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ABSTRACT

After a brief literature review, a cross spectral technique
using two microphones is described for measuring the sound power of
a development computer even when the ambient noise is relatively high.
Principal sound radiation regions are identified and recommendations
are made for "quietening" the computer. These include acoustical
treatment of the back panel, streamlining the airflow within the
computer, and acoustical improvement of the EMT+sea1. Then an alter-
native but pragmatic approach is detailed which substitutes an acceler-
ometer for the microphones. It is based on idealizing the computer
as a sphere pulsating in an infinite baffle. This approach has been
used advantageously to highlight the correlation between the sound
and vibration of the computer. Finally, the mapping of structureborne
vibration paths on the computer's cabinet is described. Once again,
fundamental design flaws are identified and improvements are suggested.
These recommendations include modifying the air flow within the computer,
better isolation between the fan and the cabinet and Tocal stiffening

of the relatively flexible rear panel.

+Electromagnetic interference
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CHAPTER I.

Identification of the sources of noise and their reduction
is the primary objective in noise control. However, it is desirable
to have an accurate, quantitative measure of the sound intensity or
power of a source before embarking on a noise reduction program.
Sound power is generally emphasised because it provides a datum that
does not change with ambient conditions [1]. Prior to the development
of a viable method for directly measuring acoustic intensity, nearly
all studies relied on the measurement of sound pressure. Sound
pressure, however, is affected by ambient conditions so that it is
necessary then to use special acoustical environments, such as that
found in an anechoic chamber, to straightforwardly interpret the
results [2].

Classical methods of sound power determination, 1ike free,
reverberant and semi-reverberant field testing, and duct testing,
require special acoustical facilities [2,3,4]. These facilities
essentially simulate free field or diffuse field conditions. 1In a
reverberation chamber, for example, the boundaries are acoustically
"hard" so that the sound field approaches a diffuse condition where
the sound energy is statistically uniform throughout the room. In
an anechoic chamber, on the other hand, the treatment at the room's

boundaries effectively absorbs the incident sound, thereby producing



an echo free or free field condition. Under echo free conditions,

the methodology for determining the sound power of a source is described
in ISO standards 3740 to 3746 inclusive and in ANSI S1. 31-1980 and

ANSI S1. 32-1980 [5,6]. According to the method described in these
standards, the sound source is placed on a reflecting plane in an
anechoic chamber at the geometric centre of an imaginary hemisphere [6].
The sound power is determined from sound pressure measurements taken

on the hemispherical control surface. The radius of the control sur-
face is made sufficiently large to ensure that the sound waves are
radiating freely and progressively outward from the surface. Typically,
the hemisphere's radius is at least twice the major dimension of the
sound source [1] so that the surface is in the acoustical far field of
the source. The sound pressure produced by the source is measured

by using a microphone, gehera]ly at 10 to 24 standard locations on the
hemisphere as shown in Figure 1.1. The number of microphone locations
depends upon the accuracy required, the directivity of the source and
the symmetry of the radiation pattern. Usually ten is the number
selected because it reasonably compromises betweén the two opposing
requirements of accuracy and a short experimental procedure. The micro-
phone 1ocations-arg usually distributed such that each Tocation is
associated with the same proportion of the total surface area of the
hemisphere. The sound power level is approximated by the procedure
described in Appendix 1. For progressively outgoing waves under free
field conditions, the mean square acoustical pressure, p2, is related

directly to the sound intensity, I, by [7]



Elevations of Horizontal distance from Height of
microphone centre line of array to corresponding
positions microphone positions areas of hemisphere
T 6e6R | 089R =
T =1
3 10
' 79 tn'::_
? o

o« [

- o o
V. el
cx | o

w0
11 [ ] 2es I8
o 1- 20 3
iRkan S
[
n
o
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I = p2/p¢ . {1.1}

Here p is the medium's density and ¢ s the speed of sound in the
medium. |

A major Timitation of determining sound power from sound pressure
measurements is that meaningful results can be obtained only in the
far field of the sound source. Close to the source, the air's particle
velocity is not necessarily in the direction of. propagationof the sound
wave so that an appreciable tangential velocity may exist [3]. Con-
sequently, part of the acoustical energy radiated by the source may be
undetected due to the directional characteristics of all microphones.
It is this undetected velocity component which often causes an ap-
preciable extraneous variation in sound pressure level at various
distances from the source even under free field conditions [3]. There-
fore, measurements must be in the far field where the particle velocity
is primarily in the direction of propagation of the sound wave and the
magnitude of the acoustic intensity is proportional to the square of
the sound pressure [3]. Thus, special acoustical facilities have to
be quite large with sound sources of considerable size, (e.g. 7m.X7m.X4m.
to accommodate a truck) and, consequently, such facilities are quite |
expensive. [4]

Prior to the development of the acoustic intensity technique,
no straightforward method existed for determining the individual sources
of sound. It was necessary, therefore, to use a cumbersome and time
consuming technique Tike Tead cladding. Cladding has been employed

extensively, for example,in the automotive industry. The procedure in-



volves wrapping a lead sheet, lined with fibre glass or other absorbing
material, around individual components and measuring the reduction in
the overall sound pressure level (and, hence, the sound powér level)
due to selective wrapping. The reduction in the overall sound power
Tevel corresponds to the contribution of that particular wrapped com-
ponent to the overall sound power level. There are, however, several
drawbacks. First, an -anechoic chamber is required to prevent reflected
sound waves from interfering with the measurements. Second, this
method fails at frequencies below about 300 Hz. because the lead then
becomes "transparent® to the noise. This deficiency defeats the pur-
pose of wrapping (i.e. to eliminate the effect of individual sources
while measuring the reduction in the overall sound power level). Third,
the Tead sheet is situated close to the noise source so that there is a’
possibility of amplifying the sound due to the tight fitting enclosure
at (Tow) frequencies where wavelengths are greater than the structural
dimensions. Under such circumstances, it is extremely difficult to
distinguish the noise generated by a particular component from that
produced by other components. Finally, extreme caution has to be ‘
exercised during the wrapping procedure to prévent the lead from inter-
fering physically with the vibration of the noise source. It is as-
sumed generally that the sound field generated by the covered compon-
ents does not interfere with the sound generated by the othér components
which, in turn, implies that these fields are uncorrelated.

Directional microphones have been used as an alternative to
lead wrapping for identifying individual noise sources [3]. Although

they provide good front to back discrimination, their major lobe is



generally too broad at intermediate frequencies around 500 Hz. Hence,
purpose built microphone arrays such as an "acoustic telescope” or
"acoustic mirror" are employed to provide suitable directivity charact-
eristics [3]. An acoustic mirror is a simpTe method of creating a
reflecting acoustic telescope. The major limitation is the size of

the mirror; it should be 50% to 75% of the measurement distance for
good resolution or typically 8m. for the location of sound sources of
an aero engine [3]. In an acoustic telescope a smaller array of micro-
phones can provide an exceptionally directional detector. The entire
array may be swung in any direction for good source discrimination.

The disadvantage of this technique is that directional microphones are
prohibitively expensive. Furthermore, many instrumentation channels
are required and the array's optimum dimensions are a function of
frequency so that they have to be varied as the analysis proceeds.

The first attempt to directly measure acoustic intensity under
laboratory conditions was made by Olson [8] in 1932. In 1941, C]app‘
and Firestone [9] developed an intensity meter by using a ribbon
velocity microphone. The ribboﬁ microphone consisted of a strip of
~ crinkled aluminum foil, 25 um thick, which was held in terminal clamps
between two permanent magnets. Any movement of the conducting strip
caused by an impinging sound wave produced a measurable electric
potential difference between the terminals proportional to the wave's
velocity. However, such a microphone ceases to respond to a sound wave
travelling parallel to the plane of the ribbon at frequencies above

2 kHz. [10311] so that the device then behaves as a pressure microphone



[9,10]. Furthermore, ribbon microphones may have voltages induced in
them by stray magnetic fields because of their electomagnetic nature.
In addition, they are heavy but can be damaged by moderate winds.
These Timitations restrict the use of ribbon microphones except under
strict laboratory conditions [11].

The measurement of particle velocity is also possible by using
Rayleigh's disc [3]. The disc is usually about 20 um thick and it is
suspended vertically by a fine glass wire. The normal to this disc
makes a chosen angle, 6, to the direction of the sound stream which is
proportional to the speed of the stream. This apparatus is unsuitable
for noise source delineation due to the important assumptions inherent
to the theory. First, there should be no surface close to the disc.
Second, the disc's diameter, d, should be small in comparison to the
wavelength of sound i.e. d/x < 0.31 [11]. This requirement places a
physical limitation on the measurement of high frequency sound (e.g. for
a disc diameter of 1.6 cm. the upper frequency limit is about 1800 Hz.).
Furthermore, it is assumed that the fluid medium is incompressible and
that the viscous forces and discontinuities of flow at the edge of the
disc are negligible. As with other earlier devices, including Baker's
directional hot wire anemometer or velocity transducer [12], the
instrument is fragile, extremely sensitive to drafts and impractical
for routine measurements outside of a Taboratory.

With the advent of relatively inexpensive dual channel spectrum
analyzers, direct intensity measurements may be made by using the cross

power spectrum of two closely spaced microphone signals [13,14,15].



Subsequent integration of the component of intensity normal to a
hypothetjca] control surface surrounding the source provides the

total sound power. The significant advantage of this technique is
that the acoustical power radiated by a source may be estimated

both close and far from the sound source even in the presence of
interfering sound fields [13]. Furthermore, the cross spectral
technique provides a vectorial or visual definition of the acoustic
intensity by indicating the energy flow patterns in the vicinity of
sound sources, reflecting surfaces and absorbers. This additional
information provides a valuable diagnostic aid in situations where
knowledge of the propagation and dispersion of the sound is required.
Although the requirements for the microphones and amplifiers are
stringent vis-a-vis amplitude, phase matching and wide frequency re-
sponse, it is possible to measure the acoustic energy over a continu-
ous range of frequencies without a cumbersome and expenéive anechoic
chamber [2,13,15]. Consequently, the technique will be used to deter-
mine the total sound power of a development computer, with and without
contaminating acoustic fields, and to identify its principal acoustical

radiation regions.



CHAPTER TII
ACOUSTIC INTENSITY TECHNIQUE

The theoretical basis of the acoustic intensity technique
will be explained here. In addition, the assumptions inherent to the
theory, major difficulties connected with these assumptions and tech-
niques commonly used to overcome them will be discussed. Before em-
barking on major airborne testing.of the development computer, prelim-
inary experiments were performed by using a standing wave tube and an
ILG reference sound source. The objective of these tests was twofold.
First, it was necessary to verify and check microcomputer software
written to manipulate data from a real time analyser. For this purpose,
the standard standing wave tube [13] was adequate because it provided
a meané of generating plane waves with 1ittle or no interference
from external sound sources. The plane waves were generated at one end
of the tube by using a speaker driven by a random noise generator. An
anechoic terminator was installed at the other end to minimise the re-
flection of sound waves from this boundary. Second, most machinery is
associated with airflow so that it was necessary to determine the
performance of the acoustic intensity technique under non-ideal conditions
(e.g. in a semi-reverberant sound field with significant airflow). The
results of the two sets of experiments will be reported here. The
final part of the chapter deals with tests undertaken on the dgvé]opment
computer to assess the viability of the acoustic intensity technique as

a quality control method or diagnostic tool.
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2.1 THEORY

> .
The normal intensity vector, I, s the net rate of flow of

acoustic energy per unit area normal to a given surface [13,14].
Consequently, the total acoustic power, W, passing through a surface

with area. S, is,

W = f I dS, {2.1}
g/ n

-5
where In is the magnitude of the normal intensity vector In. The

magnitude of intensity, In’ may be defined mathematically as

[2,13,14,15],
T/2
I = Tim 1/T f pu, dt {2.2}
n Too0 r
-1/2

where p 1is the root mean square.sound pressure, T 1is ostensibly the

sampling period and U, is the particle velocity with magnitude Uy, at a

r
point within a region of an isotropic and Newtonian medium with neglig-
ible mean flow, viscosity and field forces [13,14,15]. As noted in
Chapter I, earliest attempts to directly measure the medium's particle
velocity were largely unsuccessful. However, by using a finite difference
approximation, the particle velocity, Er; may be determined by the sound
pressures sensed by two closely spaced microphones. These microphones
will be desfgnated, for convenience, by subscripts 1 and 2. Two typical
configurations are shown in Figure 2.1. In either case the magnitude

of the velocity, u_, at any instant, t, may be expressed as [13,14,15,

r
16,17,18,19,20]
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t.
o = (1/ar0) | (bt 2.3}
0
and,
p = (p] + p2)/2 with p(t) = 0 for t<O0, {2.4}

The Py and p2 are the pressures sensed by microphone 1 and 2, respec-
tively, Zr is the directional vector.between the microphones' centres,
and p is the density of the medium. By substituting equation {2.3} and
{2.4} into equation {2.2} and employing the definition of time average
[15], the intensity may be rewritten as shown in Appendix 2A in
the form [21]+

In = E {Im (F,yF 3 )} /etru {2.5}

Here, E represents the expected value, Im 1is the imaginary part, Fp
denotes the Fourier Transform of p andwis the variable circular fre-
quency. Then the magnitude of the intensity vector may be redefined as,

[2,3,13,14,15,16,21]
In = Im (G12)/(pArw) {2.6}

by transforming equation {2.2} into the frequency domain. Here,
Im(G12) is the imaginary part of the cross power spectrum between the
signals measured simultaneQusly.by micrdphone 1 and microphone 2.

The right side of equation .{2.6} may be computed by using a
commercially available Fast Fourier Transform (FFT) analyser in con-

Junction with a microcomputer. A block diagram of the measurement

+
* denotes the complex conjugate
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apparatus is shown in Figure 2.2. In order to improve the signal-
to-noise ratio, an averaged value for the cross power spectrum
is used. For the experiments described in subsequent sections, 64
averages were used to determine the cross spectrum G]zf- There ére,
however, two major limitations of such a procedure [13,14,17].
First, the spacing of the microphones, Ar, is extremely critical.
Experience [2,13,14,15,17] suggests that the error in the intensity
level is less than + 1.5 dB provided the spatial gradients of the
acoustical pressure and velocity are small in comparison to the
predominant Wavelength of sound being measured (i.e. kAr<l where k
is the wave number). The following paragraphs explain in detail the
procedures used for minimising the procedural and equipment related
measurement errors associated with the acoustic intensity technique.
The acoustic intensity, Iex,produced by a simple sound source
like a monopole is [18],

Iex = k2pc 32/32 nzrz {2.7}

where S is the monople's strength and r 1is its distance from the
measurement location. Assuming perfect instrumentatipn, the measured
intensity using the finite difference approximation, Ine s has been

evaluated as [17,187,

_ 2 2 . :
Ime = (kpc S°/32m Ar_rlrz)sln(kAr). {2.8}

+ The pressure signals are assumed to.be ergodic and stationary [16].
Furthermore, the difference between successive averages was always
within the 1imit of measurement error,



14

T

*snjeJdedde A3isusilul d5i3snode jo weubeip joo|g ¢ z*Z 24nb14

presped -139TMeH %
agely § tenag +

2 JosATeue un.ajoads. . S MMMWMHM:M
JoMdWo00IDTW - qucwmwmwdmm
39186 _ et
A A
]
A1ddns aamod
suoydoxo T
2082 odAL, I B g
Jsq301d 4 4
GGLYL d

sauoydoaoTul
SOty mm>H+M R d




15

The error, Le’ between the measured and exact sound intensities may

be defined as [17,18],

L, = 10 Log (Ime/IeX) {2.9}
or, by using equation {2.7}and {2.8},

Le = 10 Log (sin(kar) * rz/(kAr r1r2)). {2.10}

Here, r 1is the mean distance of the sound source from a point mid-
way between the microphones and ry and r, are the distances of micro-
phones 1 and 2 from the source, respectively.

Equation {2.10} indicates that the approximation error, Les is

a function of KAr as well as -%;- . By approximating

rgr] =y‘2 s {2.]]}

equation {2.10} may be modified to ,

Le = 10 Tog 1q [%%?%%éijj {2.12}
which is plotted in Figure 2.3 . It may be seen that the intensity
vector is grossly underestimated at all frequencies when
Ar/r <<1. The above analysis assumes a simple monopole sound source
which is normally representative of far but not near field measure-
ments [17,18].  Parameters 1like microphone spacing for near field
situations are usually assessed on the basis of a non-dimensional
quadrupole analysis because of the greater and more representative

modal complexity of the radiating surface. Then the following limits

0.1< kAr<1.3 , 0< Ar/r < 0.5 {2.13}
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have been proposed for errors typically within + 1.5dB [19,20,23].

In addition to the error induced by the finite difference approximat-
ion of relation {2.3}, the imaginary part of the cross power spectrum,
Im (612) in equation {2.6}, is extremely sensitive to phase mismatch
between the two microphone channels [2,13,14,21]. This problem
appears to be severe at frequencies less than about 250 Hz. where the
signal to noise ratio may also be poor [2]]. The signal to noise may
be improved by ensemble averaging. However, expensive phase-matched
instrumentation is necessary to dfrect]y overcome the phase related
problem. Researchers Tike Chung [20,21], Krishnappa [13] and others
[2,14] have described inexpensive but indirect techniques for avoid-
ing errors due to phase mismatch. An overview will be given in the
following paragraphs.

There are two techniques commonly used to overcome problems
from mismatched phase between microphone channels. The first technique
is commonly called the Switching Technique. In this procedure, the
phase-corrected cross spectrum in equation {2.6} is approximated by
the geometric mean of two cross spectra, G]2 and GTZS. Here, 612 fs
the cross spectrum determined by the original microphone configuration

and G]Zs is the cross spectrum after interchanging or "switching" the
two microphones and associated channels [14,20,21]. Consequently,

equation {2.6} may be approximated as,

In = In (6, Gy,c) %/ (otrw) . (2.14}

12s
The second method is known as the Transfer Function Method. In this
procedure, the calibration of each microphone channel is accomplished

by individually calibrating the microphone channels with a standard
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calibration source 1ike a pistonphone. Two closely positioned micro-
phones are then exposed simultaneously to the same signal by flush
mounting them in a rigid circular plate attached to the end of a

tube. Sound waves are generated at the other end of the tube by

using a loudspeaker driven by a random noise generator. It is
assumed during the calibration procedure that the microphones are
subjected to one dimensional plane waves. However, this assumption

is invalid at frequencies greater than 0.293 c/R, where ¢ 1is the
local speed of sound and R is the radius of the tube [1]. Thus,

for a typical tube with a Yradius of about 50 cm., the upper
frequency limit is 200 Hz. for plane wave propagation. At frequenc-
ies above this value, the transverse acoustical air modes in the tube
are no longer negligible because they may be reflected back to the
source with a significant amplitude buildup [1]. Another source of
error is the incorrect pressure'gradient on either side of the micro-
phone diaphragm. Ideally, the air equalization hole located at the
rear of the diaphragm should be exposed to a pressure gradient similar
to that sensed by the two microphones. However, this condition can-
not be satisfied due to the partial enclosure of the microphone in

the duct. The‘improper exposure of the air equalization hole can lead
to changes in the R.C. time constant of the internal volume behind the
microphone's diaphragm and, hence, the response of the microphone.
Providing these practical limitations are overcome, the calibrated cross

spectrum Gy, ., may be written as [2,13,14],
_ - 2 _
Gocar = G1p/ (Hyy [H{]7) {2.15}



19

where H]2|H1!2 is the calibration cross power spectrum between
the two microphone channels and Gyo s the measured cross power spectrum.
[2,13,14]

The chief advantage of the Transfer Function Method over the
Switching Technique is that 6125 need not be eva]uafed. Hence, the
measurement of the cross spectrum 612 need be done only once which results
in a significant time saving. On the other hand, it is extremely difficult
to generate an accurate H12 for a broad band analysis. As mentioned
earlier, the frequency 1imit of the plane wave assumption does not
permit a sufficiently wide'frequency band for calibration over the entire
audio spectrum of 20 Hz. to 20 kHz. Thus, it may be necessary to repeat
the calibration procedure by using tubes of different diameters to
make corrections over the desired frequency range [2,13]. Another dis-
advantage is that the cumbersome calibration apparatus is difficult to
transport.

In view of the conflicting arguments both for and against the
two procedures, a modified switching procedure may be employed which
overcomes the disadvantage of both techniques. The two microphone
channels are subjected simultaneously to a broadband signal and the cross
power spectrum is determined. The microphone channels are then switched
and,while maintaining the broadband signal, the cross power spectrum in
this switched configuration is obtained. Thus, the relative phase and
gain factors of the two microphone channels may be determined from the
square root of the ratios of the transfer functiohs between the two

microphone channels (i.e. K]2 in equation {2.17} on page 20). Thus, problems
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associated with obtaining a wide frequency response in a duct are
overcome because the two microphone channels are presumably exposed

to the same calibration signal in both configurations. This procedure
also results in a halving of measurement time because calibration

need be undertaken only once [2,13]. Mathematically, the procedure

may be represented by,

Giocal = Gyp/ (Ki2- IH]IZ) {2.16}
where,
1/2
Kip = (Hyp/Hypg) (2.17}
and H12 and H]Zs are the transfer functions measured in the original

and switched configurations, respectively.

This section has outlined the practical feasibility of the
acoustic intensity technique. The need for expensive purpose-built
equipment is eliminated by using one of the corrective procedures
described. The following sections detail tests using the acoustic
intensity technique. The Switching Technique was employed invariably
because it is particularly suitable for overcoming phase mismatch

errors below about 125 Hz. [20,21;22,23]
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2.2 RESULTS

The feasibility of the acoustical intensity technique was
tested in a practical situation by using the development computer.
The overall objective of these tests was to measure the total sound
power level of the computer in the 500 Hz., 1000 Hz., and 2000 Hz.
octave band centre frequencies. This procedure was dictated by a
Sperry test procedure [24] based on the ANSI S1.31-1980 and ANSI
S1.32-1980 standards. In addition to sound power measurements, the
principal sound radiation regions of the computer were identified
to determine a systematic basis for design changes in existing and
future models. Preliminary experiments were carried out under
non-ideal, semi-reverberant conditions by using a standing wave tube
and an ILG reference sound source. These experiments enabled the
microcomputer based software associated with the acoustic intensity
technique to be checked. The reference sound source consisted of a
motor to which a squirrel cage fan was attached. It produced
calibrated intensity levels of 81 dB in the octave bands centered
between 64 Hz. and 4 kHz. In addition, the reference sound source
introduced a significant air flow (speed about 15 mph.) greater than
that produced by the exhaust fan located at the rear of the develop-
ment computer. The following sections describe in detail the prelimin-
ary experiments, the measurement of the sound power levels, the
identification of the principal radiation regions as well as an ex-

planation of the results.

Sound pressure levels were measured by using two carefully
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calibrated Bruel & Kjaer, Type 4165, 1.25 cm. diameter microphones
connected to Bruel & Kjaer Type 2169T pre-amplifiers. The pre-
amplifiers were powered by a Type 2807 power supply and resulting
signals were processed on a Hewlett-Packard 3582A dual channel
spectrum analyser and 9816S microcomputer. Microphones were used

in both the end-to-end and side-by-side configurations to determine
the advantages and disadvantages of both configurations.

Microphones were used in the end-to-end configuration as
shown in Figure 2.71a to identify noise sources. A 50 mm. spacer be-
tween the microphones provided an adequate working frequency range
of 32 to 1250 Hz. (It was suspected that the computer's air-
flow-induced sound occurred essentially be]ow 500 Hz. Consequently,
this range easily encompassed the lower and upper frequencies of
interest.) The microphones were used in a side-by-side configuration,
on the other hand, with a spacing of 2.5 cm. to determine the total
sound power. Then the working frequency range was 220 to 2800 Hz.
according to the limits given by equatior i{2.13}. This range
allowed measurement of the computer's sound power at the 500 Hz., 1000
Hz., and 2000 Hz. octave band centre frequencies as specified by the
test procedure [24]. Furthermore, the latter unlike the end-to-end
configuration permitted the use of wind screens to protect the micro-
phones from the airflow generated by the reference sound source or
development computer. The distance from the centre of the probe.to
either of these sources was 18 cm. so that the requirements set by

equation {2.13} were satisfied.
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The acoustic intensity probe was inserted through an air-
tight slot in the standing wave tube. The tube's diameter of 10 cm.
dictated the upper frequency 1imit of 2kHz. for plane wave generation.
An adjustable sleeve sealed with plasticine ensured airtightness.

A 10 cm. thick anechoic termination was used to reduce the effect

of reflected sound waves. The spacing between the microphones was
adjusted to encompass thé desired frequency range. Great care was
taken during the installation of the probe through the slot to

ensure that the microphones measuring the normal intensity were

normal to the Tongitudinal axis of the tube. This was done visually
by using a spirit level. Furthermore, the microphones were flush
mounted with the inner surface of the tube so that they did not
disturb the sound waves. An octave band analysis was performed on

the acoustic intensity determined from the two microphones. These
values were compared with those obtained by employing the traditional
method of measuring the sound pressure levels and using equation {1.1}
to determine the acoustic intensity. The results are shown in Figure
2.4. Results at frequencies above 250 Hz. agree within 2 dB. However,
there is a discrepancy of up to 16dB below about 125 Hz. This differ-
ence occurred as a result of reflections from the tube's supposedly
anechoic termination. The termination was effective at frequencies
only above 800 Hz. [2,10]. Furthermore, the 1.2-m. length of the tube
did not permit the probe to be positioned sufficiently far from.the
terminator to minimise “"end effects". Thus, a 4m; tube of internal
diameter 7.% cm was used in conjunction with a 0.5 m. anechoic termin-

ation to extend the lower frequency Timit to about 180 Hz. with an
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upper limit of 2.6kHz. These later results are shown in Figure 2.5.
They correlate better even at the lower frequencies.

The results from the 4m. long tube confirmed the findings of
other researchers that the measurement of airborne sound intensity by
using two closely spaced microphones is relatively straightforward
[2,13,14,201] . Probiems arise with the conventional method of sound
power determination when 1) there is a substantial movement of the
medium [22]; 2) the predominant frequency of the major sound source
is Tower than about 100 Hz. [13] and 3) intensity .
measurements are made in areas of high environmental noise. Noisy
conditions are typical of most industrial environments where the
acoustical intensity technique is of greatest vé]ue. Thus, an ILG
reference sound source was emp]oyed to conveniently simulate such
conditions (i.e., to provide high levels of background noise and a
significant airflow). However, the acoustic intensity given by equat-
ion {2.6} is valid only if there is no mass movement of the medium
(i.e. no air flow) [22]. Ducting was considered to divert the air
flow away from the microphones. However, this procedure was found
impractical because it required the fan to be encompassed within the
duct SO that its sound would be attenuated by a not absolutely
determinable amount. Hence, a thin, 1ight polythene diaphragm was
used to protect the microphones from the flow but the diaphragm added
extraneous noise due to vibrations of its surface. Finally, a stand-
ard polyurethane wind screen was fixed over each microphone. The

sound attenuation due to these wind screens is less than 2 dB up to
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8kHz for wind speeds less than about 0.3M, where M is the Mach

number [26]. This range, of course, encompasses the speed of interest.
A one third octave band analysis was performed on the acousti-

cal intensity determined by the two microphone method and compared with

the manufacturer's specifications of the reference sound source. These

results are presented in Figure 2.6. There is excellent agreement at

all frequencies even as low as 63 Hz. These tests, therefore, showed

the wind screens to be extremely effective for air flows of concern.
Having tested the software, an investigation was initiated

1) to determine the sound power of -the development unit, with

and without the presence of contaminating acoustic fields; and 2)

to identify and rank its principal radiation regions. The findings

of a feasibility study regarding the use of acoustic intensity to

determine the sound power and, in addition, to identify sources of

noise will be presented next.

2.2.1 SOUND POWER DETERMINATION

The objective of these experiments was to conventionally
determine the sbund power of the development computer [24] and to
cémpare the data with that from the acoustic intenéity technique. The
total sound power of the computer was evaluated in accordance with
the procedure detailed in specified standards [24]. However, tests
were made in a large room under semi-reverberant conditions due to
the unavailability of an anechoic chamber. The test fixture support-

ing the computer was basically an H frame with four vertical columns
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and four horizontal supports from which the computer could be sus-
pended 90 cm. above a hard reflecting plane. The total sound power

of the computer was measured by using the acoustic intensity technique.
A closed imaginary measurement surface parallel to the sides of the
cabinet was chosen in the nearfield of the computer, 18 cm. from

the cabinet. The normal component of the sound intensity was measured
at a total of twenty equally distributed points on the imaginary
surface. The total sound power was then determined conventionally

by summing the sound power radiated over each section of the imaginary
surface. The sound power of the computer was evaluated next in the
presence of interfering acoustic sources. This evaluation entailed
the positioning of an ILG reference sound source 1.0 m behind the unit
with a reflecting screen 1.2 m. to the left of the computer. Such
conditions reasonably simulate a noisy, reflective environment with a
fairly substantial air flow. The corresponding sound power levels

- invariably determined by the acoustic intensity technique are presented
in Table 2.1.

The total sound power measured either in the presence or
absence of the reference sound source are in good agreement in Table
2.1. The observed differences of up to 3 dB are well within the limits
of experimental error determined in Appendix 2 under semi-reverberant [26]
conditions. A formal measurement error analysis is quantified in
Appendix 2 so that only the two major errors will be mentioned briefly
here. One primary error with the acoustic intensity technique is the

+ 1.5 dB deviation associated with the finite difference formulation
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Case Sound power at octave band centre frequency
500 Hz. 1000 Hz. 2000 Hz.
1 70.6+4.0" 60.2+3.4 58.1+3.3
2 69.6+1.8 57.4+1.8 55.0+1.8
3 68.2+1.8 63.8+1.8 63.2+1.8
Reference 72.0+1.5 72.0+1.5 72.0+1.5
el L0+1. L0+1. L0+1.
Source
(+dB. re. 10.0 E-12 W.)

Table 2.1 :

Computer's total sound power level determined 1) convent-

ionally 2) by using the acoustic intensity method, and 3)

as in 2) but in the presence of the reference sound source.

Sound power level of ILG reference sound source given for

comparison.
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of equation {2.6}. Another is the + 1.0 dB error inherent to the
averaging mode of the spectrum analyser when the invariably employed
64 averages is used [25]. Despite these measurement errors, the
measured values of the sound power by using the acoustic intensity
technique agree well with those measured conventionally. The signifi-
cant advantage of the acoustic intensity technique is the speed with
which the sound power of the development computer was determined
(typically 20 minutes as compared to about 3 hours when measured
conventionally). There are, however, serious discrepancies when
measurements were performed in the presence of the reference sound
source. In case (3), for example, the measured sound power agrees

with that determined conventionally in the 500 Hz. octave band. How-
ever, differences of up to 8 dB can be observed in the octave bands
centred at 1000 Hz. and 2000 Hz. These discrepancies may be explained
by examining the characteristics of the sound sources. Intensity
levels of 81 dB were produced independently by the reference sound
source in each of the octave bands centred between 64 Hz. and 4kHz.
Such Tevels exceed by more than 15 dB those values generated by the
computer alone. It was difficult, therefore, to distinguish the

noise produced only by the computer. This observation is corroborated
by the nearly equal sound powers measured at the 1000 and 2000 Hz.
octave band centre frequencies. Consequently, these results confirm
the findings of other researchers [28',-29,30] » that the acoustic intens-

ity technique cannot be used if the noise levels of the background
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exceed those of the source alone by 10 dB or more. In addition to
the quantitative measurement errors associated with the acoustic
intensity technique mentioned in Appendix 2, some qualitative errors
warrant discussion. First, the test procedure [24] is based on the
premise that the measurement of the sound pressure levels is in the
free field e.qg. in an anechoic chamber. However, an anechoic chamber
was unavailable so that measurements had to be undertaken in a large
(8.3m.X5.6mX 3i6m) room. The resulting sound field was essentially
reverberant so that the normally employed standard for free field
measurements [24] was replaced by the more appropriate ANSI S1.21-1976.
A comparison of the sound of the computer evaluated in free field and
semi-reverberant field conditions produced a difference of up to 3 dB.
This difference reflects primarily the effect of the environment on
the measured sound power levels. This observation highlights the
chief advantage of the acoustic intensity technique i.e. it.is un-
affected by environmental conditions. Furthermore, the directivity
characteristics of the sound source are extremely important in
determining the number of measurement locations. The overall sound
pressure levels in Figure 2.7 suggest that the predominant radiation
regions lie towards the rear of the computer. Hence, accuracy

could be improved if extra measurement locations were included around
the sides and rear of the computer where changes in sound pressure
levels are greatest. However, it would be obtained at the expense

of a significant increase in measurement time. Thus, a total of
twenty measurement points represented a reasonable compromise between

these -requirements.
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The previously described experiments illustrate the advantages
of the acoustic intensity technique. First, the sound power of a
sound source may be determined with a lower measurement error than
with the conventional procedure. Second, the acoustic intensity
approach may be used advantageously under difficult measurement condit-

ions without special acoustical environments.

2.2:2 LOCATION OF SOUND-SOURCES

This section deals with the identification of the principal
radiation regions of the development computer by using the acoustic
intensity technique. However, overall sound pressure levels were first
measured in the near field of the computer at a distance of 3 feet
from each panel to obtain a “feel" for the overall sound radiation
pattern. These pressure levels are shown in Figure 2.7. It can be
seen that the predominant radiation regions are towards the rear of
the computer. This is the extent of the information that is avail-
able by utilising conventional equipment such as a sound level meter.
Measurement of sound pressure levels is un]ikely to reveal further
details without the use of, say, the lead cladding technique [31,32,33]. A
near field analysis is more likely to determine the cause-sound effect
relationship of various components with the computer. Consequently,
the acoustic intensity technique was used to more closely ident%fy

the principal radiation regions. A 7 x 8 and a 5 x 5 element grid
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was marked, respectively, on the left side and rear panel of the computer
as illustrated in Figure 2.8. The numbering system employed for the
grid is also shown. The printed circuit board (PCB) chassis and

power supplies within the computer are Tocated towards the front half

of the computer. Consequently the front half of the computer is

more complex in its construction compared to the relatively “symmet-
rical” rear half. Thus, a narrower grid was marked on the left compared
with the rear panel. The probe was mounted horizontally on two sturdy
tripod stands with the aid of a spirit level. The probe was visually
positioned normal to the panel and the acoustic intensity determined

at each location. A three dimensional plot of intensity was charted

at one-third octave centre frequencies. Typical plots are presented

in Figure 2.10 through 2.14. The discussion that follows is based, in
part, on comprehensive air flow studies carried out earlier by the
computer manufacturer.

Figure 2.10 shows the acoustic intensity emitted to the side
of the Teft panel in the 1/3rd octave band centered at 100 Hz. It is
clear from this figure that the predominant noise radiation regions at
frequencies around 100 Hz. lie toward the rear of the computer. This
is expected because the fan is mounted on the rear panel and operates
at 56 Hz. However, there is also significant acoustic energy radiated
at Tocation 31, 38 and 45. This phenomenon may be explained in relat-
ion to the airflow within the computer. The air enters the computer
through a grille at the Tower end of the front panel and impacts the

metal plate Tocated at the base of the PCB chassis shown in Figure 2.9.



36

*A{3An131o9adsad
‘|sued Jead pue 3pIS 31J9| SYl UO SUO(IEDO| IUSW
~-9J4nseaw g7 pue 99 a3yl bBuimoys J4a1ndwod jo MIIA ¢ g°2¢ @4nb1y

( sean813y 3juenbesqns uy osIe

posn ) SuoTIed0T udm&muﬁmmwﬁ%

Jdesads je Moy dle




37

°493ndwod 9yl UIYIIM MO|J JIB [|BJIBAQ $ 6°C 2anB1yg

ol
RIECIEEER)
o e
q
(= mmf t
i
|l v
_ = t
89 U0T30es Vv uot3osg

%r& Fle] Lo — Bl
— g !
NS N
| { |
N Y

K + L ¢ Y




38

*Aousnbady sJ4juad 2z Q| punode |aued apis 149|
1B S|9A3| A11SUdIUI D11SNODE pueq 3IARIDO PJIyl duUQ : Ql°Z 24nb14

g7 2andIg4 UT umoys

SUOT3eO0T uﬁmﬁmuﬁmmma.*.

/M
£3Tsua3ur OTISNOOY

L 0L

£
&
K
(o)
(@)




39

Upon impact, part of the air stream is deflected through 90 degrees
to pass through the spacing between the printed circuit boards before
turning through another 90 degrees and exiting at the rear. A sub-
stantial proportion of the air entering the unit, however, is also
deflected towards the left and right side panels. Based upon the
primary Tocation of "impact" determined by the manufacturer, it is
believed that the airstream striking the side panels behaves as a
noise source at location 31, 38 and 45.

Figure 2.11 indicates that the left panel radiates little
sound around 125 Hz. except towards the rear. This observation sug-
gests that there is considerable sound f1eakage"_from the spacing
between the cabinet and the rear panel. On the other hand, Figure
2.12 intimates that significant acoustic energy is radiated at all
the measurement locations around 500 Hz. It is possible that the air,
which is forced through a narrow gap between the ;abinet and the PCB
chassis, causes the panel to radiate sound essentially uniformly over
its surface. Then the minor variation in intensity over the surface
of the panel is probably due to locally changing airflow created by
components fixed to the PCBs. Figure 2.13 indicates that the major
radiating regions at about 1000 Hz. again lie towards the rear of the
computer. The slightly higher values of 4 dB at location 21 and 28
relative to that at Tocation 14 are possibly from "singingf caused by
air passing through a honeycomb mesh at the exit. Once again, sound
radiation was detected towards the front of the computer at location

32 and 39. This is also due, presumably, to the deflected air stream
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striking the side panels. There is an apparent "lack" of sound being
radiated in Figure 2.14 at Tocations 2,3,4,7,.8 and 9. This implies
that the acoustical hood on the rear panel was effective at frequenc-
ies Jower than about 125 Hz.

The above phenomena could not be verified by a conventional
technique like lead wrapping because of the danger from high voltage
condensors. Ordinarily it is easy to identify the exact location of
a noise source. However, it becomes increasingly difficult when the
sound is propagating through module gates, wire loops, stiffeners
etc., in a confined space because the directional characteristics of
the sound are distorted. If the magnitude of the acoustic infensity
radiated by each individual component is required, fUrther work 1is
necessary to quantitativeTy identify, as in reference [34], loss factors
to account for distortions as the sound travels from the source to the
microphone. [35,36]

The results obtained by using the acoustic intensity tech-
nique will be summarized.

1. Sound power levels may be determined quickly and accurately even
under difficult measurement conditions.
2. The following changes are necessary, to improve the acoustical
performance of the computer
a) The back panel of the computer requires acoustical treatment.
b) The airflow within the computer needs streamlining to
reduce turbulence and, hence, the vibration of the internal

components mounted on the PCB chassis.
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c) The combined acoustic and EMI seal between the cabinet and

the rear panel needs improvement.

2.3 CONCLUSIONS

This study has demonstrated the feasibility of applying the
acoustic intensity technique to digital computer systems. First,
the sound power can be determined accurately and without a special
acoustical environment. The measurement time may be further reduced
by using the modified switching brocedure to eliminate the need for
switching channels after each measurement. Second, the source
identification tests have yielded a better understanding of the sound
sources within the computer. Tests on this computer have yielded
valuable insight into the mechanism of sound radiatfon and illustrate

the potential of the cross spectral intensity technique.
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~ CHAPTER TII1I

CORRELATION BETWEEN THE SOUND AND VIBRATIONS OF
THE COMPUTER

This chapter explains a pragmatic approach to determining
sound power by using a simple empirical procedure involving velocity
measurements on the computer's panels. [37] It is expected that the
results will highlight the degree of correlation between the radi-
ated sound and the vibration of the computer. [38,39] The computer is
idealized as a pulsating sphere - an idealization which has been
used successfully to represent an internal combustion (I.C.) engine
[40,41]. Fukuda et al [40] took measurements on an I.C. engine
block where there was essentially one ff]exib]e panel" supported
by an essentially rigid casing. The test computer has a similar
configuration because the back panel is much more "flexible" than
the other panels. The modeling of a sound source as a pulsating sphere
is based on the premise that there exists a strong correlation between
the vibration of a solid boundary and the sound radiation from that
surface [37]. Any vibrating surface will radiate sound if it is in
contact with an elastic medium. The layer of the medium in immedi-
ate contact with the surface moves with the surface. The resulting
movement is sufficient to initiate a train of compressions and rare-
factions which generate a sound wave [37]. Consequently, the move-
ment of a boundary transfers energy to the particles of the medium
which travels through the medium as a sound wave. Thus, it should
be possible to determine the sound power of the computer by simply

using surface velocity measurements [37,38,39,40,41].
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It is widely known that saund travels from a source to the
observer along both airborne and structureborne transmission paths
[38]. The cprre1atioh between structureborne vibration and airborne
sound, however, is not well defined. This chapter exp]ains the
idealizations used and the results obtained by modeling a computer
as a pulsating sphere whose surface vibrates radially. The analysis
is confined to radial pulsations of the sphere and invariably pre-
sumes symmetry to simplify the analysis [39,40]. It is assumed that
the panels of the computer are continually subjected to excitations
caused by the constant rotational speed of the fan. Mean square
velocity levels were measured at various locations on the surface
of the computer and the sound power determined as shown in Appendix
3. Once again, souhd power.levels were obtained in the 500 Hz.,

1000 Hz., and 2000 Hz. octave bands [24].

3.1 THEORY

The theory of sound radiation from a pulsating sphere is well
defined [37,38,39,40,41]. It is strictly valid only at the fundamental
or "breathingf mode. To extend the analysis to higher frequencies, the
total area of the vibrating surface, S, is divided into n(S/ASf)
identical components each having surface area ASc [40]. This
simplification reasonably permits the further assumption that each
component vibrates in its own breathing mode. Then the overall sound

power is the sum of the sound powers radiated from each component.
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The sound power radiated by an element on a hemi-spherical source

pulsating with volume speed Ue in an infinite baffle is [40]

Uy = (pcl® s2ma?) k%aZ/ (1 + k%% . (3.1}
Here k is the acoustic wave number and a is the radius of the hemi-
sphere which is approximately /Z§;7?ﬁ' [40 ]. It is assumed that
a) the amplitude of motion is small i.e. much less than the radius
of the sphere; b) the sphere is embedded in an infinite medium so
that there are no reflected waves [1]; and c) the n radiating
surfaces are independent, incoherent and distributed uniformly
over the surface. Thus, by substituting a in equation {3.1} and
summing, the expression for the total sound power, ws, becomes,
W = sW = p<E25S(K2AS,/ (2+k2AS,)) . (3.2}
s n"e , f —f
Tﬁe' < > is the temporal average of n 1individual components of the
surface speed, é.’ For a broadband frequency analysis, the wave
number, k, and the unit surface area,.ASf are taken, for convenience, to
correspond to those values at the centre frequency of each band [40].
A value of ASf is necessary to determine an appropriate
number of " measurement points. According to reference [40],
for example, reasonable accuracy may be obtained if ASf is approximated

by the area covering the fundamental mode of a comparable simply

supported rectangular plate. Then the following ASf have been suggested

0S¢ = (WEWOTo , for f> (/S)/D7ogh (3.3}

it

AS. =S , Otherwise {3.4}
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from which n may be obtained straightforwardly. In the above, Pe

denotes the material density, h is the thickness and D is the flexural
stiffness of a panel. In determining h, Py> and D, it is assumed that
each panel is homogeneous and uniform and that any deviations from the

simple unstiffened hollow box model do not affect the vibration pattern.

3.2 RESULTS

Preliminary experiments were undertaken to determine if the
major movement of each computer panel was flexural or axial. This
information is necessary because the idealization of the computer as a
pulsating sphere is realistic only if the transverse motion of every
panel predominates. The computer was clamped on a sturdy table by using
C-clamps to prevent the computer from "bouncing". An electro-magnetic

shaker was attached to the hood at the rear of the computer as shown in

plate P.3.1. A white noise source was used to drive the shaker. The
output of the shaker was delivered to the computer through a fairly weak
spring to simulate the force produced by the fan but without any ac-
companying air flow. This simulation is reasonable because the spectrum
of the excitation imparted by the shaker encompasses the excitation
frequency range of both the air flow and the fan. The corresponding
axial and transverse accelerationsof the computer's exterior panels were
measured by using two B & K type 4344 accelerometers mounted on an aluminum
block shown in Figure 3.1. The ensuing accelerations are presented in
Appendix 3. They indicate that at frequéncies greater than 250 Hz, the

transverse accelerations of the panels were, indeed, greater than the
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Plate P.3.1 : View of shaker attached to rear of computer.



Accelerometer A

|

Mounting
Block Accelerometer B

T T T T 7 T T T T T

Figure 3.1 : Accelerometer arrangement for measuring transverse
and longitudinal accelerations at a '"point'.



52

corresponding axial accelerations by up to 15 dB. Therefore, exterior
panels certainly vibrate primarily transversely in frequencies related
to the measurement of the computer's sound power.

Still finer knowledge of the computer's dynamic behavior is needed
to bétter assess if the uniformly radial motion of the assumed breathing
mode is reasonable. Modal behavior was found most conveniently by im-
pacting each panel with an instrumented hammer [42] to obtain the fre-
quency response functions given in Figure 3.2a . through 3.2d. Natural
frequencies are identified in these figures by peak amplitudes correspond-
ing to a phase shift in excess of 60 degrees and a. coherence value better
than 0.8 [42]. A fair number occur below 200 Hz. which approximates
the lower cut-off frequéncy 6f the Towest, 500 Hz centred octave band of
concern. Consequently, flexural modes with wavelengths smaller than each
panel's dimensions must predominate‘in the frequency span covered by the
sound power measurements. Then inevitable out-of-phase motions even on
an individual panel contradict the uniform breathing assumption. Hence,
every exterior computer panel must be idealised as a set of components
each pulsating essentially incoherently.

The computer's sound powér measured conventionally or by using
the acoustic intensity technique are presented for reference in row 1
and 2, respectively, of Table 3.1. Analogous octave band sound power
levels obtained from surface velocity measurements are given in row 3
and 4. (A typical computation is shown more conveniently in Appendix
3.) The number of measurement locations suggested by equation {3.3}
and {3.4} were employed to compute the data of row 4 whereas somewhat

fewer locations were used for row 3. Differences between corresponding
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Case Sound power at octave band centre frequency
500 Hz. 1000 Hz. 2000 Hz.
1 70.6+4.0 60.2+3.4 58.2+3.3
2 69.6+1.8 57.4+1.8 55.0+1.8
3 64.610.0 63.1&0,0. 65.3%0.0
4 72.8+0.0 61.3+0.0 61.0+0.0
|

(in dB re 10.0 E-12 W.)

Table 3.1 :

Computer's total sound power level determined 1) convention-

ally; 2) by using the acoustic intensity method; 3) using

surface velocity measurements at 20, 40 and 80 Tocations;

and 4) as in 3) but with 25,50 and 100 locations, respect-

ively, for the 500, 1000 and 2000 octave bands.
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sound power levels in these two rows are generally apparent and partic-
ularly so in the 500 Hz octave band. Results in row 4 invariably cor-
relate better with the reference data of row 1 and 2. Consequently,

the number of measurements suggested by equation {3.3}and {3.4} should
at least be employed. On the other hand, thé sound powers in row 4

are constantly the highest followed consistently by those in row 1 and
row 2. The greatest differences of about 3dB and then a further 3dB
between these rows happen in the 2000 Hz octave band. Presumably the
complex structural interactions between interior components and exterior
panels as well as panel regions adjacent to local stiffeners can no
longer be ignored completely there. Therefore, equation {3.3} which is
based pragmatically upon the simplest uniform hollow box becomes some-
what less accurate. Further "incoherent? sources implicit to additional
measurement locations may produce an improvement but only at the cost
of substantially longer measurement periods.

This pragmatic approach implicitly assumes that :the mechanical
vibration of the computer's exterior panels radiatés the sound. However,
this approach would fail at fréquencies below 200 Hz where the "air flow
noise" of an axial flow fan is known to predominate. The sound intensity
spectrum of such a fan is shown in Figure 3.3 [43 ]. Fortunately, at
frequencies related to the measurement of the computer's sound power
(500, 1000 and 2000 Hz), the mechanical vibration of the computer's
exterior panels is predominant, thereby satisfying the dimplicit assumpt-

ion. [40,45,46,47]
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Figure 3.3 : Sound spectra of various fans [43] with
axial fan data applicable here.

56



57

3.3 CONCLUSIONS

The importance of the idealised model cannot be over-emphasized.
In Chapter II, for example, the sound power of the computer could not
be determined accurately when the ambient noise levels exceeded those
from the computer alone by about 15 dB. Under such circumstances, the
sound power of the computer could be determined by using the surface
velocity technique because the velocity is hardly affected by ambient
noise. This assertion would only apply, of course, to circumstances
where contaminating vibrations are minimal. Furthermore, the correlat-
ion between the vibration and sound radiation has been highlighted.
Thus, the sound power of a source may be measured under even the most
trying conditions. In addition, the enhanced understanding of the
physical process of sound radiation may be used advantageously to sug-

gest future structural remedies on the cabinet.
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'CHAPTER IV

VIBRATION INTENSITY TECHNIQUE

Combustion and aerodynamic noise are major noise components for
many power systems T1ike fans and engines [48]. After these two noise
sources have been attenuated, structureborne vibration often becomes
imﬁortant [48]. As mentioned in Chapter III, the typically predominant
normal surface component of vibration produces acoustic pressure waves
which become significant when large surface areas, typical of industrial
blowers, are encountered [49]. Then the vibrations themselves have to
be controlled to reduce acoustical radiation from the surface. Suitable
controls will generally require the significant vibration sources and
the structureborne transmission paths to be identified so that the
mechanical energy along the propagation paths may be absorbed or deflected.

A new cross spectral technique will be described which may be
used to identify sources of vibration by employing intensity
vectors. tollowing a presentation of the theory [49,50,51,52], the
results of preliminary tests on a lead plate will be given. These
tests provided experience on a relatively simple homogeneous plate and
fofmed the basis for further tests on the computer which is basically
an assemblage of beams and panels. A major aim was to better understand
the mechanism and propagation of structureborne vibration energy énd,
if feasible, attenuate excessive vibrations in the development computer.

A secondary consideration was to provide a standard for the design of
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future computers.

4.1 THEORY

The plateborne vibration vector, W, is defined as the net flow
of vibration energy per unit width. The magnitude of the plateborne
vibration intensity in a given direction, Wi, 1s the projection of the
intensity vector in that direction as shown in Figure 4.1. In form-
ulating the vibration intensity flowing through a small section of a
stiffened panel of the computer, the following assumptions are made.
1) Flexural vibrations predominate and 2) losses occur only at the
ends of a panel or reinforcing beam. The first assertion has already
been confirmed experimentally in Chapter III. Rotational inertia and
shear deformation, therefore, are reasonably negligible [51]. The
second assumption may be justified by the argument described in refer-
ence [49] for a one dimensional structure. The analysis may then be
extended to a two dimensional structure such as a plate by describing
the flexural behaviour of a plate in terms of two perpendicular

beam functions. This is easily accomplished by appropriately modifying

the subscripts defining the directions. For a one dimensional structure,

the vibration's complex wave number, k, has four roots; two of which are

usually real and two imaginary. [50] These roots imply a harmonic solut-

ion consisting of "travelling waves" (implying free field) and a "near
field", eXponentia]]y decreasing solution with waves moving in both

the outward and inward directions. This latter situation is analogous



+ 4a3ndwods 3yl uo uoliledo| luswaunselw e
18 10199A A11SU9]Ul UOlleJqIA 3yl jo uollejuasaddsy : |°q d4nbiy

60

ROTJ at®

=N




61

to the near field of a sound source where the acoustic waves do not
travel freely and progressively from the source. The near field compon-
ent usually decreases rapidly from the boundaries of the wave medium
and usually does not carry energy so that progressive waves are more
important. The present analysis is limited to this type of wave. For
travelling progressive waves, the existence of a near field is
attributed to the necessity for satisfying mechanical equilibrium at
boundaries where continuity of the physical properties of the wave
medium are disrupted. Therefore, the amplitude of the near field can
be expected to be similar to that of the progressive waves at these
boundaries [50].

Consider initially a flat, uniform and homogeneous plate section
of the computer with its neutral plane in the x-y plane as shown in
Figure 4.2. At any point of a cross-section which is perpendicular to
the x-axis, there exists the component of shear force, Q*+, and two

moment components, MX and M The scalar product of the corresponding

Xy"
vectors with their own velocity vectors gives the vibration intensity

vector through the cross section in the x-direction [49,51,52]. Now [52]

M= -D(a%e/ox%+ vale/ay®) 4.1}
_ - gy al
Mxy = Myx = D(1-v)3°g/axdy s {4.2}
X | 3X 3x2 ay2 :

->
+ The notation Qx will be used to designate the magnitude of vector Q

in the x-direction. An extension to other subscripted variables is
straightforward.
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where D is the plate's flexural stiffness and & the transverse
displacement in the z direction. The x and y components, éx and ey

respectively, of the angular displacement, , are
6, = -=2(£) 4.4}
X IX :

and

s 9 {4.5}
ey - 3}/ (g) o

Therefore the x-component of the intensity vector is composed not only

of the contribution of the force,
wxq= Qx o &/at R {4.6}
but also those from the bending and twisting moments, respectively

given by [49]
= - 2 : = 2 ’
Wb Mx (-3°g/3yst) and Wt Mxy(a £/oxat) . {4.7}

Consequently, the magnitude of the total vibration intensity in the x-
direction, W is [51,52]

W, = <QE >+ < M By MB > {4.8}
A dot superscript invariably denotes a time derivative and < >
designates a temporal average. The intensity component in the y
direction, w_, can be combined to give the magnitude, w, and direction,

y
9, of the net intensity vector, W, as

T T T L dae ane |
W= ( Wt Wy ) and 8= arc tan (Wy/wx) . {4.9}
A1l six variables in equation {4.8} should be ideally measured

simultaneously. This is impractical, however, for two reasons. First,
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as in the acoustic intensity case where the velocity could not be
determined directly, the force and moments cannot be measured
straightforwardly. Second, even with the modifications described
below, this procedure would require an expensive six channel data
acquisition system. Hence, further simplifications are necessary to
reduce costs. Fortunately, the force and moment components of
intensity are equal for flexural waves in the free field region
[49,51]. Thus, only the moment need be measured and its components

M, M, and M., can be determined easily in terms of the surface

X’ ¥ y
strains € € by using the simple relationships [51,52]

y
M, = 2D/h(e, + VE) | {4.10}
My = ZD/h(ey + VEX) . {4.11}
and
Mxy = 20/h(1-v) Yy - {4.12}

Although the strains €y and ey can be measured easily by using strain
gduges, the shear strain ny is almost inaccessible because it involves
attaching a strain gauge along the edge of the plate. This poses an
obvious difficulty with thin plates where the thickness is much less
than the width of the strain gauge. The problem may be overcome by

introducing a modified component of intensity, wx', where

W' s <[(Mx+My)/(1+v)]éx> {4.13}

is an approximation to the true moment contribution W, given by
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equation {4.8} . This approximation has been explained in detail in
reference [51]. It has been found to be reasonable for panels and beams
like those forming the exterior of the computer. Now the sum required
in equation {4.13} of MX and My may be determined from equation {4.10}

and {4.11} as

Mx + My = 20/h(1+v)(€x + ey) . {4.14}
However [511],
eyt 8y ° —h/2(5%5/5%% + 3% [ay?) ' {4.15}

so that equation {4.14} becomes
MX + My = ~D(1+}0(82 g/ax2 432 g/3y2) . {4.16}

For plane waves in a free field, the sum of the partial derivatives in

equation {4.16} is [51]

32E/3x%+3% £/3y? = ke {4.17}

where k4 = wzm/D,‘D is the angular frequency and m 1is the mass per

unit area [51,52,53]. Substituting equation {4.17} into equation {4.16}

yields,

' _ 2
M+ My = -D(1+V)k°g . {4.18}

Under free field conditions the force and moment components, fo and W ,

of the intensity are equal so that [49,51]

We = W = wx/2 {4.19}

and, hence,
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W= 2wmxz Zwmx" {4.20}
The last relationship together with the further substitution of equation
{4.13} gives
W= - <2DKE Bx > {4.21}

or, by integrating the acceleration £ twice to give the expression in

terms of the displacement, &
t
t

W, = <zok2éx J j Edt dt > . {4.22}
0’0

Thus, wy may be determined by simultaneously measuring the time
averaged angular speed éx and transverse acceleration é . Variables éx
and E may be obtained by using the two accelerometer configuration shown
in Figure 4.3 [51,52]. This arrangement is analogous to the two micro-
phone configuration described in Chapter II where the pressure; p, and
magnitude of the particle velocity, u y» NOw correspond to the acceler-
ation, E, and rotational speed, e » respectively. By modifying the
procedure involving the microphones to accommodate the accelerometers,
it may be seen that the acceleration, E » at the measurement point may be
approximated by the mean acceleration from the two accelerometers. These
accelerometers may be distinguished by subscripts 1 and 2 again. The

mean acceleration, therefore, is
g = (€1+ 52)/2 . {4.23}

The angular speed ex, on the other hand, can be determined from the finite

difference approximation,

t ..
- (E,-g.)/Ar dt 3 {4.24)
o 1
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where Ar is the spacing between the accelerometers. Once again, the
spacing, Ar, is a function of the vibration wavelength and, therefore,
must be set appropriately. There is presently no nomogram for setting
the spacing so that a reasonable value was determined experimentally.

2

The procedure will be described later. Substituting for k ,é*and g in

equation{4.22}, the intensity component, W, s may be rewritten as
B t

t
'EI""\ . ) .e .. .. s
Wy = (2 D/w/—D- < OJJ(gﬁ gz) dt (grgz)/Ar dt >. {4.25}
It is shown in Appendix 2 that the last equation can be transformed into

the frequency domain to yield

P e 2 :
Wy = 2v/bm Im (Glz)/w-Ar {4.26}

where é12 is the cross power spectrum between accelerations 1 and 2
[52,53]. This expression is now similar to equation {2.6} in Chapter
IT. Once again, 64 averages were invariably used to improve the
signal to noise ratio of the accelerations.

From the experience with the acoustic intensity technique, the
practical implementation of equation {4.26} was anticipated to be even
more sensitive to phase mismatch between channels because of the
lower frequency characteristics of the vibrations. 'Thus, the switching
technique was used again to overcome phase mismatch between the two
accelerometer channels. If the measured cross spectrum is denoted by

G in the switched configuration, then equation {4.26} can: be

12s

approximated by
A ]/2

W= 2/0m Inf6 , .6, ] /far . {4.27)
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Due to the inherent assumption of the force and moment components
of intensity being equal in equation {4.6} through {4.11}, equation
{4.26} is valid only for the "free field" case. However, for the more
complex fnear field" condition, Pavic [49] has similarly formulated
equation {4.25} at any instant, t, as
. _

t t : ty tp t
W= D/A%:4 f” j'a3 [ a, dt dt dt - J [a4 [a dt dt dt -
o/ o/ Tod of ol "ol 2

tp t, t
j jaB [a dt dt dt >.

o] o] 0o 1

{4.28}
Subscripts 1 through 4 now refer to four accelerometers whose
orientation is such that energy flows in the diréction of an
accelerometer with a lower number. Although expression {4.28} is
general, signal processing in the time domain is cumbersome because
elaborate electronic circuitry is'required. Consequently, Verheij [54]
transformed the expression developed by Pavic into the frequency

domain as

LR CUCP S ERL PR R WG 5 1) (4.29)
so that a dual channel spectrum analyser may be used straightforwardly
in conjUnCtion with a microcomputer. It can be seen, however, that
this procedure is slower than that associated with equation‘{4.26}
because three cross spectra have now to be eva]uated; On the other

hand, equation'{4;29}'will be used in the following section to cor-

roborate the experimental results obtained by using equation {4.27}.
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4.2 RESULTS AND DISCUSSION

The overall objective of the vibration intensity measurements was
to identify the predominant structureborne vibration paths through the
computer in the 63 and 500 Hz. centred one-third octave bands. These
bands were selected because previous preliminary vibration tests [55]
had yielded high structureborne levels there. However, experiments
were first undertaken on the 1 m; XT1Tm X .006 m. lead plate shown
in Figure 4.4 to provide valuable practical experience and a simple
means of calibration. A lead plate was chosen because lead has a high
loss factor compared to other metals. The incident wave is absbrbed
rapidly as it progresses through the material and this inhibits re-
flections or reduces their magnitude significantly so as not to inter-
fere with the incident wave. Consequently, this arrangement is analog-
ous to the calibration éf the 4m.long pipe described in Chapter II.

The results of these calibration experiments will be presented in the
following section.

A dual accelerometer mount shown in Figure 4.3awas designed and
fabricated to meet certain requirements. First, the accelerometer
mount and accelerometers (or probe) had to be 1ight so as to incon-
sequentially affect the vibrations of the plate. Second, the funda-
mental resonance frequency of the probe had to exceed the upper
frequency of interest (i.e. 500 Hz. for the computer) to prevent the
dynamics of the probe from distorting the measurements. The funda-

mental resonance frequency of the probe was found to be around 1400Hz.
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which is well above the upper frequency of interest. Third, the
accelerometers had to be protected from electromagnetic interference
(EMI) generated by the high voltage transformers within the computer.
Consequently, the accelerometer mount was fabricated from low density
aluminum which provides an excellent EMI shield. Fourth, the spacing
between the accelerometers had to be adjustable to encompass any desired
frequency range. A slot arrangement was considered where the acceler-
ometers could slide across the mount and be locked in place. However,
firmly securing the accelerometers was too difficult. Hence, two-

sets of tapped holes were drilled on the mount such that there was a

choice of a 2 cm. or 3 cm. spacing between the accelerometers.

4.2.7 LEAD: PLATE -

The Tead plate was suspended from two corners by a 3 mm. steel
cable as shown in Figure 4.4. The lower edge of the plate was embed-
ded in a sand pit so that the sand could act as a vibration absorber.
An electro-magnetic shaker was attached tb a point on the central axis
of the panel, 20 cm. from the plate's upper edge. A white noise
signal from the HP 3582A spectrum analyser was fed to the shaker which
then generated essentially flexural waves in the lead plate. The
shaker was coupled to the plate through a spring and a force transducer
so that the input power could be measured directly. An accelerometer
was attached at the input and the integrated output pravided the velo-

city. Two supports were also attached to the plate, 50 cm. from the
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upper edge, to stabilize the panel and prevent it from "flapping".
After installation, an unavoidable 5 degree tilt was observed relative
to the horizontal so that the complete arrangement was not quite
symmetrical.

A preliminary but important cross-check was performed by com-
paring the vibration power to the plate measured by using two different
techniques. The power input was determined from the product of the
force and velocity at fhe connection of the shaker assembly to the
plate. The output was measured by using the two accelerometer arrange-
ment. The two accelerometer probe was placed on the plate and located
progressively at eight equispaced positions on a circle around the
contact point as illustrated in Figure 4.4 Intensity levels were
integrated along the segments associated with each measurement location
and the total output power level was calculated. A comparison of the
input and output levels is presented graphically in Figure 4.5. It
can be seen that discrepancies of up to 5 dB occur at frequencies less
than 50 Hz. but that there is good agreement otherwise. Thus, the
employed spacing of 3 cm. between the probe's two accelerometers should
be adequate for measurements at or above 63 Hz. However, the spacing
between the accelerometers would have to be increased for measurements
below 63 Hz. This comparison confirms the measurement capability of
the two accelerometer technique.

The technique developed by Pavic [49] and modified by Verheij
[54] was used to further check the power levels imparted to the plate.

This procedure involved a linear array of four accelerometers and the
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vibration intensity was calculated by using expression {4.29}. Once
again, the switching technique was used to overcome phase mismatch
between the accelerometer channels. A combarison of the vibration
power levels determined by using the force/velocity transducer, two
accelerometers and Pavic's four accelerometer technique is presented
graphically in Figure 4.6. It can be seen from the figure that the
input power agrees again with the values from Pavic's technique where

a spacing of 3.cm..was employed between the accelerometers. There

are significant efrors, however, when the spacing between the accelero-
meters was only 2 cm. It would seem, therefore, that a spacing of 3 cm.
is reasonable for measurements in the frequency range of 50 - 200 Hz.
so that this spacing was invariably used.

The agreement between the power levels determined by using the
various techniques fs expected. Although the measurement locations on
the circumference of a 5 cm. radius circle were in the far field, they
were sufficiently close to the input that vibration losses were small.
However, measurements made within a radius less than 4 cm. from the
input yielded significant discrepancies of up to 10 dB. On the other
hand, measurements on the circumference of a circle of radius 12 cm.
from the input showed little deviation from the measured input. Con-
sequently, it may be concluded that the reason for the discrepancy was
the "near field" effect mentioned in the. theory. Another interesting
observation from these tests cancerns Pavic's four accelerometer.

technique. Althaugh this technique permits measurements in the near

and far fields, there are serious practical problems associated with it.
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First, it is thrice as time consuming as the two accelerometer technique
because about 10 minutes is required typically per location for each
vibration intensity vector component. Second, the increased physical
length of the accelerometer array restricts the use of this procedure
to large unencumbered surfaces which were generally not present on the
computer. Third, the vibration intensity vector is no longer measured
at a point so that the indistinct measurement location may limit the
technique's use in locating vibration sources.

Further testé were performed on the lead plate to provide ex-
perience for the mapping and interpretation of the directions as well
as the magnitudes of the intensity vectors. Consequently, 56 measure-
ment locatidns together with a reference axes system were marked on the
panel as illustrated in Figure 4.7. The two accelerometer probe was
positioned at each location along the x-axis and then reversed through
180 degrees to measure the horizontal component of the net v1brat1on
intensity. In each case, switching was used to overcome phase mis-
match between the acce]erometer channels. Then a similar procedure was
followed along the y-axis to determine the vertical component. The
magnitude of the intensity vector is simply the resultant of these two
components as indicated by equation {4.9}. This method was repeated at
each location for the one-third octave bands centred between 63 and 100
Hz. Typical intensity patterns are presented in Figure 4.8 through
4.10.

Before considering the propagation paths, a cursory examination

of the vibration energy away from the shaker coupling reveals several
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interesting phenomena. First, the total energy crossing sections AA'
and BB' in Figure 4.8 through 4.10 generally agrees favourably with

the input power. This resylt is not surprising because the energy
should intuitively flow towards the vibration absorbing sand. The
intensity directions in the lowerplate regions generally corroborate
this observation. . There are discrepancies, however, of up to 14 dB

at the sections listed in Table 4.1 . Such discrepancies may be caused
by internal stresses within the plate due to the sagging under its own
weight. Furthermore, several intensity vectors in Figure 4.8 through
4.10 are predominantly horizontal along sections AA' and BB'. Con-
sequently, an energy balance in the vertical direction is likely to
generate discrepancies because of the comparatively little energy flow
there. This assertion may initially appear to contradict the intuit-
ive direction of flow. However, the plate is two dimensional so that
the vibration energy flows in both the x and y directions. The absorb-
ing sand pit, however, is the only active vibration absorber and it

is located distantly from sections AA' and BB'. Consequently, the
fhorizonta1" component of the intensity vector has to "turnf through
approximately 90 degrees to eventually flow towards the absorber. This
feature is reflected in Figure 4.9 by the:-generally increasing
magnitude of the vertical component of the intensity towards the bottom
of the plate. Second, an inspection of the acceleration magnitudes in
Figures 4.8 through 4.10 clearly shows that the energy usually .flows
from locations with high accelerations to ones with lower accelerations.

The acceieration, of course, is proportional to the force so that the basic



One-third Force and
octave band |[velocity Input Power
Centre Fre- |transducer ftwo acceler-
quency Input Power | ometer techd{ Power acrosg Power across
* nique Section AA' | Section BB'
Hz. dB dB dB dB
63 67.7 71.0 71.9 73.9
80 78.2 76.8 75.9 64.0
100 76.2 74.9 66.6 73.0

* @B re 10712 y.

Table 4.1

plate.

Appendix 4).

Energy balance across various sections of the lead

(Details of the calculations are shown in

83
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concept of energy flow from a point of higher to one with a lower
potential is reinforced. Third, there exists a circulation or vortex
type phenomenon which can be seen within the dotted boundaries of

Figure 4.8 and 4.9. Accelerations recorded in a narrow grid within

a vortex are also given in these figures for reference. However, no
definite pattern is discernible in these regions. This phenomenon has
been mentioned by Noiseux [51]who connected vortices with individual
circulation cells. It is most probably due to edges initiating
reflections which interfere locally with the original waves to produce
the circulatory pattern. However, similar effects may also emanate
from local stiffners (1ike those on the computer panels) or may indicate
the overall flow from a source to a sink. Elaboration requires further

detailed studies.

4.2.2. COMPUTER

After completing the testson the lead plate, the two accelero-
meter probe was used to identify the computer's structureborne vibrat-
ion paths in the 63 and 500 Hz. centred one-third octave bands. Sixteen
measurement locations were marked on each of the left, right and top
panels. These panels were relatively free of external attachments but
the rear panel not only had 18 connector caps but also had the fan
hood attached. Hence, somewhat more measurement locations were thought
necessary on this panel due to its additional complexity. Unfortunate-

1y, the 4 cm. X 1 cm. dimensions of the probe were such that its location
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on the back was difficult because of the space restrictions between
the connector caps. The size of the probe could not be reduced be-
cause its major dimension depends largely upon the necessary 3 cm.*t
spacing between the accelerometers. Therefore, only the 18 locat-
ions shown in Figure 4.11 were employed.

Intensity vectors mapped on the exterior panels of the computer
are shown in Figure 4.12. At first glance it would seem that the
vectors are orientated randomly ekcept, perhaps, towards the right of
the top panel at locations 20, 24, 28, 32 in Figure 4.11. A close
examination inside the computer revealed the presence of PCBs towards
the left side panel with a void towards the right side. Consequently,
the computer was not quite symmetrical about the vertical plane bi-
secting the top and bottom. Due to the consistent, recognisable
pattern to the rfght of the top panel, it was suspected that vibration
sources other than purely structﬁra] were present. They were thought
to be associated with the internal air flow because the previous sound
tests had highlighted the importance of this flow. Therefore, it was
considered necessary to'determine the magnitude of the airflow induced
vibrations and to compare these Tevels with the structureborne vibrat-
ions generated mechanically by the fan. Consequently, the following
three configurations were adopted. The development computer was 1)
in its original configuration; 2) with the rear panel isolated from
the cabinet by polyurethane foam to minimise the drop in the internal
static air pressure; and 3) as in case (1) but with internal compon-

ents removed so that the air could be ducted by using a polythene tube

+The fundamental wavelength on the Tead plate and'§he computer panels in
a given direction are comparable. Hence the spacing of 3 cm. between
the accelerometers is still reasonable.
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from the front entrance directly to the exit at the rear of the
computer. These assemblies respectively and reasonably simulated a
combination of air and fan induced vibrations, largely airflow induced
vibrations and, finally, almost a purely fan induced mechanical vibrat-
ion. The ensuing accelerations are presented in Figure 4.13 through
4.16. The predominant features of all these figures may be subdivided
into three main groups. First, there is a generally increasing acceler-
ation Tevel up to about 160 to 200 Hz. Second, a peak occurs around

160 to 200 Hz. and, third, the spectra are relatively horizontal above
250 Hz. In Figure 4.16, however, there is also a pronounced peak in
the area of 50 to 63 Hz. on the rear panel. This peak corresponds to
the fan's operating frequency of 3250 rpm or 54.12 Hz. which, due to
the resolution of the one-third octaves, is observed in two frequency
bands. Furthermore, the acceleration levels at frequencies below 50 Hz.

increase dramatically by up to 15 dB with the back panel isolated - thereby
implying a “"resonant condition". This increase happens at substantially
1owér frequencies (below 50 Hz.) than on the other panels. The frequency
response function shown in Figure 3.2d shows the fundamental resonant
frequency of the back panel to be 64 Hz. Consequently, the increase seems
to be due to the greater flexibility of the back panel because of the
isolation. Therefore, it is reasonable to suggest that the response of
the back panel is primarily stiffness controlled at frequencies below
about 80 Hz. Consequently, it would be beneficial there if the excitation
imparted to the rear by the fan could be reduced by redesigning the fan
mounts to provide better isolation. Furthermore, the rear panel may aiso

be isolated better from the cabinet by using an improved EMI seal and
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eliminating the direct vibration transmission through solid screws.

The second salient feature of Figure 4.13 through 4.16 is the further
and greater peak occurring around 160 to 200 Hz. Virtual elimination
of the airflow marginally lowers the peak so that it appears to be
influenced largely by structural factors. From Figure 3.2b and 3.2d

it is clear that this peak is a structural resonance dictated by

the computer's top/back panel. The frequéncy region above about 250 Hz.
is uniformly resonant with structural interactions between the interior
and exterior panels possibly coming: into play. Good correlation be-
tween the sound power measured by the surface velocity and acoustic
intensity techniques supports this hypothesis because the sound radiated
from about 500 to 2000 Hz. is 1arge1y_due to structural vibrations of
the cabinet. However, components within the computer may influence
this behaviour to some degree. Consequently, the structural properties
of internal components were analysed in detail by utilising the Impulse
Technique again [42]. The instrumented hammer was.used to impact the
components whose responses were detected with an accelerometer. Each
acceleration was normalised automatically with respect to the magnitude
of the impact by the spectrum analyser. Typical normalised frequency
response functions are shown in Figure 4.17a through 4.17g. It can be
seen that there are invariably peaks in the 500 Hz. region which cor-
respond to resonant structural frequencies of the PCB chassis, cards
and cross members etc. The following sections draw upon the salient
features of Figure 4;13 through 4.16 and Figure 4.17a through 4.17g to

explain the results obtained by using the two accelerometer vibration
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intensity technique.

Comparing accelerations of different computer configurations at
the same location (Figure 4.13 through 4.16), it is clear that at
frequencies less than 100 Hz. the air flow induced vibration levels
generally exceed those generated purely mechanically by the fan by
up to 12 dB (re 1 E -5 m/sz). - Consequently, it is not surprising
that the intensity patterns seem to be behaving randomly in Figure
4.12 because the primary source is the turbulent air which strikes
the panels haphazardly. To corroborate the importance of the air
flow in generating structureborne vibrations, it was necessary to
examine the vibration intensity patterns in the one-third octave
band centred at 63 Hz. in the absence of air flow. Thus, an extern-
al vibration source devoid of any air flow was required. The primary
objective was to simulate purely the mechanical forcing of the fan
at ‘the rear of the computer. Consequently, the computer was clamped
to the base of an essentially rigid table with a shaker attached to
the fan hood as shown in Plate R3.1.The vibration was transmitted
mechanically to the computer through a weak spring to produce a
force-1ike excitation. The white noise input to the shaker was
filtered through a one-third octave band centred at 63 Hz. to reason-
ably simulate the main frequency characteristics of the fan. The
internal configuration of the computer, now without power, was similar
to that used in the previously described air flow experiment. 0nce

again, vibration intensities were measured at the same locations and
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the resulting intensity patterns are given in Figure 4.18. The vib-

ration energy now flows towards the front right of the computer on the
top panel. The right half of the top panel has a transmission path
fairly similar to that shown in Figure 4.12 where air was flowing
internally. However, the intensity pattern on the left half of the

top panel has changed quite appreciably. This discrepancy corroborates
the earlier conclusion that the air flow does, indeed, act as a vib-
ration source at locations Qhere air strikes the panels. For ex-

ample, Figure 2.9 shows the air flow path within a symmetrical computer.
However, due to thé asymmetrical construction of the development com-
puter with the presence of PCB's on the left side of the interior
chassis, the impact of the air is restricted to locations 17,18,21,22,25,
26 shown in Figure 4.11. Furthermore, it can be seen from Figure

4.18 that there is generally a net flow of vibration energy from the

top edge of the right panel towards the computer's base. Indeed, it is
clear that on the lower half of the rear panel there is a net energy
flow towards the base of the computer. This is not surprising because
the computer's mounting to the table is through solid angle brackets
which provide good transmission to the table. HOweVer, there is a net
flow towards the hood area in the upper half of the rear panel. A
similar behaviour can also be seen in Figure 4.18 at the top left corner
of the right panel (at locations 41,25,46 in Figure 4.11). This evid-
ence clearly corroborates the obvious that the fan and hood assembly

is the source of vibration. It appears that structureborne transmission

of energy occurs as a result of the hood pivoting about the upper edge
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of the cabinet which is known to be quite stiff. Some energy is
transmitted from the hood to the top panel. Indeed, the flow pattern

in Figure 4;18 suggests good structureborne vibration transmission

from the rear to the top panel despite the intervening EMI seal. The
structureborne path is presumably through the unisolated screws which
attach the rear panel to the cabinet. Consequently greater consider-
ation should be given here to better vibration isolation. Vibration
energy is also transmitted to the computer's base through the Tower

half of the back panel. It seems that there is virtually no horizont-
al energy transmission from the area of the fan/hood to the rear panel.
This might explain the "inf]owf of energy from the side panels to the
top half of the béck panel. It would be prudent to stiffen the back to
alleviate the "pivoting" action of the fan. It haé been possible to
identify this "pivoting" action with the aid of the flow pattern provid-
ed by the vibration intensity technique. Previous tests [55] relied
solely on accelerations. Although high accelerations were observed at
the centre of the rear panel, it was thought they were merely due to the
rear panel's greater flexibility. The vibration intensity technique

has shown a more detailed and detrimental consequence of this flexi-
bility.

In summary, the vibration intensity pattern on the development
computer in the 63 Hz. one-third octaye band indicates a net flow of
energy from the fan area to the top panel and also to the 1ower“ha1f of
the rear panel. However, a small part qf the structurebqrne energy

flows to the side panels and re-enters the rear panel in its upper
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half. This intensity pattern is severely distorted by the flow of air
through the computer's interior. Acceleration measurements on the
computer cabinet have shown that the airflow induced vibration con-
tributes significantly to the overall vibration levels in Figure 4.13
through 4.16. Thus, Tocations where the air stream impacts the panels
of the cabinet act as vibration fsources". Consequently, the air-
flow within such machines must be examined carefully so that the air-
flow induced structukeborne vibrations may be reduced.

Finally, vibfation intensities were determined to identify the
structureborne paths in the one-third octave band centered at 500 Hz.
Théy are stiown 1n Figure 4.19. At those locations were the intern-
al PCB chassis is mounted directly to the external cabinet (locations
17,33,35,37,39 in Figure 4.11) the intensity pattern is distorted from
its expected downward flow. This phenomenon occurs because internal
computer components have structural resonances it the: range 400 to 600
Hz. which, presumably, the air stream excites. This resonant energy
is then transferred to the rest of the computer by the solid contacts.
Consequently, locations where the internal PCB chassis is mounted on the
cabinet essentially act as vibration fsourcesf. This observation was
corroborated by their acceleration levels which were up to 4 dB higher

than elsewhere.
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4.3  CONCLUSIONS

Good correlation was established in Chapter III betwen the vib-
rating computer and the sound radiated in the octave bands centred
from 500 to 2000 Hz. It was based primarily upon the assumption
that the exterior panels could be idealised as a set of incoherent
sound sources each moving fundamentally in a breathing mode. Further-
more, air flow noise was neglected. This last assumption was reason-
able because fhe predominant source above about 200 Hz. was from
structural resonances excited essentially by the mechanically mounted
fan. Therefore, the correlation should not be surprising because
similar agreement has been reported [40] for an engine with a compar-
able configuration involving one quite flexible (rear) panel. The
rear panel-has been shown to be the major cause of high structureborne
vibration levels. The accompanying change in the computer's volume
effectively generates much of the airborne sound too.

The vibration intensity technique has been shown to have good
potentié] in solving vibration problems. Based upon the results of
this study, the following recommendations may be made in order of
priority. First, the air flow within the computer has to be modified
to reduce both the airborne and structureborne noise. Second, the
fan mounts need to be redesigned to give better isolation. Third,
internal components and the PCB chassis should be isolated from the
cabinet to reduce structureborne transmission caused by resonances

of the internal components. Finally, the rear panel need$S to be
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stiffened, particularly around the central portion to alleviate the

pivoting action of the fan and hood assembly.
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"APPENDIX 1

According to ISO 3745 and ANSI. 31-1980, the sound power of a
sourée is determined by surrounding it by a hypothetical hemisphere
in the far field. The sound pressure level, Lp* is measured usually
at twelve = equally distributed locations on the hemisphere. Each
location has the same elemental surface area of the hemisphere

associated with it. The Lp are then averaged spatially to give Lﬁ'

Then equation {A.1.1} is used to determine the sound power.
The sound power Tevel of the source can be determined from the

relationship [26],
12

5 _
Lw = LE + 10 ]og]0 §;—- 10 10910 N+C dBre. 10 "“W.
{A.1.1}
where Lﬁ is the average measured sound pressure level referenced to
20 upa,
S = 2Hr2 = surface area of hemisphere,
s _ 1.2
so = m
N = number of measuring locations

Correction term, in dB, for the influence of ambient pressure and

(]
i

temperature.

In order to determine Lﬁ , the sound pressure level of the source

is determined at the 12 locations whose co-ordinates are listed in

Table A.1.1.
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Location Number

Axis Axis Axis
X Y JA
1 0 5.58 2.16
2 3.48 3.48 3.48
3 5.58 2.16 0
4 2.16 0 5.58
5* 5.58 -2.16 0
6 3.48 3.48 3.48
7 0 -5.58 2.16
8 -3.48 -3.48 3.48
9% -5.58 -2.16 0
10 -2.16 0 5.58
11* -5.58 2.16 0
12 -3.48 3.48 -3.48
Table A.1.1 Cartesian Coordinates of Microphone Positions.
Note:
1. The above coordinates, expressed in feet, represent a set of

twelve points uniformly distributed on the surface of a hemisphere

with a radius of six feet, with the origin at the acoustic center

of the source.

*Three decibels shall be subtracted from the sound pressure levels

obtained at those points on the reflecting plane (Z=0).
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APPENDIX 2

Measurement of sound power and error analysis:

Measurement of the sound power by using equation {A.1.1} is
valid only if measurements are done in the free field. Due to
the unavailability of an anechoic chamber, sound pressure measure-
ments were carried out in a large room. The only large room
available had hard plaster surfaces. Consequently, the standard
ANST S1.31 - 1980 was replaced by the more appropriate ANSI S1.21-
1976 to accommodate sound power measurements in a semi-reverber-
ant field. To account for semi-reverberant conditions two new con-
stants, Directivity factor, Q, and Room constant, R, are introduced.
These constants account for the boundary materials etc., as shown

by equation {A.2.1} [26].
_ - QL4 -12 :
Lw = FP 10 10910 (4Hr2 + R ) - 0.5 dBrelQ “W. {A.2.1}

Where Lw is the sound power level,

L- is the average measured sound pressure level referenced to
20 u Pa

r is the radius of the measurement control volume.

The sound pressure levels of the computer are shown in Table A.2.1.
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Location Co-ordinates (Ft) Sound pressure level in octave
bands centred at (dB)*
Number X Y Z 500 Hz 1.000 Hz | 2000 Hz
1 0.00 5.58 2.16 57.5 45.0 46.0
2 3.48 3.48 3.48 55.0 46.0 44.0
3 5.58 2.16 0.00 51.0 43.0 42.0
4 2.16 0.00 5.58 56.0 47.0 45.0
5 5.58 -2.16 0.00 52.5 41.0 39.0
6 3.48 3.48 3.48 56.0 46.0 44f0
7 0.00 -5;58 2.16 53.5 45.0 45.0
8 -3.48 -3.48 3.48 55.0 44.0 41.0
9 -5.58 -2;16 0.00 50.0 - 41.0 39.0
10 -2.16 0.00 5.58 56.0 45.0 45.0
1n -5.58 2.16 0.00 51.0 43.0 40.5
12 -3.48 3.48 3.48 56.0 -47.0 45.0
*&B re 20 pPa L 54.4 44.5 42.9
Table A.2.1: Sound pressure levels measured at 12 locations

on the hypothetical hemisphere surrounding the

computer.
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For a sound source positioned close to a boundary, the Q-factor is
approximately 2 according to reference [26].

Dimensions of the room are 27' x 18.5' x 12'.

Thus, floor area =  499.5 ft2
ceiling area =  499.5 ftZ
wall area = 1092.0 ft2

T area = 2092.0 ft°

According to reference [26], R =~ IS o for small values of a. Values of o
have been obtained from reference [26] for various materials and the

value of R 1is determined as shown in Table A.2.2.

Surface S @ at octave band centre frequency (Hz.)
500 1000 ' 2000
Wooden floor 499.5 x 0.03 | 499.5 x 0.03 499.5 x 0.03°

Concrete Ceiling 499.5 x 0.07 | 499.5 x 0.02 499.5 x 0.02
Portable partitions [1092.0 x 0.20 11092.0 x 0.02 1092.0 x 0.15°

R~ ZSa 238.4 210.6 188.8

Table A.2.2: Determination of Room constant R.

Now, substituting for the variables in equation {A.2.1}, the measured

sound powers in the 500, 1000 and 2000 Hz. octave bands are 70.6,

-12

60.2 and 58.2 dB re 10 '“W, respectively.
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Error Analysis:

The governing equation for the measurement of sound power level, Lw’ is [26]
L =L=-10 Togy, (—& +3) - 0.5 {A.2.2}
W p 10 41Tr2 R T TeT
Thus, the error e is
W 1/2
e = [ ( BLW e )2 + ( aLw eQ) + ( aLw e )2] {A.2.3}
L p R
W p .
or
10 Tog, e
e, = [ eLp)Z + 'Q 710 . 1 ; )2 +
W (“—'E' + §~) 4ty
4mr
10 Tog
( 19— (=} 24172, {A.2.4}
Q 4 2
(- +—) R
4 r R
r=6ft, Q=2, e =2.718
- 2 - 2 _ . 2
Rogg = 238.4 ft° . Ryggq = 210.6 ft° , Ryggo = 188.8 Ft°.
Variation in Lp =+ 0.5 dB.
Thus percentage variation is 0.5 % % 0.5 % in L-
54.4 ? 44 5 > 42.9 p’

Maximum error in Q is 12.5%, as Q-factors between 1.5 to 2.5 have been
approximated as 2 [26]. The error in R will not significantly affect
the final result so as a "worst case" estimate let that be 70% [26].

Corresponding errors e eQ, and ep in Lp, Q and R have been
p

tabulated in Table A.2.3 for quick reference.
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Error Octave band centre frequency (Hz)
500 1000 2000

e 0 0 L

Lp 0.9% 1.1% 1.1%

eQ 12.5% 12.5% 12.5%
ep 70 % 70 % 70%

Table A.2.3 : Errors in Lp, Q and R.

Substituting for e eQ and ep in equation {A.2.4} for each of the
P

500, 1000 and 2000 Hz octave bands, the resulting errors are:

€cog Hz = F 9-8% or + 4.0dB
1000 Hz = + 5.6 4 or + 3.4 dB
2000 Hz = + 5.6% or + 3.3 dB.

There are two major sources of error using the acoustic intensity.
technique. They are due to:
a) the finite difference approximation for the pressure gradient
of up to + 1.5 dB and,

b) the averaging mode of the spectrum analyser of up to + 1.0 dB.

The cumulative effect of these errors cannot be estimated directly so
that an experimental technique was used. The ILG reference sound source
was used to determine the error in the measured value of the acoustic

intensity. For various measurements, the "worst case" error was
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approximately 1.8 dB in the 500, 1000 and 2000 Hz. octave bands.
Thus the acoustic intensity measurement (and approximation) error

has been estimated to be of the order of + 1.8 dB.



117

'APPENDIX 2A

Derivation of expression for the acoustic intensity of a source ;

For a stationary ergodic signal, the acoustic intensity I can be
expressed as,
I=Epuyl, {A.2A.1}

where E denotes the expected value of the pressure, p, and the particle
speed, u. - "By expressing the pressure and speed in terms of complex

numbers, equation {A.2A.1} may be re-expressed as,
1 4/ . . 4
I= E-E {(p +_p*)(ur +oux 1}, {A.2A.2}
where * denotes the complex conjugate. Equation {A.2A.2} may be re-
arranged to yield,
_1 . _— _
I=5E {Re(p . u.) * Re(p . u;v)} , {A.2A.3}

Equation {A.2A.3} may be modified by expressing the variables in terms

of their Fourier components. Thus,

I=%Emd%JF

ur) ¥ Re(Fy o FE )b | {A.2A.4}

Here Fp denotes the Fourier Transform of p .

As mentioned in equation'{2.3}+, the particle speed, u., at some

instant t may be represented as,

t.
u, = (1/arp) f (p, - py)dt " {A.2A.5}
(o]

+Numbers without a letter prefix indicate that the equation is in the
main text. '
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For the particle speed, Up. » Sensed midway between two pressure

transducers, spaced Ar apart,
F ooz i(F -F )i, {A.2A.6}

172
where p is the density of air, and i = (-1) .

The Fourier Transform of the pressure midway between the trans-

ducers is,
le(F +F ) "{A.2A.7}
p 2" pl p2’- T
Substituting equation {A.2A.6} and {A.2A.7} into equation {A.2A.4} gives,

I= [E‘{Re (Fp1)' Im(Fp]) - Re (sz) Im(sz)}

*E{Im (Fpy « F3 )Y 1/ ptro . "{A.2A.8}

For stationary and ergodic signals with zero mean,

E{Re (Fp]) . Im (Fp])} =0, {A.2A.9}
E[Re (sz) . Im (Fp])j:= 0. {A.2A.10}
Consequently, the acoustic intensity spectrum is

I

E{Im (Fyy Fp3)}/ phrw, T {A.2A.11}

= In(G;,)/ ptrw . “{A.2A.12}
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"APPENDIX 3

In order to determine the predominant vibration mode of the
computer's panels, two accelerometers were mounted on each panel to
determine the magnitude of the transverse and axial accelerations.
The resulting accelerations are listed in Table A.3.2 through A.3.5

for convenience. According to equation {3.3} and {3.4}

D for o> z D_ [A.3.1}

where_ASf is the surface area of each "independent" vibrating surface

and D is the stiffness of the plate. Now, the computer's box-Tike

shell is assumed to be made wholly of aluminum. Consequently, the

value of Young's modulus, E, is 70 GPa and the density, Pys is 2870 kg/m3.
Eurthermofe, the panels of the box are considered homogeneous and uni-

form to simplify the analysis so that
En3

D:t—__—
12(1-v2)

= 246.09 Nm.

2

The total surface area of the computer, S, is 0.82475m“ so that for

the centre freqdency, f, of 500 Hz.

D

o = 20.6H=.

r
S

Now 500 Hz, 1000 Hz and 2000 Hz are all greater than 20.6 Hz. so

that

- 2
ASSOO = 0.034m
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2
AS]OOO = 0.017m
A = 0.0085m2
2000 ‘
: S - 0.8247 .
and n = = - 25 points
500 Sf 500 .034
S _0.8247 . .
n = = o= 50 points
1000 ASTOOO 0.017
S - 0.8247: .
n = = - = 100 points .
2000 ASZOOO 0.0085

Next the square of the surface speed " was measured at 25, 50 and 100
Tocations on the computer for the 500 Hz, 1000 Hz and 2000 Hz octave
bands, respectively. Sixty-four averages were invariably used to improve
the signal to noise ratio.
Thus
' 2
k.ASf

Ws = pcS > 5<is {A.3.7}
5000 Hz (27 + k°A Sf) n

“Constants" p,c,S,k and ASf are known so that the sound power level

may be abtained next for
85¢ = 0.034n°, k% = 83.39, S = 0.82475n7, ¢ = 343ms~L, o = 1.16 ke/md.
The octave band surface speeds are shown in Table A.3.1. The sum
of the squared speeds - in the octave band centered at 500 Hz, shown
in Table A.3.1, is 196.4 x 10'9m2/52. Consequently, fnserting appropriate

values for the variables in equation {A.3.1} yields

- 1.16 x 343 x 0.82475 x 83.89 x .034 x 1.964 x 10~/

WS -12
500 Hz 10 X (27 + 83.89 x 0.34)

72.8 db re 10712 y,
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Location Velocity squared <é2 >
N in the 500 Hz. octave
band (dB re 107 2m?/s?)

1 38.5

2 39.5

3 39.5

4 -39.5

5 37.5

6 38.0

7 38.0

8 38.0

9 37.0

10 37.5

11 40.5

12 40.5

13 40.5

14 40.5

15 38.0

16 38.5

17 39.5

18 38.5

19 38.0
20 40.5

21 38.5

22 36.5

23 36.0

24 37.5

25 37.5

Table A.3.1. Octave band velocity squared values in
the oactave band centred at 500 Hz.
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One-third octave
centre frequency Transverse acceler- Axial acceler-
(kHz) ation dB re 1g ation dB re 1g
0.96 50.3 49.8
0.020 51.2 51.5
0.025 53.6 51.0
0.032 63.1 52.9
0.040 69.1 58.0
0.050 72.7 67.2
0.063 78.1 61.0
0.080 87.8 74.6
0.100 81.6 81.9
0.125 85.9 76.5
0.160 99.6 77.5
0.200 95.8 82.0
0.250 76.8 63.3
0.320 79.4 68.1
0.400 82.0 68.3
0.500 92.5 72.1
0.630 88.4 73.7
0.800 95.4 75.7
1.000 92.1 74.5
1.250 84.7 74.7
1.600 81.4 70.2
2.000 86.2 74.2
2.500 82.8 78.4
3.200 82.6 81.9
4.000 88.7 86.2
Table A.3.2: Relative transverse and axial acceleration levels

on top panel of computer.



One-third octave
Centre frequency

Transverse dccelerat-

Axial accelerat-

(kHz ) jon dB re 1g ion dB re 1g
0.016 61.4 59.3
0.020 60.4 58.1
0.025 59.9 57.6
0.032 59.0 60.0
0.040 60.5 66.8
0.050 59.3 65.5
0.063 69.2 62.7
0.080 73.3 72.3
0.100 70.8 79.8
0.125 69.3 74.6
0.160 73.8 72.4
0.200 75.7 78.0
0.250 72.3 62.7
0.320 74.4 70.7
0.400 77.4 68.2
0.500 85.4 72.1
0.630 81.2 73.9
0.800 88.1 75.2
1.000 78.5 66.8
1.250 83.2 71.9
1.600 77.4 71.3
2.000 80.7 73.7
2.500 79.2 78.3
3.200 82.8 79.9
4.000 87.3 86.8

Table A.3.3: Relative transverse and axial acceleration levels
on left panel of computer.
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One- third octave
centre frequency

Transverse accelerat-

Axial accelerat-

(kHz) ion dB re 1g jon dB re 1g
0.016 49.4 46.1
0.020 49.4 47.4
0.025 50.6 49.1
0.032 53.9 57.8
0.040 56.3 63.1
0.050 59.2 71.3
0.063 68.6 67.4
0.080 74.7 77.1
0.100 72.4 76.9
0.125 71.6 76.6
0.160 69.2 76.6
0.200 80.0 83.1
0.250 68.8 68.6
0.320 72.7 73.1
0.400 84.4 67.3
0.500 92.7 77.5
0.630 87.7 78.04
0.800 93.3 79.86
1.000 86.3 70.31
1.250 87.4 74.4
1.600 79.0 71.9
2.000 79.6 77.0
2.500 79.7 78.2
3.200 86.9 84.4
92.5

4.000

89.9

Table A.3.4: Relative transverse and axial acceleration levels
on right panel of computer.



125

One-third Octave
centre frequency Transverse accelerat- Axial accelerat-
(kHz) ion dB re 1g ion dB re 1g
0.016 53.3 48.1
0.020 59.7 49.8
0.025 66.8 53.6
0.032 72.7 60.2
0.040 78.7 68.6
0.050 86.7 70.8
0.063 96.0 75.4
0.080 106.8 88.8
0.700 97.8 85.7
0.125 99.4 78.6
0.160 96.5 78.5
0.200 100.7 84.9
0.250 87.3 66.8
0.320 85.9 73.7
0.400 85.6 70.1
0.500 85.5 72.5
0.630 77.5 74.8
0.800 79.1 76.7
1.000 82.8 75.1
1.250 80.6 76.1
1.600 72.9 75.2
2.000 75.3 75.9
2.500 77.1 77.3
3.200 84.0 82.9
4.000 89.6 91.4

Table A.3.5 Relative transverse and axial acceleration levels 6n

rear panel of computer.
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‘Evror Analysis

Major errors are caused by the simplifications and assumptions
associated with equation {3.3}. First, the computer is assumed to be in
an infinite baffle; a condition that is obviously not satisfied in a
semi-reverberant room. As in the acoustic intensity case the measured
sound power levels would be higher due to the reflected waves from the
room boundaries. Second, it is assumed that the sound sources are
spaced uniformly throughout the computer; a condition that is evidently
untrue as seen in Chapter II. In practice, more measurement points
should be allocated to the regions with the greater radiation levels
to prevent any bias in the measured sound power level. Third, the
computer's exterior panels have been assumed to be homogeneous and
free of local stiffeners and mass dampers. Once again, this assumpt-
ion is not strictly valid due to the complexity of the computer's
construction. On the computer, the external attachments occupy a
significant proportion of the total surface area when compared to
the area of the "homogeneous" panels. Consequently, this distorts
the simple "pulsations" of the exterior panels. These errors can only
be expressed -qualitatively. The only error that can be quantified
is that which occurs in the determination of the square of the sur-
face velocity. This error has a magnitude of + 1.0 dB when 64
averages are performed within the spectrum analyser. The following

section determines the magnitude of the measurement error.
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An error analysis, for the sound powers measured by using the surface

velocity technique follows.

K2

ASs .2
We=xpcS —— % < £ > {A.3.2}
n 2m + k ASf
M e K0S, :
—==23%pcS 5 <E > {A.3.3}
o n 2m +k" A Sf

e<t>= + 12% of < £ >

An estimate of the average surface. velocity is, < é >=2.75 X 15 ms'J
Thus, ) 2.85 -9,2
e = 2 x 1.14 x 343 x 0.826 x 313 X 0.12 x (2.75x 10°7)
= 1.82 x 10°0W .

Now the sound power of the computer is of the order 1.9 x 10'5w. This

implies a negligible measurement error.
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- 'APPENDIX 4

Sample calculation of the power crossing sections AA' and BB' (Table 4.1)
at 80 Hz.

The vertical components of the intensity vectors are marked in
Figure A.4.1 for a spacing between measurement locations of 0.0889m.
By using the sign convention of downward positive, the net intensity
crossing section AA' is 86.4 dB whilst the net intensity crossing
section BB' is 74.50 dB. Then the net power flow towards the sand pit

across:

a) Section AA' is 10Log, [Antilog 8.64 x .0889] = 75.90 db re 107 %;

and across

b) Section BB' is 10Log10[Antilog 7.45 x .0089] = 64.00 db re 10‘12w.
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Figure A.4.1:

Intensity levels crossing sections AA' and BB’

(dB re 10712 y/m)
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