;
instead two or more striped, meshed, physical intensity
patterns are overlaid and imaged most often in white
light illumination. Folded fine-meshed curtains, suits of
people appearing on TV, netting along roads etc. some-
times become modulated by a coarse pattern overlapping
the finer mesh itself; in many cases this finer mesh is
not resolved at all only the coarse, so-called Moiré pat-
terns remain. Moiré as a measuring technique is quite
old [27.43,44]. It is related to the more modern speckle
photography technique with the great difference that, in-
stead of a random pattern, a regular pattern, a grating or
a mesh, is used. If two identical gratings are overlapped
and imaged a regular pattern of so called Moiré fringes
will show up. If one of the gratings is glued onto an
object and this object is deformed a modulation of the
Moiré fringes will appear when this grating is compared
to the stationary grating. This exemplifies an in-plane
measuring technique using the Moiré effect. Combined
with high-speed photography this technique has been
used for the study of very fast events in engineering
mechanics [27.45].

Techniques to measure out-of-plane deformations,
vibrations, shape (contouring) are also in use as well
as shadow Moiré, projected fringe techniques etc. These
techniques are also named triangulation techniques since
they rely on the fact that, if a regular striped pattern is
projected onto a curved object surface, initially straight
fringes will appear curved. A viewer will record differ-
ent curved fringe patterns from different positions in the
room. Knowing the geometrical parameters it is then
possible to determine, e.g., the shape of a body illu-
minated by the projected fringes. One great advantage
of Moiré methods is that the sensitivity can be cho-
sen at will by proper selection of the line separation
of the grating lines. This distance can be compared to
the wavelength in optical interferometry. Quite small
up to very large deformation fields can therefore be
studied. A good overview of Moiré techniques can be
found in [27.46], a book in which many other differ-
ent phenomena and methods in optical metrology are
described.
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27.1.5 Some Pros and Cons
of Optical Metrology

In the following, measuring principles for holographic
interferometry, speckle metrology, vibrometry, pulsed
TV holography, Moiré methods and PIV are discussed
together with some applications. The main advantages
of these methods are:

® There are no contact probes. They are non-
disturbing.

® Most of them are whole-field, all-electronic meth-
ods. They give pictures.

® They give not only qualitative but also quantitative
measures.

® The (digital) processing is often very fast, sometimes
as if in real time.

® Pulsed lasers give very short light pulses (exposure
times ~ 10 ns), that freezes propagating sound fields
and vibrations as if stationary.

Some disadvantages are:

® Optical equipment and lasers are, in many cases, still
quite expensive.

® Trained personnel are needed to get full use of high-
technology equipment.

® Speckle interferometry methods such as TV holog-
raphy (DSPI, ESPI) most often need auxiliary
equipment such as vibration-isolated optical tables
placed in rooms that are not too dusty or noisy. Oth-
ers, such as pulsed TV holography and vibrometry
instruments, work well in more hostile environments
without vibration isolation.

® Lasers are used and must be handled in a safe way.

27.2 Measurement Principles and Some Applications

27.2.1 Holographic Interferometry
for the Study of Vibrations

With the introduction of holographic interferometry in
1965, amplitude fields of vibrating, diffusely reflect-
ing surfaces could be mapped. Earlier only mirror-like,
polished objects were used in interferometry but now
suddenly all kinds of objects could be studied. The in-
terest in holographic methods increased dramatically.
The most often used technique for vibration studies
was time-average holographic interferometry [27.9, 10].
A hologram of the vibrating object was recorded while
the object was vibrating. The exposure time of the pho-
tographic plates was quite long, often about one second.
This time was long compared to the period time of the
object vibration so light fields from many cycles con-
tributed to the total exposure of the photographic plate.
After development this plate is called a hologram. In
the optical reconstruction of the hologram, these object
fields were reconstructed simultaneously. Now, a sinu-
soidally vibrating object spends most of its time in each
cycle at the turning points, where the velocity is mo-
mentarily zero. These parts (at a distance of twice the
amplitude of vibration) therefore contribute the most
(spend the longest time) to the total exposure and there-
fore these parts will also dominate the reconstructed
fields. A time-average field is therefore reconstructed,
and essentially light beams from the turning points in-
terfere with each other. Iso-amplitude fringes that cover

the object surface are mapped using this technique. The
intensity of the reconstructed image of a sinusoidally
vibrating surface can be described by

1(x, y) = Io(x, Y)JF(£2), (27.1)

where Ip(x, y) is the intensity of the object at rest and Jy
is the zero-order Bessel function of the first kind. The
exposure does not have to span many cycles to get the Jg
function in time-average techniques. It is also possible
to record time-average interferograms of low-frequency
vibrations.

The argument

Q2=K-L, (27.2)
where K is a sensitivity vector defined as
K=k —k, (27.3)

and L(x, y) is the vibration amplitude field. k| and k> are
the illumination and observation directions, respectively,
measured relative to the normal of the object surface.
With normal illumination and observation directions the
maximum sensitivity becomes

|K|=4m/A, (27.4)

where A is the laser wavelength used.
A deformation field or a vibration field L(x, y) is
however vectorial, that is, it has three components.
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Equation (27.2) implies that it is the projected com-
ponent of L(x,y) along the sensitivity vector K that
is measured. With normal illumination and observa-
tion directions only the out-of-plane component is
therefore measured. To obtain the in-plane compo-
nents the measurements can be performed with two or
more inclined illumination and observation directions.
Several reference beams may also be used; see for in-
stance [27.12,47,48]. With two symmetrically placed
and inclined illumination directions and with observa-
tion along the object normal, the sensitivity will be
zero for the out-of-plane component and optimal for
one in-plane component [27.49]. A device for planning
and evaluation of holographic interferometry measure-
ments is called a holo-diagram [27.50], proposed by
Abramson and in [27.23], Kreis presents computer meth-
ods to optimize holographic arrangements for different
purposes.

For a two-step (double-exposure or double-pulsed)
motion the squared zero-order Bessel function in (27.1)
is replaced by a squared-cosine function with half
the argument, that is, cosz(.Q/Z)‘ L(x, y) is now the
displacement of the object field that has taken place
between the two recordings (pulses).

Most studies of vibrating objects, however, involve
a combination of the time-average and real-time holo-
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graphic interferometry technique [27.10]. Real-time ob-
servation of the vibration field gives very useful informa-
tion to the experimentalist. A search for resonant modes
can be made in real time to find the settings of frequency,
amplitude and position of exciters etc. The vibration
pattern is then recorded by the time-average technique,
which often gives very nice interferograms that allow
a more detailed analysis of the vibration field. Vibration
modes of a violin recorded at different steps in making
the violin [27.51-53] used this combined technique.

To illustrate these combined traditional techniques,
the following experiment is sketched. The setup used is
pictured in Fig. 27.1.

The laser, optical and mechanical components and
the object are placed on a vibration isolated optical table
in an off-axes holographic setup. In the off-axes tech-
nique there is an angle at the hologram plate between
the object-observation direction and the reference-beam
direction so that the object appears against a dark back-
ground. This way an observer does not have to look
into the bright laser light from the reference beam to
see the object. Beautiful reconstructions are thus ob-
tained [27.54]. First a hologram is recorded of the object
at rest, in this case the bottom of a herring can. The
hologram is recorded on a high-resolution photographic
plate in a special holder, a liquid gate hologram plate

Fig.27.1 A combined real-time and time-average hologram interferometry setup. Abbreviations: laser (L), front surface
mirrors (M), glass wedge beam splitter (BS), beam expander lens—pinhole system (LP), shutter (S), a liquid gate hologram
plate holder and a holder for 35 mm film (H) and an object (O), for instance a herring can or a guitar clamped to a rigid,

heavy jig (J)
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Fig.27.2 (a) The test object, the bottom of a white-painted herring can, observed in its rest position in the real-time hologram
interferometer using the liquid gate hologram holder (H) in Fig.27.1, [27.55]. The object field emanating from the herring can
is transmitted through the hologram and interferes with the field reconstructed by the hologram. These fields are so similar that
no interference fringes are seen (actually it is the same broad white fringe that is covering the whole object). (b) Real-time
interferogram obtained by taking a photo through the liquid gate when the herring can is vibrating in its fundamental mode.
(c) Time-average interferogram obtained from a time-average hologram recording (using the film holder at H in Fig. 27.1) of the
same vibration pattern as in Fig. 27.2b. (Permission to reproduce the Figs. 26.2a—c is given by IOP Publishing Ltd. 21/10/04)

holder [27.55]. It is exposed to the interfering light from
the reference and object beam. The object field at rest is
reconstructed by illuminating the hologram with the for-
mer reference wave or a laser wave proportional to it, in
the same setup as before. The reconstructed stationary
object field is then observed by looking through the holo-
gram by eye or with a camera. Compare Fig. 27.2a which
shows the bottom of the elliptical herring can at rest.
Now, if the original object is also illuminated by laser
light in the same setup as before and observed through
the hologram, the observer will see two images of the
same object through the hologram, one as it is in real
time and one as it was when the hologram was recorded.
As both fields are coherent (the same laser reconstructs
and illuminates the object), they will interfere. If the two
fields are identical, no fringes will appear. To be more
correct, since a negative hologram plate [a high irra-
diation gives a high exposure of a photographic plate,
which is dark (high absorbing) and not bright] is used for
the real-time holographic reconstruction and this field is
added to the direct field observed through the hologram,
the total object field should appear dark since the two
fields are identical but out of phase (one field is negative
and the other positive). If however the hologram plate
holder or the object itself is moved slightly so that the
first white cosine fringe covers the whole object, then
the whole field will appear bright. Actually Fig.27.2a
is such a recording. The object is at rest but slightly
translated from its initial position. When the object is vi-
brating it will become covered with interference fringes
— compare Fig.27.2b. The contrast of such real-time
fringes are, however, quite low. It is also difficult, with-
out special techniques, to avoid spurious fringes caused
by rigid-body motions, emulsion shrinkage etc. of the
real-time interferogram. Therefore a time-average holo-

gram of interesting patterns is recorded; compare the
time-average interferogram of the same vibrating her-
ring can in Fig.27.2c. This time-average hologram is
recorded on 35 mm holographic film in a hologram film
holder (a camera house without lenses), at H in Fig. 27.1.
It is placed close to the real-time hologram liquid gate
on the hologram table. The time-average interferogram
contains twice as many fringes with higher contrast
than the corresponding real-time one. The distance from
peak to peak in a sinusoidal vibration is also twice as
great as the distance from the peaks to the average (the
amplitude) value. This is why the number of fringes
is doubled. This combined real-time and time-average
technique has been applied to many different structures,
such as musical instruments, turbine blades, aircraft and
car structures etc. Figure 27.3 shows an example of
a time-average recording of a vibration mode of a gui-
tar front plate identified using the real-time technique

Fig. 27.3 Time-average interferogram of a guitar top plate
vibrating at 505 Hz (Bolin guitar from 1969).
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and recorded by time-average hologram interferometry.
This picture was used as a Christmas card interferogram
and it appeared in a number of physics textbooks, see
also [27.56,57]. It may be pointed out that the quality
of interferograms as well as the spatial resolution, ob-
tained in this way was high but it was a time-consuming
task to obtain them compared to today’s methods.
Practical resolution of vibration modes by visual ob-
servation in real time is often better than 100 nm (A/10)
— compare Fig. 27.2b. Practical maximum measurement
range for time-average recordings as in Fig.27.2c is
about 4 um, otherwise the fringe density might be too
high to be resolved. The maximum possible object size
in width and depth depends very much upon the laser
used, both its output energy and its coherence length.
The coherence length of the laser determines how big
a difference in path length between the reference wave
and the object beam is allowed if recording high-quality
holograms. The difference in path length between the
reference beam, from the laser via mirrors to the holo-
gram, and the object beam, from the laser via the object
to the hologram, should therefore not exceed the co-
herence length. This is easily determined with a soft
string fastened at the laser and at the hologram. The
power of the laser and the object reflectivity determines
the width of the object and the coherence length, and
thus the depth of the object volume. Objects that ab-
sorb light might be dusted with chalk or painted white.
In difficult cases retro-reflective paint or tape might be

used. The guitar interferogram shown in Fig.27.3 was
recorded using a 20 mW HeNe laser having a wave-
length of 633 nm and a coherence length of about 25 cm,
the guitar shown in Fig.27.3 was recorded. Remember
that a holographic setup is sensitive to disturbances; an
optical vibration-isolated table is recommended. Pow-
erful lasers shorten the exposure time and lower the
requirements for vibration isolation.

Holographic interferometry has been further devel-
oped using pulsed or stroboscopic techniques, temporal
phase modulation as well as for studies of transpar-
ent objects such as flames, pressure waves in air and
water. The books by Vest [27.12], Kreis [27.23] and Har-
iharan [27.48] are recommended. In practice today, all
electronic, digital speckle interferometry methods have
more or less replaced wet-processing photographic holo-
graphic interferometry, at least for industrial use. The
fundamental ideas are, however, still the same.

27.2.2 Speckle Interferometry -
TV Holography, DSPI and ESPI
for Vibration Analysis
and for Studies of Acoustic Waves

Speckles [27.32-35,46,47] are the granular, speckled
appearance that a laser-illuminated diffusely reflecting
object gets, when imaged by an optical system such as
the eye or a camera. The speckles can be viewed as a fin-
gerprint that is as a unique, random pattern generated by

& Optical fibre
Illumination
SAM Object
Video lens
e Z
Object beam
CCD
X
Reference beam
Laser

Fig. 27.4 The optical unit of TV holography (electro-optic holography, DSPI). Abbreviations: beam splitter (BS), speckle
average mechanism (SAM), mirrors on piezoelectric devices used for phase stepping (PS) and sinusoidal phase modulation
(PM), relay lenses (R). The distance between the optical head to the left and the object to the right can vary considerably

depending of object size, magnification etc.
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the fine structure of the object surface. One technically
important property of the speckles is that the speckles
seem to move as if glued to the object surface when
the object is moved or deformed. A change in illumina-
tion or observation directions of the object will however
also change the speckle pattern. Two different observers
both see speckles but with different distributions. The
speckles were earlier looked upon as unwanted noise
but as they also carry information; they also form the ba-
sis for techniques such as speckle photography (SP) and
speckle interferometry (SI). They both belong to a group
of methods named speckle metrology [27.32-34]. In SP
the in-plane motion of the speckles themselves is meas-
ured, and in SI the change in intensity of the speckles
(i.e. the phase change of interfering beams) are used.
Hologram interferometry is also based on recording the
information of the same speckles.

The optical arrangement of a speckle interferometer
setup called TV holography or electro-optic holog-
raphy [27.25] (also named DSPI or ESPI) is shown
in Fig.27.4. A special computer board is developed
that allows real-time presentations of phase-stepped
interferograms.

Laser light is divided by a beam splitter (BS) into
an object illumination part and a reference wave part.
The object space, situated to the right, is illuminated
and imaged almost along the z-axis of the object. The
measuring sensitivity of this configuration therefore also
becomes highest along the same direction and con-
sequently zero along the x—y-axes. The object light
amplitude field, Eopj, is imaged by a video lens and
some transferring optics onto the photosensitive surface
of the CCD chip, where the smooth reference beam, Eer,
also emanating from the end of an optical reference fiber
is added. Each pixel of the CCD camera pictures a small
area in the object space, i.e. this can be described as
an in-line, image-plane holographic setup. Via a special
personal computer (PC) image-processor board, results
are presented at the rate allowed by the digital camera
(25 or 30 Hz) on a monitor, which is a highly valuable
feature in many experimental situations. In the setup
there are mirrors mounted on piezoelectric crystals, al-
lowing phase modulation (PM) and phase stepping (PS).
These options are used to determine the relative phase
of vibration fields and to extract quantitative data from
the interferograms.

The optical detectors are so-called quadratic detec-
tors. They measure intensity or irradiance which in turn
is proportional to the square of the sum of the two
interfering electromagnetic amplitude fields. The instan-
taneous intensity /(x, y) at a pixel of the CCD detector

can therefore be written:

1(x, y) = |(Eobj + Exen)|* = Io + s cos(AD)
(27.5)

where [ is the background intensity and /4 the modulat-
ing intensity. The desired information however, is found
in A, the relative optical phase difference between the
(constant) reference and the object field in each pixel.
A difficulty exists since there are three unknowns in
(27.5); AD, Iy and I but only one equation. This can
be solved by Fourier-filtering methods or phase-stepping
(shifting) techniques [27.22-24]. In the phase-stepping
technique, PS in Fig. 27.3 is used to shift the phase with,
for instance, 77 /2 in steps between consecutive recorded
frames to obtain four equations. With four equations and
three unknowns, A® can be calculated with good accu-
racy. In double-exposure and pulsed TV holography two
series of recordings are made, one before and one after
some deformation or change is introduced to the object.
The corresponding phase changes A®(x, y) for each of
the two states are determined as above and then sub-
tracted. Since the same reference beam is used in the
recording of both states, ideally only the difference in
object phase will remain after subtraction. The change
in object phase, 2 = A®| — AD,, between the two ob-
jects fields are thus obtained. This quantity, £2 in turn is
defined as the change (A) of the product of refractive in-
dex n, the geometrical path length / and the laser wave
number k. That is, the measured change in optical phase
between two object states can be written as:

2 = A(knl) =k(nAl+1An) . (27.6)

The wave number, k = 27 /X, is (most often) a constant
since A, the laser wavelength, is the same in all record-
ings. Equation (27.6) illustrates two main application
areas: one where the optical phase change is proportional
to the change in path length (i. e. vibration amplitudes,
deformation fields etc.) and one where it is proportional
to the change in refractive index (caused by, for instance,
wave propagation in fluids, flames etc.).

The TV holography system, shown in Fig.27.4, il-
Iuminating and observing the object along its normal, is
highly sensitive to out-of-plane vibrations or object mo-
tions and insensitive to in-plane motions. A frequency
doubled, continuous-wave Nd:YAG laser with a wave-
length of 532 nm, is often used. Such lasers often have
a higher output power and a longer coherence length
than most comparable He-Ne lasers, say S0 mW and
a few meters in coherence length. The object size can
now vary from a few mm up to meter-sized objects both

Amazon EX1014 Page 1108

1109

C°LT|H¥ed



mo

C°LT|HMed

Part H

Engineering Acoustics

Fig. 27.5 Interferograms of four modes of vibration of the
bottom of the same herring can as in Fig. 27.2, now recorded
using TV holography. Both real-time observation to find the
settings and time-average recordings are made at once

in width and depth. With visual observation of the moni-
tor in real time, the resolution of the vibration amplitude
is often better than 100 nm and, if the phase-stepping
technique is used, the resolution limit is of the order
of 20nm, compare Fig.27.5. The practical maximum
amplitude range for vibration modes is about 2.5 pum.
To be able to unwrap (numerically evaluate) fringe pat-
terns automatically without problems, fringe densities
should be kept low; not less than 15-20 pixels/fringe
is recommendable. For example, a CCD camera may
have 512 x 512 pixels or more. If the imaged object cov-
ers all 512 pixels this would allow about 25 fringes or
more over the whole object field to be analyzed auto-
matically. So it is preferable that as much as possible
of the CCD chip is used to image the object. This is fa-
vorable both for the unwrapping and also for the spatial
resolution of the imaged object. It is also a great advan-
tage if a vibration-isolated optical table is used for the
experiments.

The TV holography system, like many other com-
mercial systems can also be arranged for maximum sen-
sitivity for motion in the plane or in some other direction.
Dual-beam, symmetric illumination directions about the
object normal and normal object observation direction
are used to achieve maximum in-plane motion sensitivity
and no sensitivity to out-of-plane motions [27.47—49].
Practical resolution (adjusted for noise) is now about
30nm with phase-stepped interferograms. The maxi-
mum measurement range for the vibration mode is about
2.5 pum. The object size in this case is often limited by
the size of the illuminating lenses if equal sensitivity
(with collimated light) over the whole object area is im-
portant. So, object diameters smaller than 5-10 cm are

often the case, but much larger objects can be studied if
varying sensitivity over the object field is allowed. Other
2-D and 3-D arrangements that measure two or three
vibration components are also commercially available.

Interferograms of Vibration Modes

Using TV Holography
In normal use the TV holography setup is used for si-
nusoidally vibrating, diffusely reflecting objects, such
as the bottom of the elliptical herring can in Fig.27.5.
This is the same can that was used in Fig. 27.2, 35 years
earlier. Since then the ravage of time has changed the
can somewhat. It has been dropped from the shelf etc.
and despite its rigid construction the mechanical shape
and behavior has changed somewhat during the years.
It is not as symmetrical as before. This experiment is
also an example of nondestructive testing of compo-
nents, which is a large application area of TV holography
where vibration analysis is used.

In Fig. 27.5 the setup is arranged so that the change
in index of refraction can be neglected; only the first
part, £2 = knAl, of (27.6) remains. In this way we get
a measure of the change in geometrical path length,
Al. A complication with sinusoidally vibrating objects
such as the herring can is that the modulation of the
interference fringes is, as in time-average holographic
interferometry, not cosinusoidal as with two-step mo-
tions (i. e. double exposure, double-pulsed holographic
and pulsed speckle interferometry) but instead modu-
lated by a zero-order Bessel function squared Jg(.Q),
(27.1). As before, this has to do with the integrated ex-
posure during several cycles that the detector gets when
the period time of the sinusoidally vibrating object is
much shorter than the exposure time of the detector
(about 1/25s at a video rate of 25 frames per second).
It is, however, also possible to record time-average in-
terferograms of low-frequency vibrations. It is only at
the start that the fringe function is somewhat dependent
on which part of the vibration the integration spans —
after 2-3 periods the difference between the recorded
fringe function and the theoretical is negligible. The
white closed line (fringe) along the rim of the can, in
some higher modes connected to vertical white fringes,
indicates zero amplitude, i.e. a nodal line. The bright
and the dark closed loop fringes connect points with
equal vibration amplitude, increasing towards the cen-
ter towards a hill or a valley. Measurements such as this
are quite simple to perform since the equipment works
well in real time. Quantitative values of the vibration
amplitude and phase in each pixel is also possible using
the modulation options in the setup. This is exempli-
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27.2 Measurement Principles and Some Applications
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Fig.27.6 TV holography interferogram of a baritone guitar
showing a top-plate mode at 262 Hz [27.58]

fied in Figs. 27.6 and 27.7 [27.58]. Figure 27.6 shows
an ordinary TV holography recording of a mode shape
of a baritone guitar mode at 262 Hz. Since this is a nor-
mal vibration mode of the front plate, the phase on each
side of the vertical nodal line at the bridge should be in
anti-phase.

It must, however, be stressed that, in many practical
vibration situations, normal modes are often replaced by
combinations or superpositions of a number of different
modes. A loudspeaker, for instance, often only shows
uniform, normal-mode behavior at the lowest modes.
At higher frequencies the phase may vary quite a lot
over the field of view; not only object areas vibrating in
anti-phase are present but there is a continuous change
of phase over the loudspeaker membrane. A simple test
to see if mode combinations are present is to observe
if nodal lines are stationary when the driving amplitude
is increased from zero upwards or when the frequency
is varied slightly about an amplitude resonance peak. If
the nodal lines start to move sideways or twist, or so that
nodal points or other peculiar phenomena occur, then
mode combinations can be the source. If the experimen-
talist is not sure that it is a real normal mode that he
has detected, i.e. one that does not have neighboring vi-
brating areas vibrating in anti-phase, he often calls it an
operation deflection shape (ODS). So, there is a need for
the experimentalist to measure not only the amplitude
distribution but also the phase variation over the field of
view to be sure. One technique is to set the mirror (PM
in Fig.27.4) in vibration at the same frequency and in
phase with one of the vibrating areas of the object. If the
amplitude of the mirror is then increased from zero, the

Fig.27.7 A phase map of the same guitar mode as in
Fig.27.6 measured by phase-modulated TV holography.
The units for the phase values at the z-axis are radi-
ans [27.58]

white nodal line will start to move to new object points
where the difference between the object amplitude and
the mirror amplitude is zero. If, as in Fig. 27.6, a normal
mode is studied, one vibrating area gets smaller (that is,
there are fewer fringes in the area which is in phase with
the mirror) and one area gets larger as the nodal line
moves. Another technique is to use a small frequency
difference, a beat, between the object frequency and the
mirror frequency. By visual inspection, moving nodal
lines are seen. A review of a number of different mea-
surement techniques of mechanical vibrations is given
by Vest in [27.12], by Kreis in [27.47] and by Stetson
in [27.59].

The vibration phase can also be determined quan-
titatively using phase modulated TV holography (again
using PM in Fig.27.4). The phase difference between
the upper and lower bouts, as shown in Fig. 27.7, was
measured as w with such a method. Phase modulated
TV holography is a technique used to measure phase
and amplitude of small vibrations [27.21]. The method
uses Bessel-slope evaluation of small amplitudes. Here
the vibrating mirror and the object itself are given such
small amplitudes such that the total maximum amplitude
is kept within the linear part of the Jg fringe func-
tion at low arguments. The vibrating reference wave
is given such amplitude that it forms a working point,
where the slope of the fringe function is the largest and
around which the object amplitude may vary. By chang-
ing the phase in steps of the reference wave relative to
the object wave a number of recordings are made with
a known phase difference. From this the phase and am-
plitude distribution can be estimated. A review of such
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recent developments in speckle interferometry is given
by Lokberg as one chapter in [27.37]. Visual use of the
phase-modulated techniques works in near real time,
but calculations based on phase-modulation take a short
time.

Visualization of Aerial Waves

Using TV Holography
To get a measure of the sound field, the geometrical path
length [ in (27.6), is kept constant so that the first part
knAl, equals zero. Then only the klAn part remains.
Since an increased air density or air pressure gives an
increase to the refractive index An the way to see the
sound is simply to let the index of refraction vary along
the probing length /in a measuring volume. This distance
[ has to be kept constant to be able to quantify the results.
Figure 27.8 illustrates the measuring principle.

Inside the box a standing aerial wave is generated by
a loudspeaker. The incident plane light wave is modu-
lated by the aerial pressure and density field in the box.
A curved wavefront is generated to the right of the box.
This phase change may also be measured by the TV
holography system in Fig. 27.4.

Projections of the box are shown in Figs. 27.9 and
27.10. Laser light travels through the measuring volume,
in the simplest case a rather flat, two-dimensional (2-D),
transparent box. The light field is phase modulated by
a standing aerial wave inside the box. To increase the
modulation the field is reflected back again by arigid dif-

ng

I

n(t, y)

d 1

|y

YL

X
Fig.27.8 A plane laser wave is traveling through a trans-
parent box with dimensions 10cm x 30cm x 50 cm; the

geometrical path length L is 10 cm [27.60]. (Reprint from
S. Hirzel Verlag, Stuttgart 2004)
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Fig.27.9a-c Air mode (2,0, 0) in the rectangular trans-
parent box in Fig.27.8 [27.60]. (a) view along the shortest
side (1 dm); (b) View along the next shortest side (3 dm);
(c) phase along the x-axis in (a) measured by phase-
modulated TV holography. (Reprint by S. Hirzel Verlag,
Stuttgart)

fuse wall (not seen in Fig. 27.8) to pass through the box
twice and then pass on into the interferometer (Fig. 27.4)
as the object beam. The instantaneous phase shift com-
pared to the undisturbed air (no standing wave) with
index of refraction ng can then be written as

4
Q(t’ y)= T / [n(l7x7 y)_i’lo]dx
L

= 2k[n(t, y) —nolL . (27.7)

Since L can be measured, the integrated product of L
and An =n —ngin (27.3)is known. The refractive index
n is related to the air density p by the Gladstone—Dale
equation, n — 1 = K p, where K is the Gladstone—Dale
constant [27.12]. If, for instance, adiabatic conditions are
assumed (p/po) = (p/po)”, then the relations between
air density p and pressure p are also known. By combin-
ing these equations, a quantitative measure of the sound
pressure p(x, y, t) at all points in the projected field of
view can be obtained. Observe that it is the integrated
field that is measured; thus when we have a 2-D distribu-
tion of the sound field like the one in Fig. 27.8, it can be
assumed that the integral in (27.3) is reduced to the sim-
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