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IMPLICATIONS OF VARIABILITY IN CoRTN
INTERPRETATIONS

By: David Wren
Vipac Engineers & Scientists Ltd

INTRODUCTION

The UK Department of Transport Welsh office method of Calculation of Road Traffic Noise (CoRTN)
has been widely used to predict the impact of new roads and highways and is the prescribed method
for predicting compliance with the current Vic Roads L4g(18 Hour) criterion of 63 dBA. In order to
predict the noise impact of real-world carriageways and freeways, a number of interpretations must
be given to various parameters and calculations within CoRTN. In this paper, we will discuss some
of these interpretations and demonstrate the impact they have on the predicted L10(18 Hour) sound
pressure level.

BACKGROUND

Over the past number of years, State Regulatory Authorities charged with the implementation and
upgrading of road networks have increasingly used and specified the CoRTN method to determine
the effect on residencies of proposed changes to road systems including a change in traffic numbers,
carriage way variations/construction or a combination of both.

The tendering process for major projects (which most times includes the design and construction of
the noise abatement treatments as well as that of the road sections) often involves submitting a
"Conforming Tender’, which mests the (calculated) requirements as proposed by the State
Regulatory Authority. These calculated requirements will include the position(s) of, as well as the
height of the necessary noise barriers.

A “Conforming Tender* may also be jointly submitted with a *Non Conforming Tender*. This *Non
Conforming Tender® is based upon the tendering Private Sector Consortium's estimates and
calculations. Often the location and height of noise abatement treatments such as noise barriers
proposed in the “Conforming Tender* and the *Non Conforming Tender® are different, due to the
reasons explained below.

DETERMINATION OF TRAFFIC NOISE USING CORTN

The CoRTN method of the calculation of traffic noise is primarily based upon the assumption that
each source of noise (traffic flow) is a continual line source, with a 180° view of the road.

Given a traffic flow rate, percentage of heavy vehicles, traffic speed, gradient of road and road
surface, the *Basic Noise Level" can be calculated.

distance attenuation

- ground cover

- screening

- barriers

- 8, calculated from the angle subtended by the
road
ie 10log(6/180)

- Site layout

This *Basic Noise Level" is then corrected for
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Calculation of distance attenuation and barrier attenuation are based upon the shortest slant distance
from and the relative height of the receiver location to the "Effective Source Location®. This "Effective
Source Location” is defined to be the point on the source line of a perpendicular projection from the
receiver position to the source line.(see Figure 1.)

If the road segment does not extend to a point where a perpendicular intersection can be drawn, then
the source line is to be extended to a point where a perpendicular intersection can be drawn and any
calculations are then made to this point.

\ R " ReCeptIOn point

Shortest slant distance

Effective source hine

d' = (h'+ (d+3.5) 1%

Figure 1

4.0 SOURCES OF VARIATIONS IN THE PREDICTION OF TRAFFIC NOISE LEVEL

It appears that the major variations in the calculated results of a CoRTN prediction occur in (i) the
barrier path difference calculations and to a lesser degree in (ji) the distance attenuation calculations.

Both these factors are affected largely by the *Effective Source Position® location (as previously
defined), both in terms of it's horizontal distance and it's relative height to the receiver position.

This is because three distinctively different receiver/sources arrangements can all have the same
*Effective Source Position* location and thus the same perpendicular distance between the receiver
and the "Effective Source Position” location. (See Figure 2)
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4.1 Attenuation due to distance

CoRTN assumes the traffic flow (noise source) to be a "line source” and thus there is a 3dB increase
in attenuation per doubling of distance.

For the four situations shown in Figures 2a, 2b, 2c & 2d , the predicted noise level, at the receiver is
determined from the "Basic Noise Level® by correcting for the length of the road segment/source line
via the "angle of view" ie by 10log(6/180) for the configuration shown in Figure 2a and by 10log(¢
/180) for the configuration shown in Figures 2b & 2¢

CoRTN stipulates that the value "d" be used in the calculations to determine the distance attenuation,
not the actual distance from the segment to the receiver point. Thus in Figures 2b & 2¢ the CoRTN
calculated distance attenuations would be equal whereas in reality, the CoRTN calculated distance
attenuation for Figure 2b, should be greater, in some cases considerably greater.

42 Attenuation due to Barriers

The CoRTN method for determining the attenuation correction due to barriers, is based upon the
path difference 3, as shown in Figure 3.
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This path difference is calculated, as with the distance attenuation, using the horizontal perpendicular
distance between the receiver point and the *Effective Source Position” location, not the actual

distance from the receiver point to, say, a mid point in the particular line source.

The path difference is also calculated using the distance between the relative heights of the receiver
point and the line source. While it is clear cut as to the height of the receiver point, the author has
seen a number of interpretations used for the height of the line source.

These interpretations occur where there is a difference (or changing difference) in the relative level
of the road segment under consideration to that of the relative level of the receiver point. The various
interpretations of the height of the source line to be used in the path difference calculations can be
summarised as follows:

Interpretation 1: For a road segment (of constant level) which actually contains the
"Effective Source Position* location, the height of the source line to be used in the path
difference calculations is the height of the "Effective Source Position® location — see
Figures 2a & 2¢c

Interpretation 2: For a road segment (of varying level) which actually contains the
“Effective Source Position* location, the height of the source line to be used in the path
difference calculations is the height of the "Effective Source Position" location - see
Figures 2a & 2¢

Interpretation 3: For a road segment (of varying level) which actually contains the
*Effective Source Position” location, the height of the source line to be used in the path
difference calculations is the average height of the road segment - see Figures 2a & 2¢

Interpretation 4: For a road segment (of constant level) which does not contain the
"Effective Source Position* location, the height of the source line to be used in the path
difference calculations is the height of the projected road segment at the "Effective
Source Position* location (Essentially the actual height of the road segment)- see Figure
2b
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Interpretation 5: For a road segment (o) (of constant level) which does not contain the
*Effective Source Position" location, the height of the source line to be used in the path
difference calculations is the height of the actual road segment (B) where the projection
of road segment (o) intersects at the "Effective Source Position® location - see Figure 2d

Interpretation 6 : For a road segment (o) (of constant level) which does not contain the
*Effective Source Position* location, the height of the source line to be used in the path
difference calculations is the height of the actual land topography at the projection of
road segment at the "Effective Source Position* location - see Figure 2b

4.3 The Model

To determine the degree of impact of the above factors, a simple model was chosen which simulated
many of the situations and topography for freeways Vipac had recently been involved in.

The model consisted of a straight dual highway, with an "angle of view" of 172° to the receiver point.
The receiver point was equidistant from each end of the road and approximately 40 metres (d) from
the inside edge of the nearest carriageway. The road was divided into 3 segments of equal "angle of
view*, resulting in the outer segments being approximately 482 metres in length and the central
segment being approximately 36 metres in length. (See Figure 4)

The gradient of the road segments (0°) and type of road surface was uniform through out the road
segments. As only the variations in the total level, not the absolute levels, were of interest, the
assumed traffic flow rate, road surface type, percentage of heavy vehicles, height of receiver (1.5m)
and height of source above road (0.5m) were kept constant for all calculations.

The ground cover was taken as zero.
The barriers were assumed to be placed 3 metres from the outside edge of the nearest carriage way

on the receiver side of the carriageway. The barriers were located parallel to and at the same level
as that of the carriageways.

SEGMENT 1 SEGMENT 2 SEGMENT 3
® Receiver '
Position O = Effective Source Position
Total angle of View Total angle of View Total angle of View
of Segment1=0 of Segment 2 = J of Segment3 =<
J = 57°

Figure 4
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4.4 Parameters Varied

The variations considered were the horizontal distance between the receiver and source, the relative
height between the receiver and source and the barrier height.

4.4.1 Relative height of source line to the receiver point.

The relative level of one outer segment was varied with respect to the receiver position/other two
segments by between +4.0 to —4.0 metres. The barrier attenuation was then calculated. The barrier
attenuation for the remaining two segments was based upon the relative levels of the segment and
the *Effective Source Position" location. (As defined in interpretation 2 & 4)

All barrier calculations, for both the varied outer segment and the two remaining segments, were
made using the horizontal distance d from the receiver point to the “Effective Source Position*

location.
The size of the barrier height itself was varied from 0.5 - 4.0 metres.

The total Predicted Noise Level at the receiver point was then calculated for the entire section of
road.

The above scenario was then repeated except that both outer segments were either raised or
lowered with respect to the "Effective Source Position® location (Central Segment).

4.2.2 Variation in horizontal distance between receiver position and source line.

For this prediction, the height of the road segments was kept constant and equal to that of the ground
level at the receiver position.

Two different horizontal distances were used to calculate the barrier path differences viz, the
distance from the receiver position to the *"Effective Source Position* location and the distance from
the receiver position to the midpoint of the segments.

Barrier heights were varied as previously had been done. Also, as before, the effect of one outer
segment and then two outer segments on the total Predicted Noise Level at the receiver point was
then calculated for the entire section of road.

RESULTS

The results of the calculations are shown in Figures 5 - 7.

As Figures 5 - 7 show, the major variation in the total Predicted Noise Level occurs when the actual
levels of the road segment are used as compared to the case when only the relative levels at the
“Effective Source Position” location are used.

Variations of -3.0 dB to +1.0 dB occurred when one outer segment was assumed at it's actual
relative height level, for various combinations of barrier height, while -3.5 dB to +2.0 dB variation
occurred when both the outer segments were considered.

When the actual horizontal distance between the receiver point and the mid point of the segment, as
compared to using the horizontal distance to the *Effective Source Position* location, a variation in
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total Predicted Noise Level of -0.3 dB to +0.2 dB was observed if one outer segment was
considered. If both outer segments were considered the variation was -0.5 dB to +0.7 dB.

DISCUSSION

The graphs in Figures 4 — 6 show some inconsistencies, however, these are likely to be due to the
situation where the receiver point, top of the barrier for a particular segment and the source height on
that segment all line up. The choice of a receiver point to be in the shadow or illumination zone of the

barrier also effects the resuits.
In any case, the effect of the variations described above is certainly evident.

While certainly the model examined here is extremely simple, the effect of the variations on total
Predicted Noise Level is very significant when the cost of barriers is considered in relation to meeting
the current L4g(18 Hour) = 63 dBA criterion. A difference of only 0.2 dB to 0.5 dB can mean
significantly increased requirement for barriers and thus the cost for noise mitigation.

When using CoRTN to predict the impact of new rcads and highways to meet a compliance with the
current L1p(18 Hour) criterion, care should be taken when determining the effect of various road

segments and associated barriers.

CONCLUSION

Depending on the interpretation of the CoRTN methodology, variations in the total predicted noise
level can occur which have a significant impact on the amount of noise barriers required and thus on
the cost of noise mitigation for a given project. It is vital that standard interpretations be adopted.

VARIATION IN TOTAL SPL BETWEEN USING THE
PERPENDICULAR DISTANCE AND ACTUAL DISTANCE
FOR THE BARRIER CALCULATIONS
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VARIATION IN TOTAL SPL FOR VARIOUS BARRIER HEIGHTS
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Keynote Address:

Psychological Perspectives on
Regulating Noise Immissions

Bernd Rohrmann (University of Melbourne, Dept. of Psychology)

(1) The problem: harmful noise effects

Environmental noise caused by roadtraffic, aircraft, railways, industrial facilities, construction
work, leisure activities etc. has many adverse effects on human health and well-being.
These physical, psychological and social impacts are significant for both the workplace and
life in residential areas. Thus strict regulations are indispensable.

(2) Means of regulating the impacts of noise

Generally speaking, there are three ways in which noise impacts can be mitigated:
changes at the source of emission (e.qg., technical measures or restrictions of operation);
changes at the point of immission (e.g., exposure limits or earplugs); and changes 'in
between' (e.g., noise barriers or relocation). Usually regulations employ both technological
and administrative approaches. Immission limits are the core of protective efforts in noise-
exposed residential areas.

(3) Setting immision standards

If environmental immissions such as noise place human health and well-being at risk, it
is the responsibility of the authorities to assess the scientific knowledge available in order
to identify critical exposures and to initiate measures which protect the affected population,
including emission or immission limits. Setting standards for noise protection requires
dealing with five issues:

> The effects issue: What somatic/psychological/social impairments occur?

> The causality issue: Is the immission a primary cause of the observed effects?

> The relevancy issue: Which effects are to be evaluated as undesirable/unacceptable?

> The transformation issue: Which levels of exposure correspond to these critical effects?

> The regulation issue: Which technical and/or regulatory actions provide the desired
protection?

As disturbance and annoyance are the most frequent effects of environmental noise,
psychological findings turned out to be the crucial input into standard-setting efforts.

However, the utilization of scientific research for the purpose of respective risk assessment
and political decision-making lead to a variety of problems. Cardinal difficulties are that the
effects of environment stressors constitute a multicausal process: that data on somatic,
psychological or social effects and evaluations of unacceptable impacts have to be
converted into physical units; and that normative statements, not just empirical findings, are
required.



(4) Effectiveness of noise regulations

Environmental standards should provide effective protection for people at risk; and it
should be possible to verify their effectiveness. Actual immission limits for, e.g., traffic or
industrial noise achieve that only moderately — mainly because the 'stimulus-response’ (or
dose-impact) relationship is embedded in a complex structure of effects. The less the
physical and/or administrative/legal definition of a standard correlates with the medically or
psychologically critical impact threshold, the larger will be the fraction of the affected
population virtually left unprotected. Standards are defined (both on the stimulus and on the
response side) on the basis of average conditions and are intended to generalize across
specific situations and individual risk characteristics. Although this enhances their universal
validity, at the same time it reduces their effectiveness in respect to individual cases,
because the variability of responses is ignored. Only stricter limits can compensate for this.
Another problem is the restriction to 'one-number' indices, as this might lead to an insuf-
ficient or even invalid characterization of noise impacts for particular exposure conditions.

(5) Outlook: Research & policy needs

Consequently, furtherapproachesto defining and handling noise regulations for residential
areas should be explored. Also, as setting environmental standards is virtually a normative
process, the make-up ofthe decision-making body and its legitimation are ofkey importance.
Finally, the effectiveness of immission limits has to be proved in terms of community
response — therefore systematic social-scientific evaluation research is essential, both to
check whether the desired protection of health and well-being is realized and to learn about
possible improvements.



A TECHNIQUE FOR MEASURING INSTALLED SILENCER
ATTENUATION PERFORMANCE

Byron Martin

VIPAC Engineers and Scientists, PO Box 439,
WOODVILLE SA 5011

INTRODUCTION

To quickly reduce tonal (blade pass) noise emissions from a large
exhaust stack [1], an absorptive silencer was designed [2] and installed.
This "quick-fix" would allow sufficient time for a reactive silencer to be
designed, including model testing. The absorptive silencer was built and
installed at a total cost of around $30,000. Immediately the complaints
from the local and distant neighbourhoods about noise ceased, and the
plant management cancelled the reactive design pending durability trials
on the absorptive design. We predicted one to two years effective
operation, and based on this "life" plant management considered it was
more "cost effective” to regularly replace the absorptive in-fill, at about
$12,000 a time, than to spend about $120,000 on a "permanent" silencer.

The location of the silencer and the details of its construction are
shown in Figure 1. The presence of contaminates, dust and moisture,
would eventually "clog" the absorptive material in the silencer. Therefore
the acoustic attenuation was to be monitored to predict the degradation
of the silencers acoustic performance. Trending the acoustic performance
in this way would therefore allow sufficient lead time for maintenance to
be programmed into the regular plant shut-downs.

Traditionally a far field monitoring station would be used to monitor
the attenuation but several stations would be required to overcome the
effects of the prevailing weather conditions. Also, the environmental
(residential) background noise levels effect the accuracy of determining
stack noise level increases and hence performance degradation.
Measuring the attenuation in-duct overcomes these problems but in-duct
noise measurements will be dommated by flow noise which will tend to
mask the attenuation.

The aim of this work was to develop a reliable and repeatable



method for measuring the (tonal) acoustic attenuation of the silencer
in-duct. The bandwidth of interest extended from 100 to 1000 Hz.
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FIGURE 1
Schematic Layout of the Duct, Cross-Section of the Silencer and a view of
the construction of each Element

The Time Synchronous Averaging technique detailed in this paper
results from our attempts at minimising the convected noise field
produced by the exhaust gas flow, in order to resolve the propagating
tonal acoustic field responsible for the community annoyance.

MEASUREMENT TECHNIQUES

To minimise the effect of flow noise on the in-duct noise
measurements, four microphone - probe combinations were trialled.
These consisted of probes with two lengths; long - for SPL. measurements
in the centre of the duct and short for SPL. measurements just off the wall
on the duct, and two end styles; square and at 45°. Two microphones
were used; a 1" B&K 'reference” and 10mm RS "working" grade for
possible permanent installation and low cost replacement because of the
harsh environment inside the duct. Figure 2 shows these four microphone
- probe configurations.

Both up and down-stream of the silencer the in-duct noise field
would be measured in a grid pattern to determine if variances existed
across the duct; using the long probes. Our aim being to determine if the
noise field could be sampled near the duct wall at one place; using the
short probes. Experience at similar installations by our engineers [3] had
shown that a probe with a 45° end would minimise the effect of the flow
noise.



LONG PROBE - 3.0 m

m\“\\m}\\\\\\\\\\\\\\\\

4
== ool Ing Al Holes
B icrophone
AINLLLLLALL SIS AUANN LNV

SHORT PROBES

INSTALLATION OF ELECTRET MICROPHONE

FIGURE 2
The four Microphone Probes used for this work, the Long Probe (3m)
has two possible end pieces as well as provision for an Electret
Microphone.

IN-DUCT NOISE FIELDS

Sound pressure levels were measured with both probe ends in a grid
pattern in the sections of the duct down and up-stream of the silencer,
see Figure 1. Typical narrow band spectra are presented in Figure 3,
showing that the sound field up and down-stream were dominated by a
tone at 31.5 Hz. This frequency corresponds to the long probe resonance,
calculated with ¢ = 395 m/s (@ 115°C) and a probe length of 3.0m. The
blade-pass frequency is 180 Hz. Thus a probe would need to be much
shorter than 0.5m, say 200mm. The "cooled" electret microphone was
used in an attempt to "shorten" the probe length, but it melted.
Unfortunately neither of the probe ends used with the long probe
reduced the convected noise field sufficiently to reveal the fan blade pass
or it’s harmonics, as can be seen in Figure 3. '

The sound pressure levels measured with the short probes showed no
characteristic features eg blade pass tones. We knew however that a
blade pass tone was audible away from the plant. Experience with the
analysis of gear meshing vibrations suggested that the blade pass
frequency and its harmonics should be fully synchronous with the fan
rotation.

TIME SYNCHRONOUS AVERAGING

By synchronously averaging [4] the noise field within the duct with
the fan run-speed, all the non-synchronous noise, ie flow noise, will



average to zero. The non-synchronous noise reduction is proportional to
the square root of the number of averages. The synchronous part, in this
case the blade pass and its ‘harmonics, will remain and the convected
noise field will be removed.
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To achieve this improvement in signal-to-noise, the microphone
probe (short with a square end) was inserted just inside the duct wall and
a once-per-rev tacho pulse was taken off the fan shaft. The tacho pulse
was then used to trigger the averaging mode in a spectral analyser. The
equipment used was a B&K 2209 sound level meter and a CSI 2110 data
collector and analyser, as shown in Figure 4. The resulting up and
down-stream spectra shown in Figure S, clearly show that TSA has
reduced the non-synchronous flow noise by 20-30 dB and revealed the
blade pass tones.
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Up and Down-Stream Sound Pressure Level, after 100 Time Synchronous
Averages, cf Figure 3

CONCLUSIONS

The technique of Time Synchronous Averaging an acoustic field
inside a duct system with the fan rotations, allowed the removal of
convected flow noise to reveal blade pass tones and their harmonics.
These tones, measured both up and down-stream of a silencer, allowed
the in-duct acoustic attenuation of the silencer to be readily calculated.
Knowledge of this acoustic performance, in this case degradation, allowed
sufficient time to warn the plant operators so that it could be rebuilt at a
regular shut-down, well before any environmental noise complaints were
made. Figure 6 shows how the gradual loss of attenuation occurred with
time, until the fibreglass in-fill in the splitter elements was replaced after
fifteen months operation.
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FIGURE 6
The acoustic performance degraded with time, until in May the silencer
was rebuilt.
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USE OF POLYURETHANE DAMPERS TO REDUCE NOISE FROM
A ROLL-FORMER SHEAR

H. M. Williamson, C. G. Speakman

Acoustics and Vibration Centre

University College, University of New South Wales
Australian Defence Force Academy

Canberra, ACT 2600

INTRODUCTION

Roll-formed products are made from rolls of sheet metal which are cold formed to
the required shape by feeding a flat sheet through a series of profiled rollers. Production
is normally a continuous process with the sheet passing from the rollers, through a shear
and onto a run-out table. The sheet is cut to the required length using a flying shear which
impacts the sheet at high speed. The lower shear blade is shaped to match the profile of
the product whilst the upper blade has a small rake designed to improve cutting efficiency.
Figure 1 shows a schematic diagram of a typical roll-forming operation using an ‘airbag’
shear (a shear powered by compressed air). Hydraulic shears are also common in roll-
forming operations.

Roll-formed sheet metal products, which come in a variety of profiles, thicknesses
and surface coatings are used extensively for roofing, walling and fencing of industrial and
domestic buildings. Two common examples of roll-formed products are shown in figure 2.
In order to reduce transport costs and to provide a rapid response to customers, a large
number of roll forming production lines are distributed around urban and rural centres
throughout the country. '

High impulsive noise levels are produced by the cutting action and the resulting
impact induced vibrations of the product and surrounding structure. The noise levels are
of concern for both environmental and worker safety reasons. The operator works in close
proximity to the shear removing and stacking sheets and is hence exposed to high noise
levels during production. The operator requires frequent access to the shear to remove
the finished product and to guide the sheet through the shear after roll changes. The need
for access to the shear together with the high costs involved make the installation of noise
enclosures an unattractive option unless significant noise reductions can be achieved.

Noise measurements were taken before and after the installation of noise
enclosures around two roll-former shears (1). These measurements indicated that the
performance of the enclosures was well below what would normally be expected. The
enclosures were made to cover only the immediate area around the shear and because
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the product extends well beyond the confines of the enclosure, openings were required for
the inlet and outlet of the sheet. Analysis of the results suggested that noise radiated by
structural vibrations (primarily from the product) were dominant after the installation of the
enclosure. The effectiveness of noise enclosures placed around roll-former shears will
therefore be severely limited unless some form of sheet damping is also installed.

An early investigation (2) indicated that a major source of noise in the shearing
process was noise radiated from the sheet metal product. As a result of this investigation
prototype sheet dampers were developed by Lysaght to test the effectiveness of sheet
damping in reducing the noise from roll-former shears. The dampers were attached to a
hydraulically actuated shear producing the Trimdek profile shown in Figure 2. These
dampers consisted of polyurethane fingers which were attached to the shear carriage and
clamped the sheet just prior to and after cutting. The resulting investigation (3) concluded
that sheet damping was an effective an practical means of reducing impact noise from a
roll-former shear. A reduction of 5.5 dB(A) was achieved under production conditions with
upstream dampers in place and this was increased to 7.9 dB(A) with both upstream and
downstream damping. ‘

Larger dampers were constructed which conform to the profile of the product. The
intention was to achieve a larger contact area than the dampers used in previous trials.
This paper reports the results of tests conducted on these dampers and forms part of an
ongoing investigation undertaken by the Acoustics and Vibration Centre and Lysaght
Building Industries. The aim of this research is to find cost effective retrofit noise reduction
techniques which can be apphed to the large vanety of roll-former machines currently in
production. , t

EQUIPMENT AND TEST PROCEDURE

SHEAR

Tests were conducted on an 'air-bag' shear producing the Custom Orb profile.
Figure 5 shows a schematic diagram of an 'air-bag' roll-former shear and the position of
the sheet dampers. Figure 2 shows the common 'Custom-Orb' product. The shear is
actuated by passing compressed air into air bags above the top blade carriage which is
then forced downward. In normal operation the top blade makes contact with the sheet
and the shear moves with it until the cutting stroke is complete. For this investigation,
measurements were conducted with the roll-former static.

DAMPERS ~

Sheet dampers were constructed from a steel base plate coated with polyurethane
which was moulded to the shape of the product profile as shown in figure 3. The dampers
extend over the full width of the sheet and cover 200mm of sheet length. Two sets of
dampers were manufactured using 40 and 60 durometer hardness polyurethane. The
product was held firmly between the dampers by applying a clamping force between the
upper damper and the lower blade carriage as shown in figure 4. The dampers were
placed upstream of the shear as close as practicable to the cuttmg blades. No
downstream dampers were used for these tests. -

MEASURING EQUIPMENT
Simultaneous noise and vibration measurements were recorded using a micro-



computer based data acquisition system in conjunction with a Briiel and Kjeer modular
precision sound level meter type 2231 (SLM). The AC output from the SLM was
connected to the data acquisition system and the noise from the cutting action was
recorded simultaneously with the vibration measurements from two accelerometers. The
first accelerometer attached to the upper blade carriage, was used to trigger the recording.
The second accelerometer placed 400mm upstream of the shear blades recorded sheet
vibrations. The SLM was placed 1.5m above the factory floor and 2m from the shear.

RESULTS AND DISCUSSION

The results shown in Table 1 are the noise levels achieved relative to the no sheet
damping case, each value being the average result of four cuts. The digital data was
processed using computer software to simulate the fast averaging response of the SLM.
This allowed the noise signal to be separated into very short time periods and hence the
LAeq and the LAmax of the cutting pulse were calculated. The LAmax was also read
directly from the SLM and compared with the computer generated value in order to check
the accuracy of the calculations. The calculated LAmax values were within 0.1 dB of the
SLM readings. The results show that the softer (40 durometer hardness) dampers were
more effective in reducing sheet vibrations.

LAeq of Cutting Pulse LAmax (fast response)
40 Durometer Dampers - 3.8 dB(A) - 4.0 dB(A)
60 Durometer Dampers - 3.5 dB(A) - 3.5 dB(A)

Table 1 - Noise levels relative to no sheet damping dB(A)

Figures 6 shows a typical example of the data obtained from the digital data
acquisition system. The upper two traces of figure 6 show the acceleration recorded from
an accelerometer placed 400mm upstream of the shear blades in the centre of the
product. The accelerations recorded show that both the amplitude and duration of the
sheet vibrations have been reduced by damping the product. The lower traces show the
sound pressure resulting from the shear cutting. These results show the good correlation
between the sound pressure and sheet vibration measurements as well as the reduction in
noise levels achieved by damping the sheet. Further reductions in noise levels can be
expected by adding dampers downstream of the shear. :

As in previous investigations, sheet damping has proved an effective means of
reducing the noise produced by roll-former shears. Only upstream damping was utilised in
these tests. This is probably the reason why a smaller noise reduction was achieved in
these tests compared to the finger damper case (2). Other factors influencing this result
are;

. The large flat sections on the Trimdek profile may be more easily damped than
the profiled sections on the Custom Orb product. It should be noted that the
noise produced by shearing the Trimdek profile is up to 5 dB higher than that
produced by shearing Custom Orb.

. The airbag shears have very rigid blade stops which were not present on the
hydraulic shears used in previous tests. The noise produced by the blade
striking these stops may have become increasingly dominant following the
reduction in noise radiated by the product.

11
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3iThe noise reduction achieved by the polyurethane dampers has been encouraging
and the dampers are currently being attached to the actuating mechanism of the shear in
order to clamp the sheet just prior to cutting. Once the dampers are incorporated into the
machine investigations will be carried out under production conditions in order to optimise
the performance of the dampers and to find the most effective and durable damping
material. ‘

CONCLUSION

Noise radiated from the sheet is a major source of noise associated with shearing
roll formed products. Damping sheet vibrations close to the blade has been shown to be
an effective method of reducing this noise. The use of polyurethane dampers shaped to
the profile of the product has shown promise and given further development significant
noise reductions can be expected.

REFERENCES
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MS-DOS BASED SYSTEMS FOR AIRPORT NOISE CONTROL
A.D. Wallis MIOA (1), R. Thorne (2)

(1) Cirrus Research plc, Hunmanby, United Kingdom.
(2) Cirrus Research pty, Rotorua, New Zealand.

INTRODUCTION

In previous communications (ref 1), we have described the high technology noise
monitors installed at Sydney, Brisbane and Melbourne airports. In this paper, we
give a further report on the advances made in automatic aircraft recognition and
subsequent measurement of aircraft noise. Some of these new ideas have been
incorporated into noise monitoring systems fitted at Wellington, New Zealand as
well as Warsaw, Poland and Miami, Florida, while the latest frequency measuring
system is now fitted to a new system in ltaly.

The installation at Sydney was fitted with what was then the most complex
algorithm used in a commercial system.
Figure 1 shows the basic elements.

The use of guard times to identify | ,w

reverse thrust were an essential |7 m (e
addition, as at many airports such as "

Sydney, a simple algorithm would pick -
this noise up as a separate event and "
thus allow the event correlation to get ,
out of step. At Sydney, a large, but oot lecumen Tinesy
slow UNIX system was adopted as the TINE
host because the complexity of the
overall Noise and flight tracking
system which militated against an MS-
DOS application. Today, with the huge increase in computer speeds over the last
few years, it now becomes practical to use MS-Windows to operate the whole
system. This gives much faster operation and a huge saving for the user, with
little, if any performance reduction; indeed today systems can run faster under
DOS than UNIX. 1

Figure 1: Original template

The main advance at Sydney was the very high standard of the actual noise
monitors, which at the time took second place to the great publicity about the
software used to read them and display the data. It is clear to anyone in the
acoustic field that to have an accurate reliable system, the main requirement has

to be a stable, accurate and reliable Noise Monitoring terminal, a fact usually

forgotten by those who see the software as the main task. Since Sydney, the
internal program in the terminals, normally called the firmware, has been modified
out of all recognition to the original. However, the actual hardware has stood the
test of time somewhat better and the physical modifications have been very minor,
mainly in fact made to take advantage of new integrated devices, which can
directly replace the original parts. The performance of the hardware was

15
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demonstrated in 1993 by the formal approval of the Cirrus Research CRL 243 NMT
by the most prestigious test house in the world.

USER COMMENTS

In any system such as an airport noise monitor, user comment and feedback is
vital, as an instrument manufacturer cannot have as deep a knowledge of the
practical problems as the end user. In the same way, users cannot have the deep
knowledge of the field which enables them to specify accurately the latest
technology. However, since Sydney, many users have realised the essential
conceptual difference between the Cirrus acoustic approach and older ‘dumb’
terminals and have modified their demands as a result. In essence, the main
difference is that Cirrus regard the NMT as a complex acoustic data computation
unit, with significant ‘intelligence’, whereas older systems treated it simply as a
"microphone on a pole’.

To review some of the latest developments, it is useful to look at the differences
these approaches create. In a traditional, software based system perhaps 16
monitors are all trying to communicate noise data to the host computer in real
time. At the same time the host computer is trying to recognise each aircraft
event, correlate these with flight or radar input data and simultaneously, carry out
'watchdog’ and housekeeping functions. This multi-tasking concept initially
determined the use of UNIX or some other complex operating system, not only for
the complexity alone, but because of the greater percelved robustness of the UNIX
operating system.

In the Cirrus concept, the operation is very different. Each monitor, or NMT, has
complex recognition algorithms built in and thus it is only summary data that needs
to be sent down to the host computer in real time. The workload reduction on the
host computer is very significant, of the order of 30 times. For example, in the
classic case, with 16 NMT’s in use, 16 sets of raw data are arriving at the host
every second, plus any alarms or other weather or environmental data in the
system. Obviously, this itself is not an onerous task for the host, but if at the same
time, it has to pass all these 16 sets of data through its recognition algorithms, the
task can become outside the ability of even the fastest DOS machine.

Now, if the NMT itself sends only a summary of the aircraft data as ASCIl data
with all the recognition complete, all the host has to do is to store it in a database
ready for subsequent correlation. In other words, not only is the power required
at the host much reduced, it is in reality now just a graphic display for the
‘intelligent’” NMT'’s. A further advantage is that the NMT itself can use 62,5 mSec
Short Leq data in its recognition process and thus get a much improved resolution.
As it is impossible to pass data from 16 NMT's to the host at this speed, all other
simpler devices are forced to use the 1 second Leq values in their recognition
algorithm, with consequent lower performance.



THE ALGORITHMS

New since Sydney is the concept of adding rise and fall time filters to the basic
algorithm. Fig 2 shows the general idea.

These filter out noises such as a road-
breaker, a heavy vehicle moving very a8
slowly and other obvious noises that
can mimic the basic shape of an
aircraft event. The improvement in the
"hit rate’ is significant, almost halving
the incorrectly identified events. In an
ideal location, the current hit rate’ is
now of the order of 97%, but
obviously, the figure depends very Risetime &(dBYdt <X>Y
much on the particular location of the
NMT. If there is a very good signal to
noise ratio, the recognition can be as Figure 2: Risetime addition to algorithm

high as 99+ %. If the background

noise is very high and varying, the ’hit

rate’ can be very low indeed. The basic algorithms somewhat modified can be
used for other types of noise event (ref 2).

Because the signal to noise ratio is of such prime importance, the NMT measures
the background noise continuously, using several of the available parameters, but
usually Lgg, Ly, and Lgs. These three, taken together, can allow the recognition
template to be altered to give a 'best fit’ to the current noise climate. While
certainly not foolproof, this gives a further improvement in the recognition process.
The main problem of this algorithm modification, is that any Ln value is by its
nature historical and does not reflect the noise situation at the event time.
However, over the typical time scale of an aircraft event, say 100 seconds, the
previous 300 second Ln values are very valuable in determining the threshold of
an event.

Major further improvements to the recognition algorithm would seem to be difficult
when the only data source is the ‘A’ weighted time history, but a few, such as the
use of pattern recognition by neural networks, or learning algorithms, obviously
have room for development. To get significantly better performance, more data
is needed and thus, an FFT module has been added to the NMT. This takes a
series of spectra several times per second and uses these spectra in many different
ways to assist or modify the main algorithm. In addition, the FFT spectra can be
converted to one third octave every half second and these data used to generate
the EPNL. While it is quite wrong to attempt to use EPNL for the measurement of
aircraft noise in service, many older or non technical users insist on having this
data. The main use would seem to be to check that the original aircraft certification
is correct, but as the flight path and measurement conditions are totally different
for certification, this is usually a pointless exercise.

Current work in this area is centred on speeding up the FFT to have the data in
about 7 milliseconds and using this data as input to a 'fuzzy logic’ system to
modify the recognition templates. Obviously, there are many FFT units today
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which can generate an FFT in less time than 5 milliseconds, but for a successful
noise monitor on a pole, the operating power is a critical parameter and it is the
best speed/power combination that is desired over the 24 bands from 50Hz up to
10kHz. However, the minimum speed specification is set by the need to meet the
technical requirements of appendix 16 of the ICAO protocol.

TRACK DATA INPUT

Conventional computer wisdom has been that to make a flight track and noise
monitoring system, UNIX was the minimum system that was practical. However,
today this view is being challenged. When the noise monitor itself does so much
of the noise computing, the time left to run the vector algorithms of a flight track
replay system is now adequate with current generation of 80486 based machines.
As desktop computers will continue to get faster and faster, the "UNIX only’ view
will clearly soon be out of date. Today, flight input data is part of the system
described, but as we come from an acoustic background, we have concentrated
on using this data for identification and not attempted to store actual flight tracks.
The correlation of the flight track data is currently done using ‘time band’
algorithms, which grade the correlation into a series of probability bands and these
are used to determine the actual flight data. The flight track data itself can come
form manual input data or from flight informatoin systems, using UNIX or any other
operating system, as it is an inconsequential task to read data from other operating
systems.

CONCLUSION

In-only four years since the Sydney system was developed, the performance of
area noise monitoring systems has increased many times, making the system there
seem almost ’old fashioned’ in computing terms. As well MS-DOS systems have
developed which have power far in advance of what was imaginged in 1990,
making MS-DOS systems a practical reality.

Sydney was a milestone between the older ‘mini’ computer systems and the
current high technology monitors and as such has a clear place in the history of
airport monitors. However, current work in our laboratories seems to show that

the next generation of monitoring systems will be at least as big an advance on
those at Sydney, as Sydney was in 1990.
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Sound attenuation, enhanced by forced
resonance, of elastomer layers containing
resonating air inserts
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Abstract

The acoustic response of perforated and air cavity filled viscous-plastic elas-
tomer layers is described in terms of impedance and resonance behavior of the
major acoustic structures commonly found in sound attenuating layers as applied
to underwater structures. Normal reflection properties are predicted as a function
of surface impedance variations due to potentially acoustically resonating features
of the layer. Forced resonance of acoustic elements is shown to extend for practical
application the effects of natural resonances. Such layers are important in quieten-
ing sound transmitting structures and reducing echoes from structures underwater.

INTRODUCTION

The acoustic properties of plastic-elastomer layers [1] used to quieten underwater struc-
tures commonly consist of one or several layers of elastomers of varying acoustic prop-
erties. The varying acoustic properties may be achieved by incorporating air filled cav-
ities or material fillers. The layer structure aims to combine acoustic admittance to
the layer system with increased absorption as the acoustic wave penetrates the system.
The inserts or air filled cavities aim to combine a high degree of acoustic wave admit-
tance with absorption of acoustic energy of the system by locally modifying material
impedances and resonance conditions through geometric effects, such as resonances or
Mindlin-Hermann-Poisson relaxation [2] or internal reflection, wave type transformation
[3] or simple scattering [4] which absorb acoustic energy by direct absorption or secondary
absorption of generated and scattered waves. This paper considers Alberich type ane-
choic layers [1] containing cylindrical cavities. The thickness of the coatings considered
are very small compared to the wavelengths in water over the frequency range of inter-
est which indicates that only dilatational waves are of importance and shear effects are
introduced through the Mindlin-Hermann side-wise relaxation of material into cavities
and material stretching above cavities. This assessment is supported by experimental
estimates of the magnitude of the plane modulus of the coating which show agreement
with the volume elasticity modulus [6] and indicate that dilatational wave effects dom-
inate. This assessment is also supported by results of detailed simulation modelling [5]
of such coatings.

These sound absorbing layers can be tuned to absorb acoustic emissions from ma-
chinery and may be very effective for internal quietening of underwater structures. The
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tuning can be achieved through a combination of material and geometric features or
through forced vibration of an acoustic clement to make it appear at resonance [7].

Placement of such layers in pipes would be able to reduce sound, of wavelength greater
than the twice the diameter of the pipe, propagating through fluid in the pipes, or air
ducts. sound transmitted through and along walls of pipes , air ducts or other ship
structures may also be attenuated by resonance absorption in such layers. Placement of
such layers between sections of structure would also attenuate the transmission of sound
through the structure. Attaching such layers to the outside of a ship’s hull would act as
an anechoic layer , decouple potential acoustic emissions and, if tuned to the frequency of
the boundary layer, about 100H z [8], should inhibit the onset of turbulence which should
increase the speed of the vessel for a given propulsive force and also quieten turbulent
flow noise. Thus anechoic and sound transmission and emission retarding layers are of
great importance in underwater enginecring.

Theory

The Alberich layers considered are shown in Ifig. 1, and the discrete acoustic elements
of these coatings are shown in [Fig. 2. The two dominant acoustic active elements
are the region above the cavity which responds to an acoustic excitation like a plug,
constrained by the material around it, or as a plate when its thickness approaches that
of the diameter of the cavity, and the cyliudrical surrounds, see Fig. 2 . The changeover
in acoustic response type may be assessed from numerical studies such as [5].

Average admittance

The acoustic impedance, Z , the ratio of the acoustic pressure to particle velocity in
the material, of each element can be added analogously to electrical impedances of the
equivalent electric circuit [1].

The acoustic reflection properties may be expressed in terms of an average surface
admittance g = Z,,/Z., where Z,, and Z. arc the impedances of the material facing the
coating and the surface impedance of the coating or layer respectively. The validity of
the average admittance approach for a layer surface requires that the spatial extent of
the non-uniformities of impedance are small with respect to the wavelength A, of the
incident pressure wave, namely, 2mcosl§ L/ A, < 1, where 6L is the linear spatial extent
of a typical non- uniformity of surface impedance Z, and 0 is the angle of incidence;
and that |6Z./(Z. + Z,)| < 1, [9], where 67, is the local variation in the impedance
of the coating. The latter inequality is likely to be violated at high ¢ resonances,
so the average admittance approach is more appropriate for low @ layers or Alberich
style layers not at resonance. The low @ criteria are met for many practical coatings
for acoustic frequencies below about 50k/{z [1]. When these criteria are violated the
Kirchhoff-Helmholtz or Greens function approach must be used to compute the near and
far acoustic fields in front of the layer [10].

If the above limitations are fulfilled , the average surface admittance of a coating of
type shown in Fig.1, backed by water on one side and steel plate on the other was first

“written by Oberst [1] as ¢ = ge + ¥ Nigi + g5 where g, and g, are the admittances due

to the elastomer and steel backing plate respectively, &; is the number of holes type
i/unitarea and g; is the admittance of each hole type ¢, including rim and rim-plate

‘interaction term. The impedance of any backing behind the steel plate is assumed to be

small compared to that of steel.



Steel plate and elastomer region away from cavities

The admittance of steel plate is given by [1] g, = Zu,/(wM, + Zo) where w is the angular
frequency of the incident acoustic excitation, M, is the mass per unit surface of the steel
plate and Zp is the specific resistance or impedance of the terminating medium on the
other side of the steel plate. For air, Zo can be taken to be zero. For water, Zo will be
equal to Z,,.

The admittance of the elastomer in the vibrating regions around the holes can be
written to a good approximation as g = witZ,/(v2p), where t is the thickness of the
layer, v, the longitudinal speed of sound in the elastomer and p is the density of the
elastomer; and v, = \/M/p where M is the plane-wave modulus [11].

Plates above cavities

The numerical studies of [3] of the acoustic response of elastomer above the cavity indi-
cate that the manner of vibration depends on the ratio of the thickness of this layer to
the diameter of the cavity. The plate may, to a first approximation [1],(6] be considered
as an one dimensional mass-spring oscillator whose admittance is be approximated by
9p = w2y [ (WIM{1 — (w/wy)? + upp}), where 7, is the sum of the thermal and viscous
loss tangent and M, is the effective mass of the plate. In this formulation the resonant
frequency is that of an elastically constrained plug or of an unclamped plate of radius a
when the thickness d < 2a. The effective radius a.ss of such a plate has been found ex-
perimentally [6] and numerical studies [5] to be approximately equal to the radius of the
cavity if the layer above the cavity is thin to about 1.5¢imes this radius when the layer
becomes thicker. Results obtained from modelling an practical coating with d = 2.5mm
and a = 5mm, showed that a.sy =~ 1.24 — 1.5a, or between 1/4 and 1/2 of cavity separa-
tion for frequencies less than 100k /2, which is in agreement with experimental work [6].
It is assumed here that the plate is {ree from static tensile stresses, an assumption which
could break down if the plate were severely deformed by pressures acting externally to
the coating [14]. Such an unloaded plate resonates, [1], at the fundamental frequency,

fo= 0-47d\/§RY/(agﬁp(l — »?)) for an unclamped plate ,where Y is Young’s modu-

lus, p is the density and v is Poisson’s ratio for the medium. Lamb [12] found that a plate
with one side in contact with water and the other with air has its inertia increased and
[its characteristic frequencies lowered by the approximate factor y/1 + 0.6689p,a/(pd)
where p,, and p are the density of water and the plate respectively material.

When this correction is applied to a 5mm thick and 10mm diameter elastomer plate,
the characteristic frequency of the plate is reduced to about 15k H z as observed by Oberst
[1]. The effective mass M.s; of a plate of mass M, loaded on both sides, is approximately
given by Mgy =~ M, (1 + 0.6889{p., + ps}/p) where p,, and p, are the densities of the
material on either side of the plate. Hence the effective density of the plate would increase
as pesf = Mess/(mal; d). The effect of water loading on the characteristic frequencies of
plates has been verified experimentally[12].

Rim of cavity-plate/rim interaction and visco- elastic losses

The computer modelling indicates [3]that , as [1] assumed , at the lower practical fre-
quencies of interest in underwater engineering, say below 30kHz, that the inter-cavity
spacing compresses like a short rod in line with the Mindlin-Hermann theory [2]and [1]
approximated the fundamental frequency of this coating area by f. =~ v,/4d, where d is
the height of the rim and v, is the speed of a shear wave in the coating material.
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The most appropriate approximation for the admittance of the annulus appears to be
found by early workers [1] and may be expressed as g, = wZy, /(w2 My {1 —(w/w:)* +21,}),
where w, = 27 f, and is the angular resonant frequency of the rim. The variable M, is
the effective mass of the rim and includes the mass of the backing coating per area of
the effective vibrator.

The rim or annulus and plate interact and the coupling admittance is defined by
Gor = 289/ 5,y Zus(1+11,) {2 My (1= (00, +10,) (1= (w]eo, ) +2n,)} where S, = a?
and Sr = 1ra§f ¢ are the surface areas of the plate and rim or annulus respectively and it
is assumed that S, < S,. Brendell found S,/S5, = 0.5 a value which was also obtained
for the coatings simulated [3]. ;

The loss tangent for the vibrating elements may be expressed to a first approximation
as [1] 5; = vtané/(ew®M;) where v is the real part of Young’s modulus for the plate and
the real part of the shear modulus for the rim, as expected from the Mindlin-Hermann
free surface relaxation theory; e is the effective volume of the acoustic element The
variables MyandM, are effective masses and have dimensions [M][L]}™*.

Sound attenuation through forced resonance of acoustic elements

The sound attenuation properties of the Alberich style layers may be enhanced by ac-
tively moderating the acoustic impedances of the acoustic elements towards resonance
conditions even if frequencies to be attenuated are far from the optimum condition.

Inspection of the impedance of the acoustic elements indicates that their effectiveness
in absorption and reduction in echo can be increased if the effective mass of the element
can be decreased. Now, to a first approximation, both the plate and the rim may be
viewed as a mass spring oscillator of mass A and area .S, whose resonance frequencies
are described by the equivalent plate or Hermann-Mindlin effects described above. The
motion of such systems are characterized by the second order differential equation of
displacement z with respect to time ¢, M, (9%z/0t2)+ K (z/9t)+Cz = Sp(t), where p(t)
is the external acoustic pressure. Il an imposed force Q(t) were used to excite the element
according to § M (8%x/0t*)+6 K (0a/9t)+6Cx = Q(1), the total equilibrium of force on the
acoustic element may be written as (M —8M)(9%z/(9t?)+(K -6 K)(0z/0t)+(C—6C)z =
Sp(t). Hence a forcing excitation is able to reduce the effective mass of the element by
6M, the damping by 6/ and the spring constant of the element by 6C. Complete
elimination of effective mass and spring might would lead to optimum absorption and
reflection properties for a given element [7]. However, stability requirements [7] require
positive values of (M — M), (K —§K) and C—8C. The total effectiveness of this forced
acoustic impedance modification for a layer is obtained through the average admittance
equation of summation of Huygen’s wavelets in the near and far field.

If the criteria of displacement at natural resonance is chosen to determine the im-
posed force Q(t) to drive the element to effective resonance at frequency w, the ef-
fective mass of the element ¢, M/ = Mw?/w?, and 6M; = M; — M. Here it
can be seen that if the resonance frequency is to be lowered, the effective mass in-
creases and if the resonance frequency is to be raised the effective mass increases as
might expected from first principles and also considering the formulation for f, above.
This adjustment of the effective mass does not consider the phase lag due to K and
is hence an approximate resonance condition which whose accuracy increases with de-
creasing K. Under the adjusted mass criteria , based on displacement at natural reso-
nance of the plate and rim, the admittance of the plate-rim oscillator may be written as
Gotatesrim = Zo{1/ (@M Iel]) 4 1/ (@MEInEIT) = of[(1 + in, )M/ el nel 1]}, where



the increase in admittance due to resonance can be seen clearly.

Attenuation of reflection

The specular reflection coefficient R ,for a plane wave of a plane surface that interfaces
with a semi-infinite fluid and that possesses a uniform surface admittance g is given [1]
and [9] by R = (1 — ¢)/(1 + ¢g). The corresponding echo reduction T' is normalized by
comparison with the target strength of a perfectly reflecting sphere of 2m radius. In
decibels, the attenuation is expressed as logarithm [9], T = —201log,, | R|.

Minimisation of the reflection requires that the admittance of the layer be made unity
as closely as possible over the desired frequency band. In general this requires that the
resonant frequency of at least one of the elements of the inserts , usually the large cavities
in the air-filled Alberich style coatings, must be in the mid-range of the frequencies to
be absorbed. The small holes of the Alberich coatings resonate at higher frequencies
which extends the bandwidth of the coatings and dissipate energy through adiabatic
compression of the enclosed air, and shear losses in the elastomer. In addition, the small
cavities modify the bulk compliance and hence the admittance of the elastomer.Inserts
other than air permit coatings to be developed whose acoustic properties lie in the high
attenuation regions shown in Fig. 3 to Fig. 5 [15].

Under conditions of strong, or high @, resonance, the impedance varies greatly with
spatial position on the surface of a layer, and the admittance averaging conditions are
not satisfied, and R represents a local approximation to the reflection coefficient for a
Huygen’s wavelet only and Kirchhofl’s integration must be used to find the far field
reflection distribution[10].

Studies

The absorption properties of one ofa historical design of an Alberich style coating was
examined using the above theory. A schematic sketch is shown in Figure 1. The coating
was assumed to be 5mm thick and conlain 2.5mm radius cavities, 1/em? and 2mm
deep, and interspersed as shown with 1mm radius cavities also 2mm deep. Some of
the absorption properties estimated by theory were compared with experiment at MRL
but not by the author.The coating material was an elastomer representative of anechoic
coatings. The shear modulus was assumed to be 1/3 that of the Young’s modulus.
Noting uncertainties in the material properties and experimental measurements, the
overall agreement between theory and experiment was considered to be reasonable.

The attenuation, 7', was evaluated for a number of acoustic excitation frequencies
over the range of material properties typical of elastomers typical of elastomers used for
anechoic coatings. the properties of such elastomers vary widely, with 107Pa < Y, <
10'°Pa and 0.03 < tané < 1.5, and more than one elastomer will lead to a given target
echo reduction capability of a coating for a given geometric configuration. Figure 4
indicates how the echo attenuation properties of a 5mm thick coating, containing 10*
(a = 2.5mm,l = 2mm) cylindrical cavities per m~? ( one cavity /em?) and 4 x 10* (
a = lmm,l = 2mm) cylindrical cavity /em?, one cavity/ cm?, varies with ¥, and tané.
The layer response to 30k H z excitation is shown only.

The peaks in attenuation, indicated by the contours, correspond to the resonance
absorption of the plate and rim vibrators and the interaction term. When the resonant
frequency of one of the resonators , for instance the plate resonator, is set to almost zero,
the two dominant peaks, Fig. 4, are replaced by one peak, Fig. 5, and the additional
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peak arising from the interaction term disappears also. Attenuation close to that of the
peaks would be expected when the plate and rim ave forced to resonate at the incident
frequency. Forced resonance provides a robust increase in attenuation, because even
as resonance conditions are approached the admittance is increased and more radiation
enters the oscillator. This is particularly so for low ) resonators. The strength of the
interaction, between the plate and rim vibrators tends to force the peaks of attenuation
apart, as is typical of coupled oscillators. The shift occurs along an approximate locus
Y; « (S,/S:)/ tan . In addition, the magnitude of the local maximum in the lower left
hand corner of the contour diagrams depends on the extent of coupling assumed in the
model, see Figs. 3 and 4.

Discussion

The overall shift of the attenuation peaks with frequency is caused by the excitation of
higher resonance harmouics of the clements. The inclusion of the resonance effects of
the small cavities in the attenuation calculations indicates that small cavities introduce
further maxima in the attenuation and spread the existing high attenuation regions Fig.
5.

In agreement with carlier authors, such as [1], [6], the modelling shows that the
absorption properties of an ancchoic layer are very much enhanced if resonance condition
can be achieved over the [requency range where attenuation of an echo is to be achieved.
Once resonances have been selected, maximum attenuation is achieved by maximizing
the lossiness of the elastomer coating which is reflected in the distribution of the cavities
or inserts, and the matcrial properties of the coating.

Acoustic energy absorbing layers may be designed [16] to reduce the acoustic echo
and also to dampen noise radiating from a hull underwater. For example if a piece of
rotating machinery at a certain site produces sound of a specific frequency, cavities may
be incorporated into this layer and designed or forced to resonate at this frequency and
absorb much of the acoustic energy emitted by the machinery.

The average admittance approach can be significantly extended by using the Huygens
principle embedded in the Kirchholl, or Greens function, formulation [10] where each
acoustic element is seen as a generator of a wavelet and all wavelets are added vectorially
in the near or far field to provide the echo or sound radiated or the field in an enclosed
volume, such as a pipe.
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LOCATION OF BURIED OBJECTS BY AN ACOUSTIC IMPULSE TECHNIQUE

A. J. Rogers and C. G. Don,
Department of Physics, Monash University, Clayton, Victoria.

Abstract

Often it is desirable to locate a shallowly buried object and deduce something of its
shape and size, without digging up the ground in the process. If the object is metallic,
then metal detectors are adequate, however, non-metallic objects are more difficult
to locate. Since the acoustic impedance depends not only on the surface properties
of a substance, but what lies within the region penetrated by the sound, an object
under the surface will cause a change in impedance compared to a homogeneous
sample.

Recently, a technique, utilizing two microphones equidistant from a stable impulse
sound source, has been used to locate a plastic object buried under small pebbles.
The method involves examining the differences between the two recorded signals,
one of which contains a reflection from an object under the ground. The depth of the
object can be deduced from the time delay of the reflected impulse from the buried
object. Because its reflective surface is only at one depth, a flat, horizontal object
gives a larger return signal than the same object when tilted. An irregular rock will
give a more diffuse signal. With suitable signal processing it is possible to distinguish
between unlike objects and to make an estimate of their shape, size and position.

Results are presented which distinguish between plastic strips, disks and rocks of
varying sizes, buried in small pebbles between 4 cm and 15 cm deep. The
advantages and limitations of the technique will be discussed.

INTRODUCTION

In our plastic oriented world, it would be useful to have a method for finding and
identifying buried, non metallic objects. A technique for achieving this aim has
recently been developed. It is based on the reflection of acoustic pulses from the
ground surface and has applications in finding drainage pipes, archaeological
artefacts and even plastic landmines.

The technique relies on sensing how the pulse waveform recorded above the ground
surface is altered by the acoustic impedance produced by the object immersed in the
ground matrix. Impedance is often determined at normal incidence? but it can also be
calculated at any angle down to grazing incidence2. The normal incidence method
determines the localised impedance of the area directly below the microphone, while
using grazing incidence gives an averaged impedance over the whole region
between the sound source and the microphone. To see the implications of these
ideas, it is convenient to briefly examine the measurement of surface impedance.



IMPEDANCE OF PEBBLES

Measurements were undertaken over a large bed of approximately 1cm diameter
pebbles, which permitted partial penetration of the sound as well as being a relatively
homogeneous medium, allowing easy placement and retrieval of buried objects. The
depth of the pebble bed was over 50cm, which meant that it could be treated as
effectively an infinitely deep medium. Fig. 1(a) shows that over a pebble surface
which has been smoothed as flat as possible, the normal and grazing incidence
methods give complex impedance values which are relatively frequency independent
out to 10kHz, although the real component tends to be higher for the grazing
condition.
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Fig. 1: The impedance of a pebble surface (a) when smoothed flat and using &
normal, 00 grazing incidence; (b) at normal incidence when B smooth, [J
rough; (c) at grazing incidence when B smooth, O rough.

If the surface is roughened, by producing, say, 4cm deep depressions, the effect on
the normal impedance is very point dependent compared to the grazing result, as is
apparent by comparison of figures 1(b) and (c). Thus, it would appear to be
advantageous to use the grazing incidence technique as the results are virtually
independent of the surface roughness. However, the inherent averaging over an
area makes it impossible to locate a buried object precisely, making it necessary to
use a near normal incidence geometry.

When a layer of pebbles is formed, by placing a large rigid sheet at a known depth
below the top surface, broad “resonances” occur in the impedance due to
interference between sound reflected from the top and bottom surface. As shown in
Fig. (2), the two geometries result in resonances at different frequencies.

29



30

8 15-

= Qe

S ®

™ O 101

Q o7

gv 54

o= 0

B

* N

= =

g o& _10_
&

ég -15-
p—

2050 ' C " 1000 o 10000

Frequency
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A buried object creates a small layer just under the surface, which can be modelled
as portion of a complete plane and so would be expected to produce similar but
smaller magnitude resonances. The problem is, however, that irregularities in the
impedance due to the surface roughness are of the same magnitude as the
resonances caused by the layering. This can be seen by comparing Fig. 2 with
Fig.1(b). Thus, it is not immediately possible to state the existence of an object by its
layering effect alone.

In Fig. 3, resultant waveforms from a pulse reflected at normal incidence from two
different regions of a roughened layered of pebbles are displayed. The first pressure
maximum, A, is due to the reflection from the rough surface and is found to vary
greatly from area to area. The second pressure maximum, B, is the result of
reflection of the impulse from the bottom of the layer and is much more consistent,
regardless of surface irregularities. It is this reflection which will contain the
information about the buried object and so a technique is required which enhances
this second reflection and removes, or minimises, the surface reflection.

DETECTION OF BURIED OBJECTS ,

The geometry adopted is shown in Fig. 4 where a microphone is located
symmetrically on either side of a very reproducible acoustic pulse source created by
a loud speaker acting down a long sound tube. Over a uniform surface, both
microphones record the same direct and reflected pulse waveforms and the
difference between the two signals is approximately zero. When an object lies under
the surface near one of the microphones as shown in Fig. 5, it changes the impulse
waveform of the sound reflected to this microphone and consequent the difference
between the two microphones is no longer zero.
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Fig. 3: Pulse waveforms obtained over two areas of a roughened layer of pebbles.

The impulse source consists of a JBL horn driver powered by an amplifier connected
to a Data Precision 2020 polynomial waveform synthesizer. The signals are captured
using two Briel & Kjeer 1/4 inch microphones and type 2218 sound level meters
connected into a Data 6000 waveform analyser. At the present time the data are
manipulated in the analyser but as more sophisticated processing is developed, it is
expected that the data will be down loaded to a PC, in real time. The sensitivity of
detection depends on the height of the microphone/source probe above the surface
and the separation between the microphones. These factors are not independent,
but if separation is too large the grazing condition is approached and spatial
resolution is impaired. If the microphones are too close they both receive essential
the same reflected signal and detecting the object becomes more difficult. The
optimum separation is also linked to the probable width of the buried object. The
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probe used in this study has a separation of 8cm and is supported 4cm above the
ground. :

In examining the idealized signals of Fig. 5, the characteristic reflection of the object
can clearly be seen in both the individual and the subtracted signal. However, as
discussed above, in actual measurements the reflection from an uneven surface is
sufficiently variable that the signals do not cancel and may partially overlap with the
pulse from the object. The wanted reflection is a function of the original pulse
waveform, but the random surface noise remaining after subtraction is only weakly
related. Use can be made of this fact by correlating® the known direct pulse shape,
g(t), with the subtracted signal, s(t), to obtain a modified signal, x(t), where

Eog(t)*s(t+n)
x(t) =" (1)
(9(1))?
This process enhances the required reflection as the output, x(t), has a large
magnitude whenever a portion of the subtracted signal has the same waveform as

the direct pulse.

As an example of this technique, the signals obtained over a smoothed pebble
surface, with a 21cm wide plastic strip buried 7cm deep, are shown in Fig. 6a. The
reflection from the strip shows up as a small impulse at about 900us (arrowed) in the
signal from one of the microphones and is not present in the signal from the other
microphone. Even over the relatively smooth surface of the pebbles, the difference
signal, Fig.6(b), is dominated by the residue, arrising from the surface irregularities,
preceding the required reflection. However, after corrglating with a direct pulse there
b (2) ()
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Fig. 8: The find number vs distance along pebble bed for a 21 cm wide strip, buried
7cm deep, showing the actual position of the strip.

is a significant enhancement of the reflection, Fig. 6(c). Compare these results with
the signals in Fig. 7, where there was no buried strip. The final processed signal, Fig
7(c), contains the unavoidable remainder due to surface fluctuations. [Note that the
vertical scales on Figs. 6 and 7 are arbitrary as they have been adjusted to display
the signal variations.]

A rough surface increases the amount of noise in the correlated signal. As this
occurs before the reflection from the object, it can be time isolated with a window
which includes only the portion of the trace where an object reflection may occur. By
summing the square of the instantaneous values of the correlated signal, such as
Fig. 7(c), a single “find number” can be created for that probe position, which can
then be used to locate the buried object. An example of the success of this technique
is presented as Fig. 8, where the probe was progressively moved in 2cm steps
across the buried strip. Note that there is a tendency for a minimum to occur in the
find number when the probe is directly over the strip, as both microphones then
record essentially the same signal.

The position of the time window can be adjusted to suit the depth being examined.
For a deeply buried object, there will be a greater time delay before the appropriate
reflection arrives at the microphone and so the appropriate time window will occur
later. In the example of Fig.8, the window commenced 620us along the correlated
signal and was 320us long. These values were determined experimentally by
inspection of the signals but could be calculated theoretically if the acoustic
properties of the matrix material are known.

As the strip is moved closer to the surface the strength of the reflection increases,
however, it begins to overlap the surface noise, so the signal to noise ratio remains
approximately the same. Although it is now almost impossible to distinguish the
object reflected pulse in the microphone outputs, the correlated difference signal
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Fig. 9: The find number for (a) a 9 cm wide strip, (b) a 6 cm diameter disc, (c) a rock,
(d) both the rock and the disk after additional processing.

indicates that a significant reflection occurs from the object. The technique can also
be used to find smaller and more complex objects. It has successfully located a flat
9cm wide plastic strip, Fig. 9(a), while (b) and (c) show the location of a 6cm
diameter plastic disc and a similar sized but irregularly shaped rock, all buried 5cm
under pebbles. Further, Fig. 9(d) indicates that it is possible to distinguish between
the rock and the disk when they are buried about 50cm apart under the pebbles.

More complex analysis, such as the use of multiple time windows, provides a way to
establish the depth of the buried object. In fact, dual window processing was used in
Fig. 9(d) to help differentiate between the objects as, after correlating, the irregular
rock gave a signal in both windows while the flat disk signal occurred only in one
window. A tilted object will also give rise to readings in more than one window. It is
probable that different objects all have their own specific find number signature and
thus further research may make the prediction of the size and shape of the object
possible.

CONCLUSION

The system, as it stands at the moment, can easily detect objects as small as 6cm in
diameter, buried as deep as 15cm in a pebble bed. A traverse is made in the
direction set by the axis of the two microphones. If the object is midway between the
microphones or large enough to extend beyond both microphones then the
microphone signals become almost identical and a minimum in the find number may
be recorded. This is because the system is essentially an edge detector, sensing a
change of impedance. A number of traverses must be made to estimate both the
length and width of the object, two more microphones positioned on an axis
perpendicular to the direction of traverse would give information about the other
dimension. This is the next stage in the development of the instrument.



The method is still to be tested over other matrix materials, although it is expected to
work over dry soils and sands, where, the sound will penetrate readily. It is unlikely to
work on hard packed or water-soaked fields. With further development, the system
could be preprogrammed for a particular matrix material so that the predicted pulse
waveform for the reflection from a simple object buried in the matrix is calculated and
then used in the correlation calculation to give an improved find signal.
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INTRODUCTION

Noise control applications and outdoor sound propagation are areas that require
characterisation of porous materials. In general, to calculate the surface impedance of a
hard-backed or multi-layered porous material using the layered media equations of
Brekhovskikh1, requires a knowledge of the complex wavenumber in the material as well
as its characteristic impedance. While both these quantities can be estimated from
empirical equations? if the flow resistivity of the material is known, the latter equations
have a limited validity. Alternatively, an approach which considers the pore structure, such
as the rigid-frame model of Attenborough3, may be used to generate the required
wavenumbers and impedance. The more general approach of Allard et al.4 is to calculate
the layer impedance directly using a theory which specifies the properties of the solid
frame as well as the pores. Predictions from these models will be compared with
experimental data obtained using acoustic impulse techniques.

These techniques have been devised to measure both the impedance and wavenumber
of foams and soils over the frequency range 200Hz to 10kHz. In addition, the layer
impedance of various thicknesses of foam placed on a hard surface have been
determined experimentally over the same frequency range. As the theoretical positions of
resonances in the layer impedance are sensitive to the values of the acoustic parameters
chosen, the system forms a rigorous check on both the validity of the measurements and
the appropriateness of the theory.

THEORY

In this paper an exp(-iot) time-dependence has been assumed, and the equations
presented have been modified appropriately if the reference used the exp(int) form.

A number of parameters are used to characterise the pore structure. The porosity, h, of a
substance with both solid and fluid constituents is the volume of fluid per unit volume of
material. The flow resistivity, o, is the resistance to a volume air flow of a unit area of
material per unit thickness. The tortuosity, q, accounts for the effective increase in the
inertia of the air when it is forced to travel a tortuous path through the pores. The shape
factor, S, is intended to be characteristic of the size and geometry of the pores. Values of
the shape factor have been calculated for exact pore geometries, but for a real material it
is regarded as an adjustable parameter and is evaluated by fitting dispersion curves.

The empirical equations of Delany and Bazley2, based solely on flow resistivity, were
derived from extensive measurements on fibrous absorbents, for which tortuosity, shape
factor and porosity are generally not significant factors. Attenborough’s rigid-frame model3
accounts for these variables, but inherently assumes that the propagation of sound in
granular or fibrous materials depends entirely on the structure of the pores, and is
independent of any property of the frame.

To calculate the impedance of a porous layer, of depth d, on an infinite-impedance
backing, either the empirical equations or the rigid-frame model can be used to obtain



values of characteristic impedance, Z;, and wavenumber, k. For normal incidence, the
impedance of a hard-backed layer at a given frequency, can then be estimated by

Z
tanh(-ikd) )
The more general theory of Biot>, which has been adapted to high porosity fibrous and
foam materials by Allard et al.4, takes into account the finite rigidity and density of the
solid frame. For a partially or fully reticulated foam, Poisson's ratio is essentially zero,
which, in conjunction with the assumption of high porosity, allows the elastic parameters,
as given by Biot, to reduce to the Young's modulus, E, of the material4.

Thermal and viscous effects within the pores are accounted for by a frequency-dependent
complex fluid bulk modulus, K, and dynamic viscosity coefficient, b, which can be
expressed as

Z(d) =

K =10, /[1+ 2T(NP2)(y - 1)/(Nf2)| @)
and
b= —chp®T(u)/[4(n-2T(u)]. (3)
Here, u is a complex frequency-dependent parameter related to the thickness of the
viscous boundary layer at the pore wall,

b =qS(i8p, /o)™, (4)
p, is the density of air, y is the ratio of specific heats of air, p, is atmospheric pressure, N,
is the Prandtl number, and T(z)=J,(z)/J,(z) is the ratio of first and zeroth order Bessel
functions for complex arguments.

Wavenumbers for each frequency are obtained by solving the following dispersion
relation, with roots *k, and %k,

k*(hKE) - kE{m’»[Kf(hpoﬁ —h)? +hp, + pa) +hE(hp, + pa)]+imb(K, + he)} -
+*[hp, (hp, +p,) +h°p,p, ] +iw’bh(hp, +p,) =0,

where p, =(g°h-1)hp, is the “additional mass” of the frame due to the fluid. Only the
positive roots are taken, which correspond to two distinct compressional .waves; the so-
called waves of the first and second kind. Relative strain amplitudes, ¢, and ¢, relate the
disturbance of the fluid and frame, and are defined by,

b = k3s(1-h)K; + @?p, +iwb
AB

= 6
—k2 ghK, + 03(hp, +p,) +iob (©)

when the appropriate k is used. These ratios decide whether the role of the air or the
frame is dominant in the wave type under consideration. The wave to which the smaller
ratio belongs, may be considered to be propagating mainly in the frame, the other to be
propagating mainly in the air. For foams, the air wave is generally the faster of the two.

Four partial impedances Z?®, Z4® can be distinguished, corresponding to the impedances
of the fluid and frame to both types of wave. A plane-wave analysis using the boundary
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conditions for an infinite impedance backing yields the normal incidence impedance of a
layer of thickness d,

Zf\ qu’s " Z?qu’/\
hZ} - (1-h)Z5¢, [ (1-h) + hog Jtanh(-ikgd) - [hZF - (1- h)Z5¢; ][(1- h) + ho . |tanh(-ik ,d

Egs.5 and 7 represent a more rigorous derivation than that of Allard et al.,4 where the
porosity, h, was assumed to be equal to one. Note that Eq.7 reduces to Eq.29 of Ref.4
when h=1 and the time dependence is exp(iwt). It can be shown, by considering a semi-
infinite medium, that the characteristic impedance, Z, is given by Eq.7 when the layer
thickness, d, tends to infinity, ie. when both tanh terms are equal to one, so Z(e)=Z..
Indeed, Eq.7 is a more general form of Eqg.1, and reduces to it when the motion in the
frame and fluid become decoupled, for instance, if the density and rigidity of the frame are
high, and only the wave of the second kind contributes to the acoustic impedance.

MEASUREMENT TECHNIQUES

The following measurements were taken with quarter inch Briel & Kjeer type 4135
microphones connected through a meter to an Analogic Data 6000 waveform analyser,
which allowed the pulse to be digitised at 1us intervals. Captured waveforms were stored
on a disk, then later transferred to a PC for processing. The source was formed from a
loud speaker acting down a 1m length of 2cm diameter tube, the speaker being controlled
through an Analogic 2020 polynomial waveform synthesiser to produce a pulse of 0.5ms
duration, which can be set to repeat at any interval. The pulse amplitude and waveform
were extremely reproducible, no observable deviation in waveform occurring between
pulses. The pulse amplitudes were found to closely follow the inverse square law for
distances from a few centimetres to several metres from the tube exit.

d)= .
7-()[ )(7)

(a) Surface impedance measurements ,

While an earlier impulse technique was adequate for measuring the impedance of
extended areas, for example over grassland®, an alternative approach was sought which
could be used with samples about 1m square. Not unlike the method of Davis and
Mulholland?, the geometry adopted® is that shown in Fig.1(a). With the impulse source
held between 0.9 and 1.3m above the impedance surface, the microphone was positioned
directly below, at 5 to 10 cm from the top surface. At these distances, delayed reflections
from the edge of the sample can be readily identified and eliminated from the waveform

Source ® —4— ' Source ®

Microphone @ —JL

Rigid surface Z=00 l
(@ - - (b)

Fig.1. Measurement geometries for: (a) the surface impedance, and
(b) the wavenumber in the material.



being analysed. Further, the microphone is sufficiently far from the surface that the
leading edge of the direct pulse from the source is clearly identifiable, although its tail has
merged with the reflected pulse. This permits an isolated direct pulse waveform, obtained
in a separate measurement, to be precisely aligned in time and subtracted to give the
desired reflected component. After making inverse-square law corrections, the reflected
and direct waveforms are Fourier analysed and the plane wave reflection coefficient, R,,
at a particular frequency, is calculated from the ratio of the reflected to the dlrect
component at that frequency. At each frequency, the normalised impedance of the surface
is Z=(1+R,)/(1-R,)sin ¢, where ¢ is the complement of the angle of incidence and equal
to 90° in the geometry of Fig.1(a).

If the thickness of the sample is such that any secondary reflections from the bottom of
the sample, usually supported by an acoustically hard floor, are sufficiently delayed that
they can be time isolated, then Z is the characteristic impedance of the sample. However,
if this condition is not fulfilled, then Z is the impedance of a hard-backed layer and will be
designated as Z(d) . One limitation of this method is that the thickness of the layer must
be such that the bottom surface reflection has completely passed the microphone before
any delayed signal arrives from the edges of the sample.

(b) Measurement of Wavenumber

To measure the wavenumber®, two microphones were placed a distance x apart inside
the material, as indicated in Fig.1(b), with the impulse source directly above but outside
the material. For these measurements, the size of the block of material must be
sufficiently large that no reflections from the edges interfere with the pulse coming directly
from the source. In fact the samples were constructed from layers of foam, typically 5cm
thick, with the microphones placed between the layers which were then pressed lightly
together. If desired, microphone M, can be on the top surface.

For any frequency component of the pulse, the complex pressure amplitude at the more
distant microphone, p, is related to that at the closer microphone, p,, by

p=p,exp(ikx) or k=In(p/p,)/ix, (8)

where the complex wavenumber k = r exp(i8). When processing the data, it is often
necessary to increment 6 by 2r, as 0 is deduced via artan[Im(p/p,)/Re(p/p,)]. This is not a
serious problem, as failure to do so results in a discontinuity in Re(k) as a function of
frequency. Furthermore, Re(k) is related to the phase speed, and, because the group
speed is easily determined from the delay between the arrival of the pulses at the two
microphones, the correct value of 6 can be deduced.

(c) Measurement of other foam properties

An estimate of the Young's modulus was obtained by measuring the speed, c,, of a
transient frame disturbance between two Briiel & Kjeer type 4332 accelerometers placed
in the foam. Since the wave of the first kind can be shown to be nearly non-dispersive, the
speed obtained was assumed to be independent of frequency when calculating the
corresponding Young's modulus.

These measurements gave information only about the magnitude of the Young's modulus,
which is, in general, complex, ie. E(1-in), where 1 is termed the loss factor. For foams, the
loss factor is commonly410 in the order of 0.1, and this value is assumed for all
calculations. The Young's modulus obtained should also be considered a static value, as
the frequency content of the signals measured by the accelerometers was largely below
50Hz. The Young's modulus has been considered to be frequency independent, which is
generally not the case0,
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50Hz. The Young's modulus has been considered to be frequency independent, which is
generally not the case10.

The flow resistivity of each sample was measured to ASTM-C522-80. The porosity was
estimated by water displacement, which required the sample to be compressed in order to
expel all air from the pores. This technique is only valid for completely open-celled foams,
ie. those having no non-connected pore-space.

RESULTS

(a) High-porosity foams

Measurements using the above techniques were performed on three different plastic
foams. Figs.2(a) and 2(b) show experimental results for the real and imaginary parts of
normalised wavenumber, and the associated attenuation per unit length and phase
speeds of a low flow resistivity foam, designated foam 1.

The tortuosity of foam 1 (g=1.04) was deduced by obtaining a high frequency fit with the
normalised wavenumber, which theoretically approaches k/k,=q in the high frequency
limit. The solid lines in Fig.2(a) are the values of k; obtained from Eq.5, while those in
Fig.2(b) are the corresponding attenuation and phase speed.
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Fig.2. Experimental and theoretical results for foam 1; (a) wavenumber; (b)
phase speed, attenuation; (c) characteristic impedance; (d) layer impedance.

Figs.2(c) and 2(d) show the measured normalised characteristic impedance and the
normalised impedance of a 0.06m hard-backed layer of foam 1. The solid lines in Fig.2(d)
are the predictions of Eq.7, and those in Fig.2(c) are the predictions of Eq.7 with the tanh
terms equal to 1. The high frequency asymptote of the characteristic impedance has been

'shown to approach g/h. The measured characteristic impedance of foam 1 approaches

1.07, which is consistent with the measured porosity of 0.97 and the value of tortuosity
estimated from the wavenumber results.

The:shape factor for all samples was estimated by fitting the theoretical model to the low
frquency results where the influence of the shape factor can be significant. The best fit of



As the values of g, h, and S are close to unity, the empirical equations of Ref.2 could be
used to adequately fit the wavenumber and characteristic impedance results. However,
the frequencies at which resonances occur in the layer impedance are sensitive to the real
part of the wavenumber (related to the sound speed), which is dependent on the
tortuosity. This sensitivity is apparent in Fig.2(d), where the dashed curve is the prediction
of the empirical equations, where q is intrinsically equal to 1.0, compared with that from
Eq.7 with g=1.04, both for a flow resistivity of 1790Nsm=4 .

The measured and deduced parameters for foam 1, as well as two other plastic foams
used commercially as noise control materials, are shown in Table 1.

Measured quantities Deduced values
Foam | d (m) | o (Nsm4) | p, (kgm3) | ¢, (msT) | h h q S | E(Nm?)
0.050 1790 17 30 097|097 | 1.04 | 1.0 | 0.2x105
0.025| 13100 34 46 095|095| 14 | 1.0 | 0.7x10°
0.050 | 25100 34 55 0951090} 2.0 | 1.5 | 1.0x10°

Table 1. Values used in_the theoretical model.

Figs.3(a), (b), and (c) show the wavenumber, attenuation, phase speed, and characteristic
impedance results for foam 2, while Fig.3(d) shows the impedance of a 0.025m hard-
backed layer. As well as an increased density and flow resistivity, the tortuosity of foam 2
was significantly higher than foam 1, due to the more closed nature of the cells.
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Figs.4(a) to (d) show the results for foam 3, where the layer was 0.05m thick. This foam
has a higher flow resistivity and tortuosity than foam 2. Unfortunately, the homogeneity of
the foam was not good, and discontinuities between layers have caused fluctuations in the
characteristic impedance and wavenumber data.
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Fig.4. Experimental and theoretical results for foam 3; (a) wavenumber; (b)
phase speed, attenuation; (c) characteristic impedance; (d) layer impedance.

Again, the shape factor was deduced by obtaining a best fit of the theory with the
measurements and was found to be significantly higher than either foam 1 or foam 2.

For both foams 1 and 2 there is no evidence that the elasticity of the frame affects the
acoustic behaviour, and so the rigid-frame model of Attenborough adequately fits the
measurements. For foam 3, the theoretical curves from Eq.5 agree well with the
measured wavenumber, although the corresponding result from the Attenborough model
[dashed curves in Fig.4(b)] indicates that the rigid frame approximation is not valid.

Experimentally, the resonances in the layer impedance diminish above 3kHz, as shown in
Fig.4(d). This is due to the high attenuation indicated in Fig.4(b), which Eq.5 has failed to
predict. This could be due to the need for a frequency dependent Young's modulus.

(b) Measurements in soil

As part of an investigation into the effects of moisture and acoustic-to-seismic coupling on
the impedance of outdoor ground surfaces, dispersion and attenuation measurements
have been taken in soil with two different moisture contents.

Initially, the soil was very powdery, with a moisture content of only 1.2% by weight. After
water was added, the soil was thoroughly stirred until the mixture was uniform, and the
moisture content was then 8.1%. Figs.5(a) and 5(b) show measured attenuation and
phase speeds for these moisture contents. A form of the Biot theory11 was used to fit the
measured data, as the high-porosity approximations for the elastic properties used in Eq.5
are not valid.



The best fit for the dry data was obtained with a flow resistivity of 5x104Nsm-4, while for
the wet mixture it was estimated to be 105Nsm-4 . The most significant change required to
fit the data, however, was a decrease of the tortuosity from 3.3, for the dry soil, to 1.3 for
the wet case. Apparently this is due to the less convoluted air paths caused by
agglomeration of the wet soil during mixing.
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Fig.5. Experimental and theoretical phase speed and attenuation
« for dry and wet soil.

CONCLUSION

The impulse techniques described above are quick and effective methods for determining
the acoustic properties of materials. The high frequency data which arise as a corollary of
the impulse technique have proven useful in obtaining estimates of tortuosity and porosity.

The theoretical model, which is an extension of the work of Allard et al., agrees well with
the experimental results for foam, altough for foams 1 and 2 there is no advantage over
the simpler approach of Attenborough's rigid-frame theory. While the wavenumber and
characteristic impedance of foam 1, having a flow resistivity of only 1790Nsm4, are
adequately described by the empirical equations of Delany and Bazley, the impedance of
a layer is sensitive to the tortuosity even though it varies only slightly from unity.

Foam 3 exhibited some differences from the rigid-frame model which could be predicted
when both a frame and fluid wave are permitted (ie. by Eqns.5 and 7). However, the
model underpredicts the attenuation at high frequencies, causing the prediction of
resonances in the layer impedance which are not observed experimentally.
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THE VOLUME VELOCITY METHOD FOR DETERMINING THE SPECIFIC NORMAL
IMPEDANCES OF ACOUSTICAL MATERIALS

by

K P BYRNE
School of Mechanical and Manufacturing Engineering
The University of New South Wales
Sydney
Australia

1 INTRODUCTION

The normal incidence specific acoustic impedance and absorption coefficient at the
surface of acoustic materials are quantities of fundamental importance whose
measurement has been of interest for many years. Numerous methods for measuring
these quantities have been developed over the last 100 years. Until recent times the most
common method for measuring the normal incidence specific acoustic impedance at the
surface of an acoustical material has been by the use of a Kundt tube. This method forms
the basis of many national standards, for example [1]. However, with the development of
digital signal processing equipment over the last decade the so-called two-microphone
method has been developed. This method also forms the basis of various national
standards, for example, [2]. The attraction of the two—microphone method is its speed of
operation relative to that using the Kundt tube which requires tests to be conducted at a
single frequency. A broad classification of the methods used to measure impedance and
absorption can be made according to whether or not the sound waves are guided from the
source to the surface of the material of interest by a tube. Both of the methods previously
mentioned involve the use of a tube. Methods which have been used which do not use a
tube range from a free field reflection technique proposed by Ingard and Bolt [3] in which
a heavy steel plate was used as a calibration piece to a two-microphone technique
described by Allard and Champoux [4].

Byrne [5] described a tube type technique which was based on digital signal
processing of the signal from a single microphone near the surface of the material of
interest and the signal from a volume velocity source at the opposite end of a short tube.
A relatively crude volume velocity source constructed from a modified horn-driver was
used. Subsequently, a more sophisticated volume velocity source was developed and
this is described in [6]. The present paper presents a review of the method and an
assessment of its performance when this more sophisticated volume velocity source is
used. This assessment involves a comparison, for various surfaces, of the impedance

45



components and the absorption coefficient measured by the volume velocity method with
the same quantities measured by the ASTM two-microphone method.

2 THE VOLUME VELOCITY METHOD

The features of the device used to make the measurements are shown in Figure 1.
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Figure 1: Device for Volume Velocity Measurements

The design shown in Figure 1 was used as it allowed the specimen and its holder to
be transferred from the volume velocity source to a Bruel & Kjaer two-microphone tube
as shown in Figure 2. Hence the impedance components and the absorption coefficient
measured by the volume velocity method could be compared with those measured by the
two-microphone method with the certainty that the impedance at the face of the specimen
would be unchanged.

The volume velocity method is based on measuring the transfer function relating the
pressure sensed by the microphone close to the face of the specimen and the
acceleration of the piston of the volume velocity source. This transfer function can be
readily found by use of a two-channel frequency analyser when the volume velocity
source is driven by a random signal. The model used for the analysis is shown in
Figure 3.
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Figure 2: Specimen Holder Fitted to Two-microphone Tube

The positive and negative travelling plane waves in the cavity can be represented in
complex form by p, =P, exp[j(wt-kx)] and p_ =P_exp[j(wt+kx)]. The complex

reflection coefficient at the surface of the specimen where Xx L, the complex
representation of the pressure measured by the microphone at x = L-D and the complex
representation of the volume velocity at x = 0 can be expressed in terms of these waves.
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Figure 3: Model for Analysis

B

The volume velocity produced by the piston of area, S* in terms of the complex
representation of its acceleration, A is S*A/jw. If the transfer function which relates the
pressure measured by the microphone at x = L-D to the acceleration of the piston at x = 0
is denoted H(jw), it can be shown that the complex reflection coefficient, R(jw) can be
expressed as below.
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(Jo(S/S*) H(jo)/(pc)) exp(+ikL) - exp(+jkD)

R(jo) =-= . . ,
(jo(S/S*) H(jw)/(pc))exp(-jkL) +exp(-jkD)

1)

The wave number, K is given by w/c, where o is the angular frequency and c¢ is
the velocity of sound. p is the density of the air. Once R(jw) has been found, the normal
incidence specific acoustic impedance ratio at the surface of the specimen, z/pc and the
absorption coefficient, o can be found from z/pc=(1+R(jw))/(1-R(jw)) and

o= 1—]R(jm)[2.

3  PRACTICAL ASPECTS

Magnitude and phase errors in the voltages produced by the accelerometer and the
microphone will result in the "measured" transfer function, H, (jw) being different from
the "true" transfer function, H(jw) which relates these quantities. The effect of these
errors can be minimised by the following procedure. These transfer functions can be
related by equation (2). ‘

H(jo) = a(jo)Hy (jo) | 2)

a(jw), the correction term which should be applied to the" measured" transfer function to

obtain the "true" transfer function, can be obtained by measurements made when a hard
surface for which R(jw) = 1 replaces the surface of the specimen. Suppose that the
calibration transfer function measured for this condition is denoted H . (jw). Equation (1)

then leads to the following result.

a(jo) = exp(+jkD) + exp(-jkD)
0™ (G0 (STS")H e (j0) / (pe))[exp(+KL) - exp(-jkL)]

®)

This expression can be used in equation (2) which then can be used in equation (1) to
give equation (4).

+H*(jo)(1- jcotkL) - (1+ jtankD)

R(jo) = -H*(jw)(1+ jcotkL) + (1~ jtankD) @

Equation (4) is expressed in terms of an "equalized" tranSfer function, H* (jw) given by
equation (5). |

H* (j0) = Hpp (0) / Hine (j0) O

It is evident that the two key features of the technique are the measurement of an
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"equalized" transfer function which allows the effect of the amplitude and phase errors in
the transducers to be minimised and the use of this "equalized" transfer function in
equation (4). The "equalized" transfer function was measured by use of a Bruel & Kjaer
Type 2032 Two-Channel Frequency Analyser and the calculations needed to give R(jw)
from equation (4) and then z/pc and o were made using a small computer connected to
the analyser.

The internal diameter of the cavity and the specimen holder, being 29mm as shown
on Figure 1, results in cross modes in the cavity not being encountered until a frequency
of about 6kHz is reached. Thus the transfer function H (jw) was measured over a
frequency range of 0 to 6.4kHz and the data was plotted over a range 0 to 5kHz. The axis
of the microphone was 7mm from the face of the piston of the volume velocity source and
the "equalization" transfer function was measured with the hard surface 10mm from the
face of the piston. The various materials which were tested were installed therefore, with
their surfaces 10mm from the face of the piston.

The two microphones used with the ASTM two-microphone procedure were 20mm
apart and the axis of the closest microphone was 43mm from the face of the specimen.
The usual procedure of switching the microphones to minimise phase errors was followed.

4 RESULTS

The components of the specific normal acoustic impedance ratio and the absorption
coefficient determined by the volume velocity method and the two-microphone method for
a number of surfaces are plotted in Figures 4 to 6. The values determined by the volume
velocity method are shown by lines while the values determined by the ASTM two-
microphone method are plotted as points. Each of the figures contains two diagrams.
One covers a frequency range of 0 to 500 Hz while the other is for a frequency range of 0
to 5000 Hz. The absorption coefficients are not plotted on the 0 to 500 Hz diagrams as
they are small over much of the range.

The results shown in Figure 4 are for a 25mm deep air cavity. The broken line which
refers to the reactance of the 25mm deep air cavity as measured by the volume velocity
method is in close agreement with the theoretical value of —cot kL. The theoretical values
are plotted as circles on the low frequency diagram. It can be seen that there is a lack of
precision with the two-microphone method at low frequencies. This is, of course, to be
expected in view of the close microphone spacing.

The results shown in Figure 5 are for a 50mm thick fibreglass specimen backed by a
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hard surface. It can be seen with regard to the low frequency diagram that, except at low
frequencies, there is good agreement between the results derived by the two methods. At
high frequencies in the high frequency diagram the agreement is not good between the

absorption coefficient results.

The final set of results shown in Figure 6, are for a 25mm thick sample of plastic
foam. This sample is in fact the calibration 'Sample supplied with a Bruel & Kjaer two-
microphone impedance measuring system. The same features are evident as with the
fibreglass sample in that there is poor agreement between the results measured at low



and high frequencies.
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Figure 5: Components of Impedance Ratio and Absorption Coefficient
for 50mm Thick Fibreglass.

5. COMMENTS ON THE RESULTS

It can be seen that under favourable conditions the results obtained by both the
volume velocity and the ASTM two-microphone method are in good agreement. The
value of the volume velocity technique is that it enables accurate values to be obtained at
low frequencies. It is likely that the high frequency discrepancies evident in Figures 5 and
6 are due to non-uniformity of the samples. It is possible that this problem could be
overcome by rotating, about the cavity axis, the sample holder relative to the microphone.
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Sound power determination in the geometric near field
of a source by pressure measurements alone.

by

D. A. Bies and Gareth Bridges

INTRODUCTION

Before the advent of the sound intensity meter there were only two ways of determining
the sound power of an acoustic source. If the source was not large the radiated sound
power could be determined by placement of the source in a calibrated reverberation
chamber and from a determination of the reverberant field level the sound power could
be calculated. Alternatively, if the sound pressure level in free far field could be
determined over an encompassing surface the radiated sound power could be estimated
on the assumption that in the far field the pressure and particle velocity were in phase
and consequently the pressure squared was a measure of the sound intensity.

However, situations were often encountered in which a source could not be placed in a
reverberation chamber and measurements in the free far field often were not possible but
a need still existed for an estimation of the radiated sound power. Consequently,
procedures were developed for making sound pressure level measurements in the near
field of a sound source over some arbitrarily located measurement surface. Radiated
sound power was then estimated by assuming that the squared sound pressure on the
measurement surface was a measure of the sound intensity at the surface.

With the commercial availability in recent years of sound intensity measuring equipment
the direct determination of radiated sound power has become possible. In principle, the
determination of sound power from intensity measurements in the near field of a source
is now possible. It has been discovered, however, that the near field of a source can be
remarkably complicated and consequently the question may reasonably be asked whether
it is possible to determine sound power in the near field of a source using pressure
measurements alone. Alternatively, one may ask how great was the likely error incurred
by such procedures used in the past and how much has been gained for the purpose of
sound power determination by the introduction of the sound intensity meter.

In the investigation to be described here the field of a piston mounted in an infinite baffle
is considered. As is well known the extent of the geometric near field of the vibrating
piston is determined by the dimensionless quantity D = a/krwhere a is the radius of the
piston, A is the wavelength of the radiated sound and ris the distance from the center of
the piston to the field point in the half space in front of the baffled piston where the
observation is made. When the latter dimensionless quantity, D, is greater than one the
field point is in the near field and conversely when the quantity is less than than one the
field point is in the far field.



The radiated sound power of the piston mounted in an infinite baffle may be calculated
in terms of the well known real part of the radiation impedance, R, and the piston velocity
amplitude, U. Consequently, an estimate of radiated sound power based upon field
measurements may be compared with the calculated value of the radiated sound power.
If the estimated sound power is divided by the known calculated radiated sound power
for convenience then a value of one is obtained for the ratio when perfect agreement is
achieved while a number for the ratio greater or less than one indicates either an over
estimate or an underestimate. The size of the error is indicated by the magnitude of the
ratio relative to one.

ANALYSIS

The origin of coordinates is placed at the center of the piston as shown in Figure 1. The
piston has radius a and vibrates sinusoidally normal to its surface with velocity amplitude
U. The piston radiates into the half space above the plane of the piston.

It will be supposed that the power radiated by the piston can be determined from the
squared pressure distribution over a hemisphere of radius r centered at the center of the
piston. The hemisphere encloses the piston source in the half space into which the
piston radiates sound. The hemisphere will be referred to as the measurement surface
and squared sound pressure calculated at field points on the measurement surface will
be referred to as measurements. Choice of number, Q, of field points will be a variable
of the experiment.

Referring to the figure, as the field is symmetric about the central axis of the piston, it is
only necessary to consider field points along an arc in the measurement surface
extending from the axis of symmetry to the plane of the piston. A further reduction in the
computation is possible based upon the observation that source point to field point
distances, r, are symmetrical about a plane of symmetry coincident with the the
measurement arc. Consequently, it is only necessary to integrate contributions to the
sound pressure at the field point over half of the piston surface. The total sound pressure
is then determined by multiplication of the integral by 2.

Referring to Figure 1, where the contribution of the piston surface element dS to the

sound pressure observed at field point g is illustrated, the surface element to field point
radius, r’, divided by the field point radius ris given by the following equation.

2l [SF(2 (g2 ssmecon] @

The normalized surface element to field point radius is expressed in dimensionless form
as follows.
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where

ry = < (3)

Contributions to the pressure, p, observed at field point g are determined by integration
over the surface of the piston. Thus where the surface area of the piston is S the
pressure at g is expressed in integral form as follows.

; /
.0ckU e]((ﬂt—kl’)
p:JpZ 7
T o 7

ds (4)

The increment of power, AP, through a circumferential strip of area AS’, at radius rabout
the axis of symmetry will be approximated as follows.

2712
AP = WAS/f(k,r/) (5)
8~
where
/ ; / ’
kr sinkr
Flk, t!) = f___.,....cos ds +f ds (6)
L r s T

An estimate of the total power radiated, P’, is calculated by summing the contributions AP
given by Equation 5 over the entire hemispherical measurement surface. The estimated
total radiated power is

Q 2 2 /
p/ = Z pck U f(k. T ) sinp (7)
&t 80 !

The integration of Equation 6 is carried out numerically by dividing the area of the piston
surface into 2,500 elements distributed uniformly and calculating the contribution of each
to the observed pressure at the field point g.

The power, P, radiated by the piston may be calculated in terms of the real part of the



radiation impedance R(2ka) and the velocity amplitude U of the piston. The power
radiated by the piston is
_ 1

P=5

pcrna’R(2ka) U? (8)

The normalized estimated radiated power, P, is obtained by dividing Equation 7 by
Equation 8. The normalized power estimate is

0 2.9
Tk“a 2 2
Py = (9)
N qz_l mrN81n6q

RESULTS

To ensure that the program provides correct information the cases of a piston of radius
a which is equal or less than the radiated wavelength A were first considered. For Q =
10in which ten field measurements were simulated the normalized power estimates were
all essentially one with errors less than 0.1 or less than 0.5 dB confirming that all of the
radiated power was accounted for by the simulated far field measurements.

In Figure 2 the case of a very directional source with an extended geometric near field
is considered. In this case the radiated wavelength to piston radius ratio, A/a, has been
set equal to 0.1 or the diameter of the piston is twenty wavelengths across. In this case
the boundary between the geometric near field and the far field occurs for a value of field
radius to piston radius ratio, 7a = 10 as shown in the figure.

It is observed by reference to the figure that both larger and smaller estimates of the
radiated power are observed but when the number of simulated measurements is
increased from 10 to 20 the departure from 1 is considerably reduced. It is also of
interest to note that the worst estimate occurs in the far field for the case of 10
measurements and not in the near field as might have been expected. The figure shows
quite clearly that there is no sensible difference between measurements of sound power,
using pressure measurements alone, when the measurements are made in either the
near or the far fields and that in either case accuracy is improved by increasing the
number of measurements.

CONCLUSION

The geometric near field of a radiating source of sound can be quite complicated with
extensive constructive and destructive interference effects in the related pressure field.
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Sound intensity measurements have confirmed the complexity of such fields and have
raised the question whether a determination of radiated sound power based upon
pressure measurements alone is even possible in the geometric near field.

The determination of the sound power radiated by a baffled piston from a finite number
of pressure squared measurement over an encompassing hemispherical surface has
been investigated numerically. It has been shown that the results are independent of
whether the measurement surface is in the far field or the geometric near field and in any
case the precision of measurement of radiated sound power improves with increasing
number of measurements.

Although the investigation reported here is certainly not exhaustive it is considered
indicative. Too much information has raised the question whether the measurement is
possible whereas the simplistic approach carried out with reasonable care gives the right
answer. In fact, the major problem often faced by the engineer is how to reduce a large
amount of information to a manageable quantity. Consequently, a greatly expanded
measurement capability is not necessarily of itself an asset.
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Single and double pulse propagation in a turbulent atmosphere

I.D.Mcleod, G.G.Swenson and C.G.Don
Department of Physics, Monash University, Clayton, Victoria.

1. INTRODUCTION

Sound propagation under outdoor conditions is strongly influenced by meteorological
variables and surface impedance values. In many situations, fluctuations in the wind
velocity have significant effects on the propagating sound and there is considerable
interest in predicting the sound field in terms of models based on readily measured
wind velocity parameters. To date most studies have discussed continuous wave
investigations1.2, whereas this work uses pulse propagation as the probe. In this
situation the effects of the wind can be manifest as changes in the flight time of the
pulse and as alterations in its waveform. Theoretical studies for continuous wave
excitation indicate a relation between the RMS value of the pulse pressure and that of
components of the wind velocity3. Further these studies indicate the RMS value of
acoustic parameters should be independent of wind direction. This work seeks to
examine the applicability of these ideas to pulses and further seeks to develop a
model of propagation in a fluctuating wind derived from properties inherent in the
pulse waveform.

2. EXPERIMENTAL SET-UP

In the experiments to be reported here, simultaneous measurements were taken up
and downwind over the same region of grassland to see if there were appreciable
effects due to wind direction. To this end, identical microphone systems were located
16m away, on either side of an impulse source, and the whole system aligned along
the mean wind direction as indicated in Fig 1. This layout enabled upwind and
downwind data to be obtained under as near as identical meteorological conditions as
possible.

16 m 16 m

B <
b <4
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Ref
@ ke erence Mic 2

Micl

Fig. 1. Experimental setup

Source and receivers were positioned 2.0m above the flat mown grassy surface. This
geometry allowed complete separation in time of the direct and ground reflected
pulse. Anemometers were placed near both receivers and the source, each output
being connected to a digitising system which allowed the wind variations to be stored



in 5ms intervals. The system was triggered by the impulse source, so that 100 data
points occurred before and 100 after a particular shot. These data were subsequently
averaged over the 50ms interval centred on the instant when the pulse passed the
anemometer location. Measurements were only taken when the wind direction, as
judged by a number of flags positioned along the propagating path, was within a few
degrees of the axis formed by the source and microphones. The anemometers also
permitted temperature measurements to be taken, however, it was noted that the
variation of temperature over the site and for the data acquisition time was negligible
so it is unlikely that this factor could influence the results.

In examining the effects of outdoor wind turbulence, it is useful to establish a
reference pulse waveform and to know its spread under zero wind conditions. To
achieve this, measurements were taken indoors in a large hall, where there was
essentially no movement of the air, and using an identical measurement geometry to
that of the outdoor experiments. For the measurements reported here it was also
necessary to ensure that the pulse source produced the same amplitude and
waveform at equal distances on either side of the source for a given shot. It was
found that this condition was closely fulfilled, although there were significant changes
to the amplitude between shots. To account for this a reference microphone was
positioned 0.50m from the source, but away from the main propagating directions to
avoid interfering with these pulse waveforms. This microphone output was used
solely to adjust each pulse amplitude to a common value: the philosophy being that
even outdoors this microphone was sufficiently close to the source that turbulent
effects on its amplitude would be negligible. When such a normalisation was
introduced, the distribution of pulse waveforms over twenty or more individual indoor
pulses was extremely tight and the ensemble averaged waveform at both measuring
receivers was essentially identical and did not vary appreciably between different
measuring sets.

3. RESULTS

Measurements from two different regions of a large grass-covered football field are
reported. Site 1 was about 8m from, and its axis perpendicular to, a 3m high
embankment with trees along its top. The wind was blowing through the trees and
then down onto the flat grassland where the experimental measurements were taken.
It seemed possible that this geometry could set up turbulent structures which may
have preferentially affected the microphone nearer the embankment. The second site
was on the flat area, where the wind blew parallel to the embankment and had a
fetch length of at least 300m.

3.1 Relationship between Pulse Delay and Meteorological Data.

These measurements follow from those reported earlier,%> where the results were
somewhat inconclusive. It was necessary to establish a suitable method for
manipulating the anemometer readings to give a representative velocity which would
correlate with the measured pulse delays. Three approaches were tested;-

1 take the single result from any one of the anemometers.

2 take an average of the anemometer reading at the source and that at the
relevant microphone.

3 fit a quadratic to the three measured values and integrate the function over
either the up or downwind path and take the average derived from this
integral.
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Fig 2. Comparison between calculated and measured delay.

As might be expected, using the individual reading, approach 1, was generally the
poorest predictor. Whilst method 3 was marginally better than 2 it is more complex
and time consuming and so the second method has been adopted in the remainder of
this work. An example of the correlation of measured up and downwind delays with
values calculated using this wind parameter is shown in Fig 2.

3.2 Ensemble Average and Distribution Measurements

Fig 3 shows the change in the average impulse waveform between pulses propagating
indoors and upwind outdoors under two different wind regimes. While there is a slight
increase in the pulse height, the dominant change has been to broaden the pulse. A
similar result occurs downwind although the average pulse height is then slightly less

than that of the indoor case.

Moderate

Fig. 3. Averaged pulse shapes.

While individual pulses may have a larger or smaller peak pressure compared to the
indoor value, the pulse width is very rarely less and often substantially greater than
the width measured indoors. This implies that energy is being scattered into the tail of
the pulse, the amount of this scattered energy increasing as the average wind speed

increases.
Fig 4 shows the distribution of the peak pressure values (in arbitrary units) for over
200 shots at site 2. Included are the direct and ground reflected pulses, taken

simultaneously for both up and downwind propagation. As well, the dotted curve
shows the much tighter distribution obtained for 102 indoor direct measurements.
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Note this curve was drawn with a different vertical scale. The corresponding reflected
pulses from the nearly perfectly reflecting hard wooden floor gave a similar
distribution and so has been omitted.
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Fig. 4. Peak pressure distributions

The resolution of the above histograms was set by dividing the maximum peak height
of the direct pulse into 40 intervals. While it may appear that the reflected pulse
distribution is much narrower, this is because their amplitudes are significantly less
than the direct pulses. Once appropriately normalised, the direct and reflected
distributions, whether up or downwind, are essentially identical.

It is apparent that while the wind fluctuations cause significant changes to the
distribution, the effect is essentially independent of wind direction. Further, although
the turbulence experienced by the ground reflection could be quite different to that
affecting the direct, in fact, the standard deviations of the distributions show
negligible difference, in spite of the reflection also being involved. This could not have
been established using continuous wave techniques. Based on Fig 2, we might expect
a good correlation between the standard deviation of the wind speed distribution and
that of the propagation time. However, as shown in Table |, such a relationship is
not obtained. Similar findings hold for peak height, width, and energy distributions.
Even if the wind speed is broken down into different velocity groups there is no
improvement in the correlations. The reason for these discrepancies is not clear at the
moment.
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Upwind Upwind Downwind Downwind
site 1 site 2 site 1 site 2
Wind speed (m/s) 1.02 1.45 1.01 1.630
Propagation time (ms) 0.157 0.200 0.108 0.192
Peak height* 0.026 0.031 0.020 0.027
Width (ms) 0.067 0.021 0.016 0.020
Energy* 0.111 0.101 0.062 0.102

Table 1. Standard deviation, * refers to normalised units.

The energy of a pulse is related to the sum of the squares of each of the
instantaneous pressure values along the length of the pulse. The end point for the
computation is difficult to determine due to fluctuations in the tail, however, as the
excess pressure region contains 90% of the energy, the overall uncertainty in the
energy is minimal. Previous pulse work preformed with considerably lighter wind
speeds than in this study revealed that 5% of the received pulses showed energy
enhancement4. This fraction has significantly increased in the data of Table 2, where
the data have been selected if the outdoor energy exceeded 1.09 times the indoor
value. There is a marginal increase in the energy of the received pulse when
propagating upwind and at higher speeds. To make this consistent with the
observation, noted in conjunction with Fig. 3, that the downwind pulse height was
smaller than the upwind case, it is necessary to conclude that for downwind pulses
the scattered energy tends to arrive later in the pulse.

Site Mean wind Downwind % Upwind %
speed (m/s)
Ref. 2.0 5 -
1 5.0 36 52
2 7.1 54 64

Table 2. Percentage of pulses with energy greater than average indoor pulse.

3.3 Individual pulse shapes

Major variations occur between individual pulse shapes, either between different shots
or between the different propagation directions, as is apparent from the two solid
curves in Fig. b. In an attempt to use the shape information, a simple model has been
postulated which assumes that any given pulse can be formed from the linear
combination of a number of successively delayed pulses.
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Fig. 5. Example of a good fit and a poor fit, using the pulse reconstruction model.

The shape of each component pulse is assumed to be that of the indoor waveform
but its amplitude and starting time can be adjusted as required. It has been found that
a maximum of three pulses are required to successfully reproduce all but the tail of
the pulse in 95% of the 100 pulses considered. The few exceptions are when the
outdoor pulse is narrower than the indoor one and could be explained by allowing the
second component to be inverted by a scattering mechanism. An example of a good
fit and one of the rare bad fits are indicated by the dashed lines in Fig. 5.

If the required amplitude and delay of each of the three component pulses are plotted,
the result is that shown in Fig.6. Not all the first components occur at time zero
because of a limitation in the computer matching routine which could not always
exactly align the leading edge of the actual pulse and the indoor waveform. Thus the
spread of first components into four or five channels is a measure of the current
resolution. In some cases the amplitude of the first component exceeds that of the
indoor pulse, sometimes it is necessary to add the second component with very little
delay while in others a small second component is not required until quite late.
However, it is noticeable that the second and third components tend to bunch more
tightly in the site 2 results than occurs in the other set. The reason for this difference
is unknown, although it may be associated with the different fetch lengths setting up
a different pattern of turbulence.

Particularly with the site 2 results, it is tempting to assign three effective paths to the
sound reaching the receivers. If it is assumed that the direct path from source to
receiver is that followed by the first component, then the second component arriving,
on average, 20us later, can be thought of as being scattered from a region
approximately 7.3cm off axis while the third component, which is delayed about 50un
s, would appear to be scattered from a point 11cm off axis. An alternative approach
is to consider the components to be delayed as they pass through parts of the
turbulent region with different wind vectors.
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Fig. 6. Amplitude of component verses arrival time.

3.4 Double puyls/,e source

The motivation for using a double pulse source is twofold - to establish that the
passage of a pulse does not affect the flow regime significantly and to study the time
evolution of turbulence. Two methods of generating double pulse source have been
examined®, double detonation and a single detonation system, see fig 7. The time
separation for both methods is achieved by making the exiting gas travel two paths of
differing lengths. An additional benefit is the possibility of producing a wider pulse
which will contain lower frequencies by having such a small delay that the pulses
merge. After testing it was found that system 7b was more acceptable as the
interpulse delay was more reproducible between pulses. The lack of reproducibility of
either system at the level required, limited the ability to get a consistent wider pulse.

Using a double pulse system in still air, it has been found that for interpulse durations
between 0.5 and 4.0ms, changes in waveform for transmission between 1 and 2.5m
is negligible when allowance is made for a decrease in amplitude due to distance
spreading. Such a finding suggests that the passage of the first pulse does not
introduce a flow disturbance and thereby affect the second pulse.
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4. CONCLUSION

Considerable information about the fluctuations of the wind along the propagation
path is locked up in the pulse waveform, as is evident from the assortment of
observed shapes. The problem is to correctly extract and interpret the results.

This study has considered the average properties of the waveforms by considering
groups of several hundred pulses and plotting variations of peak height or calculating
their energy content. Further, the standard distribution of such parameters has been
compared with that of the wind fluctuation. While good correlation has been achieved
with the pulse delay and the meteorological data, the correlation between the
standard deviations is relatively poor. At this stage, no adequate explanation is
available for this lack of agreement. The development of a model of turbulent
behaviour from the way the pulse waveform can be generated by a number of
component pulses is in its infancy, however, early results look promising.
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Abstract

The prediction of sound transmission through apertures has been the subject of a number
of research articles spanning fifty years. Here previous work on this subject is used as a
basis for developing a model to calculate the effect of a perforated panel on the sound
radiation from a solid panel mounted closely behind it. Experimental data agree well with
theoretical predictions for small apertures but agreement becomes worse as the aperture
size to wavelength ratio increases.

Introduction and Review

Although vibration actuators can be used to control sound radiation from thin structures
(Snyder and Hansen 1990, Meirovich and Thangjitham, 1990) and sound transmission
through thin structures (Fuller and Jones, 1987, Eatwell, 1989), the control of vibration of
heavy structures with large internal impedances is much more difficult because of the large
forces required. For example, the active control of sound radiation from electrical
transformers using vibration actuators acting on the transformer tank is generally impractical
for this reason. Also the use of sound sources to control the sound radiation on a global
basis is impractical because of the large number of sources required. One alternative might
be to enclose the transformer in a thin sheet metal enclosure and apply active vibration
control to the enclosure. However this would be impractical as the transformer would
overheat. Another alternative would be to use a perforated sheet metal enclosure which
would still allow cooling by natural convection and which could reduce the radiated sound
by appropriate control of its own vibration.

The study of the transmission of sound through single apertures has been the subject of
research for many years, mainly with a view to describing the detrimental effects of holes
in walls of structures surrounding noise sources. Ritchie (1932) experimentally confirmed
some of Lamb's (1931) fundamental statements concerning sound transmission through an
aperture, by measuring the intensity of sound transmitted from a source room, through an
aperture, into areceiving room. For multi-perforated panels, Ritchie determined an empirical
cubic equation to describe the transmission loss for a given number of holes. Mulholland
and Parbrook (1967) cast serious doubts on the validity of Ritchie's results because of their
belief that the location of the measuring microphone immediately behind the aperture would
invalidate them.

Sivian (1935) experimentally determined the acoustic impedance for small orifices, although
the results are of little use because they are empirical and thus limited in application. Levine



and Schwinger (1948,1949) provided a rigorous mathematical description of the diffraction
of sound by an aperture in a screen. Assuming an incident plane wave they calculated by
integral methods the amplitude of the diffracted spherical wave at a given distance from the
aperture. This result was used to detérmine the transmission coefficient of the aperture.
However this analysis is too complex to be applied easily to more complicated aperture
arrangements.

Cook (1957) calculated the absorption of sound by patches of absorbent materials, and his
results were used by Mulholland and Parbrook (1967) to calculate the transmission loss of
an aperture based on the assumption that any sound energy absorbed by the patch of air
would be re-radiated from the far side of the aperture. However this work was limited to
very low frequencies. Gomperts (1965) solved velocity potential equations to model the
transmission loss of an aperture, and in particular considered viscous effects within the
aperture. Wilson and Soroka (1965) determined the transmission loss of a panel with an
aperture by determining the approximate solution for the diffraction of a plane wave incident
on an aperture based on the assumption of rigid, massless, infinitely thin, plane pistons in
each end of the aperture, with the motion of the pistons modelling the movement of the air
particles at the ends of the aperture under acoustic excitation. It was assumed that plane
waves propagated in the aperture, which holds true if the wavelength is much larger than
the aperture diameter. Wilson and Sorokas analytical results are similar to those of
Gomperts but their analysis is much simpler and has been experimentally verified (Oldham
and Zhao, 1993; Gibbs and Balilah, 1989)

Mulholland and Parbrook (1966) provided a valuable summary of the theories to that time.
In particular, they determined the transmission coefficient of sound through an aperture
using the theories of Lamb, Rayleigh, Gomperts, Wilson and Soroka, and Cook as a function
of the normalised parameter ka, where k is the wavenumber and a is the radius of the
aperture. The various theoretical models showed good agreement at large values of ka
(where the transmission coefficient approaches unity) but poor agreement for the case of
small ka. Their conclusions, that a modification of Cook's theory best agreed with their
experimental results, is in conflict with results of both Gibbs and Balilah (1989) and Oldham
and Zhao (1993) who experimentally verified the results of Wilson and Soroka. Mulholland
and Parbrook also proposed an interesting solution to the problem of the interactions
between the holes in an array. This involved the use of a modified impedance which was
determined by the number of neighbours and a "coherence factor" to account for the
different relative phases of the vibrating air pistons, but unresolved typographical errors
make it difficult to apply.

In 1992 Pan et. al. investigated analytically the feasibility of controlling low frequency sound
radiated from a solid, simply supported rectangular panel by mounting in front of it a second
actively rectangular panel containing a single large hole. Experimental work (Burgemeister
and Hansen, 1993) failed to validate the theoretical model and for this reason the work
described in this paper is directed towards providing a more accurate model, and one which
can incorporate multiple holes.

A New Theoretical Model
A solid vibrating rectangular panel of dimensions Ly L, thickness h and excited by a point

force Fp at 0,= (xpyp) is located on the z=L_ plane as shown in figure 1. In front of the solid
panel, a second simply supported panel (the front panel) is installed on the z=0 plane and

is surrounded by an infinite rigid baffle. The perimeter of the space between the two panels
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is sealed by the shim steel used to provide the simple support for the front panel. In this
front panel there is an H x H, array of rectangular holes, each of which has diameter ¢,,
and centre (for the p, q hole at,

-L, L, -L, L,
H 2 +(HX+1) p} ’ {—é" +(Hy+1) q}]

Calculation of the far field sound pressure is done by first calculating the response of the
solid panel and then calculating the sound field produced by the solid panel at the perforated
panel. Once this is done the theory of Wilson and Soroka (1965) is used as a basis for
calculating the sound pressure in the farfield. An iterative procedure is used to allow the
effect of multiple reflections from the back of the perforated panel to be included in the
model.
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Figure 1 Theoretical Arrangement

Solid Radiating Panel Response

With the origin of the coordinate system in the centre of the panel, the panel displacement
due to the (m, n) mode is

W, o~ WP cos| X | cos| 1Y |glot (1)

) m,n
X Ly

where the normal mode shape function ¥,, (o) is defined as

max | .ol 1Y (2)

X Ly

Y .n(0) = cos

where o=(x,y).

The resonance frequency of the (m, n) mode for a simply supported edge panel is given by:



1/2 2 2
f o 1|__En® mn +£zc_] (3)
™2 (12p(1 —v2) Ly) Ly

The panel displacement amplitude matrix [Wp] is an Mx1 array, where M is the total
number of panel modes considered.

[we] - (4)

It can be calculated, given the driving force Fp as

[we) =[v]|F] ®)

where the panel modal admittance matrix [Y] isan MxM diagonal matrix with its diagonal
element defined as ‘
_ 1
Ym,n - > D) (6)
~ 2
M n <°)m,n IMm nOp p @ )

and the matrix [F;j is defined as

LPT (Xp:yp)
Yo (X5, ¥p)
t| 2p:Yp (7)
[Fp} =Fp ,
_?M(Xp’yp)_
where o is the angular frequency (rad/s) of excitation, Wy, =2nf, . is the angular

resonance frequency of the (m, n) panel mode, Mmn isthe loss factor for the (m, n) mode,

My =ph [¥2 (0)do
A
is the modal mass of the solid panel and A is the solid panel area.

Sound Pressure Incident on the Perforated Panel

The acoustic pressure on the incident side of the perforated panel is calculated from the
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displacement function of the primary panel, W, , , by using the Rayleigh integral as
follows

W, Jo)e -jkr(a)

o) ®)

2
)
Pi 27 %A[p

Where p is the density of air, w is the angular frequency and r is the distance from point
o=(x,y) on the primary panel to the centre of the i hole.

Due to the close proximity of the primary panel to the perforated panel, it is assumed that
the sound field incident on portions of the perforated panel not occupied by a hole are
reflected, and in this case it is reasonable to assume that there is no absorption by the solid
part of the perforated panel. Similarly, it can be assumed that this partially reflected sound
field will be re-reflected (with no absorbtion) by the solid primary panel back towards the
perforated panel. In theory it is necessary to define an infinite series of virtual sources
(reflections) of the primary panel (minus the regions of the holes, where sound will be
absorbed and not reflected) stretching behind the primary panel. The n" virtual source is
2L, en behind the primary source, where L, is the distance between the primary panel and
the perforated panel. The pressure field of each virtual source can then be added to the
primary source, and its resulting pressure in the far field calculated by using equation (9).
Of course only a finite number of virtual sources need be considered in practice, as each
has less effect than the previous one because the distance terms in the Rayleigh Integral
become larger for each successive virtual source. In this way, all of the sound energy from
the primary panel can be seen to eventually make its way out of the perforations. In
practice, it was found that using 30 virtual sources provided acceptable convergence of the
results.

Wilson and Soroka's analysis is easily applied to calculate the pressure p, in the far field of
an aperture (at some distance r), given the pressure p; on the incident side of the aperture
as
ika zejkr
p, = / p; (9)
r|2Rg(coskh ~Xgsinkh) +[(RE -X& +1)sin kh +2X,cos kh

where R and X, are the radiation resistance and mass reactance functions of a circular
piston in an infinite wall given by
2/4 (2ka 2 4 6
Ro = Ro(2ka) =1 - j1(2ka) _ (2ka)® _(2ka)* | (2ka)® _ (10)
2ka 24 0,426 2.42.52.8

and

Xy = Xo(2ka) = 2| (2ka) _(2ka)® | (2ka)® _ (11)

m 3 325 32527

When the perforated panel contains more than one aperture, the complex sound pressure
contributed at some location by each aperture are added together to give the total sound
pressure at that location.



To obtain acceptable results when many holes are included in the perforated panel it is
necessary to calculate the effect of each hole upon the radiation and mass reactance
experienced by nearby holes. Both Pritchard (1960) and Arase (1964) discuss mutual
radiation impedance between radiators. Pritchard's results, however, reduce to a simple
trigonometric function and hence are vastly simpler to implement numerically. Pritchard
states that

sin(kd,) . cos(kd,)
+
kd, / kd,

(12)

Zip =(Ryp +/X42) = Ry

where Z,, is the mutual impedance between two radiators 7 and 2 and d, is the distance
between them. Hence for an array containing a total of H,xH, holes the radiation
impedance of the n hole is given by the modified radiation resistance and the modified
mass reactance as

sin(kd )
RI’) =RO+RO Z ‘—la—a—' (13)
HH, a
and
Cos(kd )
My =My +Ry Y —/&Ti (14)
HyH, a

The major drawback of the theoretical formulation is the vast amount of Combuting time
required, and the high number of calculations involving integrations over extremely small
areas also makes this method susceptible to rounding errors.

Experimental and Numerical Results

A rectangular steel panel (primary panel) of dimensions 380mm x 300mm, and thickness
1.98mm was mounted in a heavy steel frame using spring steel shims to approximate simply
supported boundary conditions. The panel was placed in the centre of a large wooden
baffle and excited using a Briiel & Kjaer 4809 electrodynamic shaker at its centre. The
acoustic response of the panel was measured with a Briiel & Kjzer 1 Inch microphone
placed directly in front of the panel at a distance of 1.7m. In front of the primary panel, a
second simply supported control panel (perforated panel) of the same dimensions (as the
primary panel) was installed. Four different control panels mounted 20mm away from the
primary panel were tested. The first panel was constructed to match the panel used in the
theoretical analysis of Pan et. al. (1992). It had one 47.5mm square hole, offset 95mm from
the centre of the panel. The remaining panels had arrays of holes of different density and
size as shown in the table below.

Array Size l Hole Size l
1 47.5mm Square
10 by 22 6mm Diameter
55 by 41 3.9mm Diameter
56 by 41 3.25mm Diameter
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In figures 2a and 2b, results are shown for the sound radiated from the solid panel with and
without the presence of a perforated panel in front of it, with a single square hole. The
curves shown in figure 2a represent experimental results as well as numerical results
(calculated using a DEC 5000/240 compuserver) for the case including the perforated panel
using both the theory of Pan et. al. (1992) and the theory developed in this paper (assuming
in both cases a panel loss factor of n=0.0039 which was determined by measurement of the
test panel). It can be seen from the figure that the theory developed in this paper fits the
measured data much more closely than the theory of Pan et. al. (1992), especially at low
frequencies. Infigure 2btwo curves represent the experimentally measured sound radiation
on axis to the panel with and without the perforated panel and the third curve represents the
theoretically predicted sound radiated by the solid panel which can be seen to agree well
with the experimental data.

Experimental measurements using other types of perforated panels are shown in figures 3

to 5 where it can be seen that placing the perforated panel in front of the solid panel makes
little or no difference to the sound radiation except at higher frequencies.
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Figure 2a The effect of a panel with a single 47.5mm square hole on the sound
radiation from a solid panel mounted 20mm behind it and excited by a 1N
point force at its centre.

Conclusions

A theoretical model has been developed to allow the sound field radiated by a solid panel
fronted by a perforated panel to be calculated. This is the first step in the analysis needed
to calculate the maximum achievable sound reduction as a result of applying active vibration
control to the perforated panel. Itis of interest to note that by itself the perforated panel only
has a small effect on the radiated sound field. However, when actively controlled,
preliminary experimental work has shown the potentially achievable noise reduction to be
well over 10dB.
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The effect of a panel with an array of 22x10 holes of 6mm diameter on
the sound radiation from a solid panel mounted behind it and excited by
a point force at its centre.

75



76

w0
o
1

80 F ‘ .
& : ; -'\Z
N0 b ' . i
oo | o ey o Sy AN
g - y 2%
; 50 H d “\,‘-i.v: by
g i : ¥ | oy
S 40 HLIE i
Q. : v
(% 30 Z
g 20 f f Solid Pane! Experiment
o b 55x41 Perforated Panel Experiment
w0 b
0 1 1 ~ 1 1 1. 1 1 i
0 100 200 300 400 500 600 700 800
Frequency (Hz)
Figure 4 The effect of a panel with an array of 55x41 holes of 3.9mm diameter on
the sound radiation from a solid panel mounted behind it and excited by
a point force at its centre.
S0 r
80 r \
£
S70 J
P \ 3
i . N k)
Beo | (b g S :
% ’ p , : 8 L i
2> Tl ) : [ o
2 AR i % Al ¢
@ 40 X ~ 15
a TN W
2 i
3 30
g 20 Solid Panel Experiment
o b 56x41 Perforated Panel Experiment
O L 1 1 I3 1 1 L j
0 100 200 300 400 500 600 700 800
Frequency (Hz)
Figure 5 The effect of a panel with an array of 56x41 holes of 3.25mm diameter on

the sound radiation from a solid panel mounted behind it and excited by
a point force at its centre.



References

Arase, E.M., 1964, "Mutual Radiation Impedance of Square and Rectangular Pistons in a
Rigid Infinite Baffle", JASA, Vol. 36, No. 8, pp. 1521-1525.

Burgemeister, K.A. and Hansen C.H., 1993, "Use of a Secondary Perforated Panel to
Actively Control the Sound Radiated by a Heavy Structure", In proceedings of the American
Society of Mechanical Engineers Winter Annual Meeting, New Orleans.

Bouwkamp, C.J., 1949, "On the Transmission Coefficient of a Circular Aperture”, Letters to
the Editor, Physical Review, Vol. 75, p. 1608.

Cook, R.K., 1957, "Absorption of Sound by Patches of Absorbent Materials", JASA, Vol. 3,
No. 29, pp. 324-329.

Gibbs, B.M. and Balilah, Y., 1989, "The Measurement of Sound Transmission and Directivity
of Holes by an Impulse Method", Journal of Sound and Vibration, Vol. 133, No. 1, pp. 151-
162.

Gomperts, M.C., 1965, "The Influence of Viscosity on Sound Transmission Through Small
Circular Apertures in Walls of Finite Thickness", Acoustica, Vol. 15, No. 4, pp. 191-198.

Lamb, H., 1931, Dynamical Theory of Sound. (Edward Arnold & Co., London, Second
Edition.)

Levine, H. and Schwinger, J., 1948, "On the Theory of Diffraction by an Aperture in an
Infinite Plane Screen. I", Physical Review, Vol. 74, pp. 958-974.

Levine, H. and Schwinger, J., 1949, "On the Transmission Coefficient of a Circular
Aperture”, Letters to the Editor, Physical Review, Vol. 75, p. 1608.

Mulholland, K.A. and Parbrook, H.D., 1967, "Transmission of Sound Through Apertures of
Negligible Thickness", Journal of Sound and Vibration, Vol. 5, No. 3, pp. 499-508.

Notomi, T. and Namba, M., 1992, "Numerical Calculation of Periodic Viscous Flow Through
a Circular Hole", Journal of Sound and Vibration, Vol. 157, No. 1, pp. 41-65.

Oldham, D.J. and Zhao, X., 1993, "Measurement of the Sound Transmission Loss of
Circular and Slit-Shaped Apertures in Rigid Walls of Finite Thickness by Intensimetry”,
Journal of Sound and Vibration, Vol. 161, No. 1, pp. 119-135.

Pan, J., Hansen, C.H. and Bies, D.A., 1992, "Use of a Perforated Panel for the Active
Control of Sound Radiated from Vibrating Structures, I: Low-Frequency Analysis", Journal
of Sound and Vibration, Vol. 156, No. 2, pp. 349-359.

Pritchard, R.L., 1960, "Mutual Acoustic Impedance between Radiators in an Infinite Rigid
Plane", JASA, Vol. 32, No. 6, pp. 730-737.

Ritchie, E., 1932, "Transmission of Sound Through Apertures", JASA, pp. 402-414.
Sivian, L.J., 1935, "Acoustic Impedance of Small Orifices", JASA, Vol. 7, pp. 94-101.

Wilson, G.P. and Soroka, W.W., 1965, "Approximation to the Diffraction of Sound by a
Circular Aperture in a Rigid Wall of Finite Thickness", JASA, Vol. 37, No. 2, pp. 286-297.

Acknowledgments

The Authors gratefully acknowledge financial support from the Australian Electricity Supply
Industry Research Board.

77



78

Sound Propagation in Ducts -

Modal Scattering in Rigid-Walled Ducts of Arbitrary Axial
Curvature.

Gareth E. Bridges, David A. Bies and Colin H. Hansen
Department of Mechanical Engineering,
University of Adelaide,

South Australia, 5005.

ABSTRACT

Sound propagation in ducts has been a subject of investigation for a very long time.
Despite this, a complete theoretical basis from which to design ducting systems with
adequate passive noise muffling qualities does not exist. As any practical ducting system
may contain curved sections, these form an integral part of any such design. In this
paper the results of investigations into the propagation and modal scattering of sound in
rigid-walled, curved ducts is presented, with reference to the overall design problem.
Experimental data is used to show that the theoretical model of Furnell and Bies (1989)
is partially successful in describing the behaviour of sound in curved duct systems. The
success the model and its shortcomings are discussed, along with the details of
proposed further experimentation.

1. INTRODUCTION

"...any practical waveguide system incorporates couplings of straight sections by means
of curved sections..." , Grigor'yan 1969.

The problem of ducting system design, with passive noise muffling qualities has received
considerable attention in the literature over the previous decades. The reason for this
attention is that ducts can tend to act as perfect waveguides for sound, transmitting
sound energy between different locations in buildings with little attenuation. As an
example, an industrial exhaust fan which is designed to improve a working environment
by removing airborne irritants might simultaneously, by transmitting fan noise, degrade
that environment.

The overall design problem has been treated in a piecemeal fashion in the literature.
Numerous models have been developed to describe sound propagation in straight ducts
lined with sound absorbing material, and in rigid-walled curved ducts. The characteristics
of these models have been presented, in some cases, with design curves and
occasionally with experimental verification. The models have varied considerably in their
generality, and hence range of application.

The aim of the work presently being undertaken is to provide a comprehensive set of
design tools for the design of a passive muffling ducting system comprised of straight
sections, lined with sound absorbing materials such as rockwool or fibreglass, coupled
with sections of arbitrary curvature. Whilst it is recognised that such a set does not
encompass the complete range of situations which might be encountered in practice, it



should be sufficient for many commercial and industrial problems. The design tools may
be in the form of a comprehensive set of design curves, although user-friendly software
packages are a preferable option. The user will then be able to determine the sound
propagation properties of a duct specified precisely to their needs. The work toward the
development of such software packages is in quite an advanced state in the case of the
straight, lined duct problem, but not so in the case of the curved duct problem, which is
not as amenable to a user-friendly package due to a number of informed judgments
which are required at various stages of the computation process.

In attempting to provide a comprehensive set of design tools, theoretical models of wide
range of applicability have been developed, and investigated in an experimental program
which has necessarily been more specific.

In the case of the straight, lined duct, theory has been developed which treats either a
duct of rectangular cross-section lined on two adjacent walls or a duct of circular cross-
section (Bies et. al., 1991). Anisotropy in the performance of the liner due to fibre
orientation is included in the model. Mean flow in the airway is treated in an approximate
fashion with the assumption that the flow is uniform across the airway, and that there is
no flow in the liner. The model exceeds previous models in its precise treatment of the
airway-liner interface, which consists of a rigid, perforated wall and a limp, impervious
membrane. The membrane is in place to protect the liner material from duct air flow.
Experimental verification of the model involved an extensive sound field mapping
programme using an experimental duct with variable liner thickness, liner material and
airway-liner interface. The theoretical model requires some small adjustment and will be
extended to treat rectangular ducts lined on all four walls. A detailed discussion of this
model is, however, outside of the scope of this paper.

The basis of the work on rigid walled curved ducts is the theoretical work of Furnell and
Bies (1989), which outlined a method for calculating the transmission and reflection
coefficients of scattered modes for an arbitrarily curved section of duct of elliptical cross-
section. The theory is the most comprehensive in the field, being the only attempt to deal
with arbitrary axial curvature. Although the treatment is confined to ducts of elliptical
cross-section, of which the circular cross-section is a special case, the treatment may be
easily adapted to ducts of rectangular cross-section, or indeed any cross-section which
may be described simply in an appropriate co-ordinate system.

An experimental verification programme using ducts of circular cross-section and
parabolic axial curvature has been conducted to test the theory of Furnell and Bies. The
experiments involved driving a plane wave into each of three curved configurations,
measuring the transmission coefficients of modes generated in the curved section, and
comparing these with the theoretically predicted values. The experiment was repeated for
four different free field wave-number values, chosen so that at each successive value
there was an additional propagating or "cut-on" mode in the duct. The results of this
investigation show that the theory of Furnell and Bies is qualitatively successful in
predicting the transmission coefficients of modes generated in a real curved duct. It is
conjectured that the observed discrepancies may be due to the sound field inside the
duct coupling with wall modes. To verify this conjecture additional experimentation is
currently being conducted.
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2. Theory of Sound Wave Scattering in Curves of
Arbitrary Axial Curvature.

2.1 A Brief History.

The earliest reference to sound propagation in ducts with axial curvature was made by
Lord Rayleigh in 1894, who showed that curvature in piping had an insignificant effect in
the limiting case where the axial curvature was much greater than the pipe radius. Very
little investigation into this problem was conducted thereafter until comparatively recently.
Grigor'yan (1969) was the first in a series of increasingly sophisticated investigations into
uniformly curved ducts of rectangular cross-section. The Helmholtz equation was solved
in the curved section by use of the separation of variables technique, with a Taylor series
expansion of the cross-duct solution. Rostafinski (1972, 1974 and 1976) followed a
similar line but used a Bessel function expansion, essentially using a basis set more
natural to the system. Non-integer Bessel functions were introduced to deal with the
higher order modes. Cummings (1974) provided the first experimental investigation to
produce "plausible” design curves - and also initiated work on the toroidal problem
(Uniformly curved ducts of circular cross-section), although the investigation in that area
was purely experimental. Tam (1976) applied a computational version of the Galerkin
method, while Cabelli (1980) applied a finite difference mesh. El-Raheb (1980) and El-
Raheb and Wagner (1982) initiated the theoretical analysis of the toroidal problem using
finite difference meshes, Green’s function techniques and eigenfunction expansions of
the Helmholtz equation. Prikhod’ko and Tyutekin (1982) and Ting and Miksis (1983)
developed accurate perturbation techniques, although these were restricted to ducts of
gentle curvature. Firth and Fahy (1984) treated the torus problem with a mathematically
complicated unseparated series solution.

Until 1989, when Furnell and Bies presented their techniques for ducts of elliptical cross-
section and arbitrary axial curvature, attempts at solving the curved duct problem had
been plagued by a number of recurring problems. All of the methods were ultimately
numerical and some of the less elegant methods had very slow convergence rates and
difficulties with higher order modes. Most significantly though, all of them lacked
generality, dealing with either uniform curvature, or variable but very gentle curvature in
the case of the perturbation techniques.

2.2 The Theory of Furnell and Bies.

Furnell and Bies (1989) treat ducts with arbitrary axial curvature by dividing a curved
duct into small sections which are each approximately uniform in curvature. Each sub-
section has its own transmission scattering matrix (T) and reflection scattering matrix (R),
with the state vectors comprised of modal coefficients for a straight duct with the same
cross-section. The scattering matrices of the sub-sections are then combined to give
transmission and reflection matrices for the complete section. There are two of each
corresponding to sound waves incident from each of the two ends of the arbitrarily
curved section. If the curved section is entirely in a single plane and there are no
discontinuities in the curvature the process of combining the sub-section matrices is
relatively simple. Where this is not the case, however, an additional technique must be
employed. Where the sign, or the plane of curvature changes from one sub-section to



the next, an additional scattering matrix must be inserted between the two sections,
termed the "acoustic potential re-orientation matrix". Thus, completely arbitrary curvature
can be treated.

The modes in each duct sub-section are calculated using the Rayleigh-Ritz method on
the Helmholtz equation. A large set of basis modes (including evanescent modes) is
required to accurately determine the scattering matrices, especially in regions of high
curvature. These basis modes are expressed in terms of a set of basis functions. The
choice of basis function set greatly determines the rate of convergence of the
computation process. As has been discovered by previous authors in this area, finding a
basis function set natural to the duct cross-section is necessary to achieve convergence.
The scattering matrices (T and R) of each sub-section are calculated by establishing
artificial straight duct-sections of infinitesimally small length on both ends of the curved
sub-sections and then matching the field and its derivatives at the interface.

3. EXPERIMENT

3.1 Experimental Apparatus.

The curved sections of the test
ducts were constructed through
various arrangements of two
sections of parabolically curved
duct of circular cross section. The
two sections, precision milled from
a hard wood (Eucalyptus Pine),
constituted the two halves of a
single, symmetrical, parabolically
curved section split at the apex.
The two sections were rotated 0°,
90°, and 180° with respect to each
other about the centre-line axis in
the plane of contact, and bolted
together to form the "parabolic",
"out of plane" and "S shaped"
configurations respectively (Figure
1). Each configuration is predicted
to have quite distinct sound
scattering qualities. The parabolic
configuration exhibits virtually a null
result in terms of transmission
scattering between modes. The S
shaped configuration, in contrast, ] .
has very ]arge Cross mode F!gure 1 DUCt Cﬂnﬂguratlons.

scattering coefficients, but only

between modes of the same parity. The parity of a mode is determined by the symmetry
of a mode upon reflecting its sound pressure field with respect to a diametric axis in the
plane of curvature (See figure 2). A mode may be symmetric or anti-symmetric on
reflection, and is thus termed to have even or odd parity. The out of plane configuration
has strong cross mode scattering between modes of like and opposite parity.

Parabolic

Out of Plane S Shaped
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Mode Parity - ... . . . . . Axis in plane
the (1,0) modes. of curvature.

Even Odd — Nodal Plane.
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The first 5 even modes.

Figure 2. Modes in Straight Rigid Walled Ducts of
Circular cross-section.
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Figure 3. Experimental Apparatus - Parabolic Configuration.

Figure 3 shows how the parabolic sections described are incorporated into the test
apparatus. The plane wave source produces a propagating wave which is monitored in
the source test section to check that it is indeed a plane wave, as intended. The source
microphone can be moved to any location in a cross-sectional plane. The plane wave
then propagates into the curved section where it is scattered into higher order modes.
The transmitted sound field is measured in the field test section by a small 1/4" diameter
electret microphone with three dimensional positioning capability, before being absorbed
by the anechoic termination.The buffer before the curved section, displayed in Figure 3,



ensures that any reflected higher order modes incident upon the plane wave source will
be less than -40 dB relative to the source signal. A higher order mode of larger
amplitude incident upon the source would load it non-uniformly and degrade its
performance.

3.2 Experimental Program.

Sound field mapping experiments were carried for each of the three duct configurations,
at four different free space wavenumber values as indicated in the following table. The
wavenumbers are referred to in dimensionless form as x = 2ra/A, where "a" is the duct
radius and A the free-space wavelength of the incident field. With each increasing «
value in the table, an additional mode is "cut-on" in the duct.

Experimental x Cut on Modes

2.087 (0,0), (1,0)

3.459 (0,0), (1,0), (2,0)

4.015 (0,0), (1,0), (2,0), (0,1)
4.430 (0,0), (1,0), (2,0), (0,1), (3,0)

The straight section modes are labelled by two indices (m,n). The first index, m, specifies
the order of Bessel function which describes the radial dependence of the of the sound
pressure field and also the number of nodal planes cutting across the duct diametrically.
The second index, n, specifies the number of nodal annuli around the duct centre-line
(See figure 2). The mode indices both range from 0 — +oo, although only a small number
of these are "cut on" or propagating at the x values used in the experiment. The (0,0)
mode is the plane wave. It should be noted that there is a two fold degeneracy in the
modes with m = 0. That is, for each set of (m,n) indices with m = 0, there are two
orthogonal modes which are identical except for a spatial rotation with respect to each
other of m/(2m) radians, about the duct centre-line axis. The two modes have even and
odd parity respectively. For each configuration/wavenumber combination, the field
microphone was used to map the sound pressure field in two cross-sectional planes of
the duct, at different axial positions, at approximately 80 positions in each plane.

3.3 Experimental Data Analysis.

The experimental data points in each cross-sectional plane were input into a modal
decomposition program which determined the modal amplitudes of the cut-on modes in
that plane. Figures 4a and 4b show a typical result of the modal decomposition
procedure. The figures show curves synthesised from the modal amplitudes output by
the decomposition program, whilst the symbols are actual data points. Figures 4a and 4b
show the quality of fit that was achieved by the process. The set of duct modes is
mathematically complete in that it is able to describe any sound field within the duct by a
suitable linear superposition of the modes. The small subset of modes used in the modal
decomposition process (the cut-on modes) is, however, not complete. The fact that the
sound pressure field was consistently described so precisely by the few cut-on modes
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supports the assumption that a propagating sound field in the duct is composed only of
the cut-on modes. Measurements were conducted at two different axial positions so that
amplitudes of reflections from the anechoic termination could be identified and accounted

for.
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The final forward scattered modal amplitudes determined by the data analysis process
are compared with those predicted by the theory of Furnell and Bies.

4. RESULTS AND DISCUSSION

The results of the investigation are presented in Figures 5-8. As is evident, there is quite
reasonable qualitative agreement between the measured scattering coefficients and the
theoretically predicted values. The clearly distinguishable behaviour of the three
configurations which is theoretically predicted, is clearly present in the experimental data.
The largest scattering amplitudes occur for the S shaped configuration, with the out of
plane and parabolic configurations following. The out of plane configuration scatters into
the even and odd modes with approximately equal amplitude as predicted, and the odd
modes are not generated in the two planar configurations, again as predicted.

Quantitatively, however, the agreement is quite poor. For the modes with azimuthal
dependence ((m,0) with m = 0), the scattering transition (0,0) — (m,0) is consistently
under-estimated by the theory by approximately 6 dB, although there is some scatter in
this value. The discrepancies are well outside the scatter error bars of the experiment,
which are too small to be shown on the figures.

The scattering transition (0,0) — (0,1) fares better, although it is over-estimated by the
theory with respect to the experiment in most cases.
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Assuming that the theory is correct, there is clearly some systematic process occurring
which is causing the observed discrepancies. Systematic error would arise from
imperfections in the inner surface of the curved duct section, which might result from
machining errors. It is unlikely, however, that the machining errors could be large enough
to account for all of the discrepancies. Error in the construction of the duct components
could also contribute, although again it is unlikely that these are culpable. A more
significant contribution might come from variations in the radius of the straight duct
sections, although these are only of the order of 0.2% of the mean radius.

It is conjectured that the most likely cause for the observed discrepancies is the strong
coupling between duct wall modes and the propagating duct cavity modes. The theory
assumes a perfectly rigid wall. In designing this experiment, PVC sewer pipe with a
nominal inside diameter of 6" and a wall thickness of 3 mm was chosen for the straight
duct sections because it is cheap and readily available, and was judged to be sufficiently
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rigid to satisfy the boundary conditions of the theory. This may not be the case. Several
observations support the conjecture. In setting up the experimental apparatus, the plane
wave source did not, initially, perform to anywhere near its theoretical expectations with
the (1,0):(0,0) relative excitation as high as 0.1 (10%). Wrapping the straight duct
sections with damping tape improved the performance of the source dramatically,
although the best performances achieved were still characterised by relative excitation
amplitudes, (1,0):(0.0), of the order of 2%, much worse than the expected performance.
This tended to indicate a degree of coupling between wall and cavity modes. Also, it is
consistent that the (0,1) mode is not as strongly affected as the modes with azimuthal
dependence. The (0,1) mode with its purely radial particle motion would need to expand
and contract the wall to couple with it. Clearly, the wall would be very stiff with regard to
such an excitation. The azimuthal modes, in contrast, do not need to change the cavity
volume for small excitations.
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+ - Theory [ - Experiment

To attempt to confirm the conjecture regarding the discrepant scattering amplitudes, the
experimental programme is currently being repeated with straight sections constructed
from mild steel with 10mm wall thickness. Such walls would uphold the boundary
conditions considerably more accurately. Elucidation regarding this problem should be at
hand shortly.

5. CONCLUSIONS

The theory of Furnell and Bies shows reasonable qualitative agreement with the
experimental data. In light of the precision with which the experiments were conducted,
however, the agreement is poor. The discrepancy between experiment and theory can
only be the result of either the theory being incorrect, or some systematic discrepancy
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the conditions in the experimental
apparatus. It has been conjectured that the
3mm PVC walls used in parts of the
experimental duct do not satisfy the
theoretical criterion of a rigid boundary
sufficiently for good quantitative agreement
to occur. This conjecture is currently being
tested in a duct that uses 10 mm mild steel
walls.
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modes will have significantly higher attenuation rates in a lined section, which may follow
the curve.

K (Dxmensionless) = 4.430.
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MONITORING OF THE SUPPORT CONDITIONS OF BURIED
AND SUB-SEA PIPELINES USING A VIBRATING PIG

Dr Uwe G Kopke, VIPAC Engineers & Scientists Ltd.

A method for detecting poor support of buried and sub-sea pipelines has been developed. It utilises
vibration excitation and pipe/support response to detect variation the support condition. Variation in pipe-
support condition leads to an increased likelihood of pipe damage. Under roadways poorly supported pipes
may be damaged by vehicle loading. At sea, spanned and insufficiently covered sections of pipe are
vulnerable to ocean-current excitation, and also to snagging by stray anchors in shallow waters.

A vibrating pipe inspection device (pig) has been developed and tested on buried pipelines. Certain features
of pipe support, such as hard spots and voids, display characteristic responses to vibration, and these are
measured by the vibrating pig which also provides the vibration excitation. The measured vibration data is
post-processed to produce a graphical representation of the pipeline support, and certain ‘feature
characteristics’ are identified. In field tests on buried pipelines with deliberately constructed faults, features
detected by the vibrating pig are in good agreement with the known construction.

INTRODUCTION

It is advantageous to be able to identify vulnerable sections of a long pipeline before
faults occur. Non-uniformity of pipeline support may accelerate degradation if the
pipeline is subject to transverse loading. Exposed subsea pipelines are vulnerable to
damage by ocean currents and to stray anchors in shallow waters, while voided buried
pipes beneath roadways may be damaged by repeated vehicle loading.

An overview of available pipeline pigging technology is given by Cordell [1]. Variation of
pipeline-support stiffness is very difficult to detect by existing techniques. For instance,
methods such as flux-leakage and ultrasonic techniques which are commonly used for
measuring changes in pipe-wall thickness [2] do not ’see’ outside the pipe. In an
attempt to overcome this problem, devices have been developed that employ radiation
backscatter to measure the density of the pipe wall and surrounding material [3].
Variations in back-scattered radiation are interpreted as features of the pipe or the soil,
but it is not clear that changes in backscatter always correspond to changes in support
stiffness. There are also major practical problems associated with the safe handling of
radioactive materials.

There exist curvature-monitoring pigs[1], equipped with a complete six degree-of-
freedom inertial navigation system (such as used for aircraft navigation), and these can
detect the deflective shape of a voided or spanning pipe. Such an approach will not be
able to detect loss of support until sufficient damage has been done to the foundation to
produce measurable pipe curvature.

In this paper, a method is described which takes direct account of the variation of pipe
stiffness on its foundation by measuring its response to an internally-imposed vibration.
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The response of a uniformly-supported pipeline to an applied transverse vibration can be
calculated analytically using a model based on the theory of beams on a Winkler
foundation [4]. Such a model can only account for bending modes of pipeline vibration,
and there is limited scope for producmg a realistic foundation model. The use of more-
elaborate models based on continuum mechanics is discussed in greater detail by Kopke

[5,6].

A vibration pig, designed and built by the author, is used to monitor pipeline responses
over a wide range of excitation frequencies and at closely-spaced intervals along the
pipe. The pig is equipped with vibration generators, vibration sensors and signal
pre-amplifiers. Post-processing of the measured vibration data is used to produce a
graphical representation of the pipeline support and certain ’'feature characteristics’ are
identified. This gives an immediate visual indication of the variation of pipe support with
distance along the pipe.

PIG DESIGN

Fig.1 shows a vibration pig, constructed at the Cambridge University Engineering
Laboratory, that is designed for use in 4- and 6-in pipelines. Testing of this pig was
performed in buried cast-iron pipes, for which the frequency range of interest was found
to be from 0 to 300Hz. This range encompasses flexural modes of vibration without
encountering ovalling modes of the circular pipe section.

The pig generates vertical transverse vibration by means of an electromagnetic shaker
moving a brass weight. This weight is supported by a spring located inside the shaker,
and the resonant frequency of the mass on its spring limits the lowest frequency of the
excitation. In the present design, this is chosen to be 30Hz, which limits the frequency
range of excitation to 50Hz and above.

Vibration response of the pipe is measured by four accelerometers located inside the pig.
The geometrical arrangement of these accelerometers makes it possible to calculate the
vertical and horizontal pig vibration. Torsional vibration can be calculated in two ways,
which provides a redundancy to check on the accuracy of the instrumentation. Signal
pre-amplifiers, located inside the pig, boost the measured signals to be transferred by
shielded cable to an above-ground digital data-acquisition system.

An important design criterion is that vibration measurements made on-board the pig truly
reflect the dynamic behaviours of the pipe-soil system. Therefore, the pig structure
should not have any resonances near the frequency range of 50-300Hz. This is achieved
by making the pig body stiff and light. The pig rests on the bottom of the pipe on three
hardened-steel feet, which provide a well-defined and rigid contact between pig and pipe.
Extension 'legs’ can be placed between the feet and the pig body to configure the pig for
larger-diameter pipes, but the elasticity of these legs reduce the lowest resonant
frequency of the pig structure. There is a limit to the size of pipe that can be tested in
this way with a pig originally designed for use in 4-in pipelines.

The pig is towed through the pipe and the positions of the tow rings and the centre of
gravity (CQ) relative to the feet ensure that the pig remains upright during towing (for a
theoretical treatment of the stability of a pig in a pipe, see Ref.7). In addition, a
pendulum sensor monitors the orientation angle of the pig, and vibration measurements
are only taken when this angle is within 5° relative to the upright position.
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The design of this 4-in pig is described in more detail by Kdpke[5]. The method of
pipeline-support condition monitoring using vibration is the subject of a patent
application[8]. The 4-in pig is a prototype which has been used to validate the method,
and it is limited in its applicability to a real-life environment. The 4-in prototype is not
‘free-swimming’ (i.e. it is not propelled by the product flow in the pipeline), and it is not
able to negotiate tight bends. Such features must be built-in to a working design for
commercial operation. These are problems that have been solved for several types of
intelligent pig, such as flux-leakage pigs, and adapting these solutions to vibration
monitoring is the subject of present work.

It is important also to design for a sufficiently stiff contact between the sensors of the pig
and the pipe in order to obtain measurements of pipe response that are unaffected by
pig dynamics. This may require the vibration sensors to be located outside the pig body
to make good contact with the pipe, since the cups that are usually used to support pigs
in pipelines have relatively-low stifiness. For larger pipelines, it can be expected that
ovalling modes are unavoidably within the frequency range of interest, and by locating
several sensors around the circumference of the pipe, it is possible to distinguish
between ovalling and transverse modes by standard methods of angular filtering[S]. A
pig configured in such a way may be capable of detecting longitudinal defects in the pipe
wall, as these will affect the response of the pipe in its ovalling modes.

FIELD TESTING

In the period from June, 1990, to March, 1991, several field tests with the pig were
carried out using 4-in buried cast-iron pipelines at a British Gas test facility near
Newcastle-upon-Tyne. The support conditions of the pipes tested are believed to be well
known. Purpose-built features had been built in to the pipe support, and these include
polyurethane voids and concrete blocks; the following Table gives an overview of the
pipes tested.

Pipe Length tested Date tested
A 13.0m November 90
B 16.0m November S0
C 37.5m March 91

Test procedure

All testing was performed using the 4-in pig. It has been shown theoretically [5,6] that
features of pipe support can be detected by exciting the pipe to vibrate and measuring
the response of the pipe. The vibrating pig was inserted into several nominal 4-in cast-
iron gas pipes which were buried about 0.7m below the ground surface. The pig
generated mechanical vibration within the pipe, and the vertical excitation force was
measured. Vertical, horizontal and torsional acceleration responses of the pipe were
measured at the point of excitation by accelerometers within the pig, and also at a
distance of 1m from the excitation point, by means of an instrumented trailing pig
measuring vertical acceleration.
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All the measured data was transferred by cable to an above-ground digital data-logging
system for further analysis and archiving. The position of the pig in the pipe was
measured by means of a surveyor’s tape towed through the pipe.

Fig.2 shows the fast sine sweep (chirp), as used by White [10] for dynamic analyses,
that was generated by the pig between 50Hz and 450Hz for the force excitation. The
responses of pig and trailer were twice sampled at 0.5-m intervals along the pipe, to
check for repeatability. The pig and trailer were stationary in the pipe during sampling.
In a section of pipe where features such as voids and hard spots were expected, the
sampling interval was reduced to 0.25m.

Data analysis

The sampled data was analysed in a IBM PS2-486 computer. The analysis consisted of
several steps:

1) calculating frequency response functions (FRFs) and reducing data by smoothing
FRFs;

2) optionally, displaying FRFs for all pig locations as contour plots;

3) calculating FRFs of orbital pig motion from vertical and horizontal motion;

4) calculating deviation of FRFs from 'normal’ (mean) FRFs, to find changes in support
conditions, and reducing data by taking cumulative means over frequency;

5  generating graphs of 'feature characteristics’.

These steps are described in detail in the following sections, using data collected from
pipe A as an example.

Calculating FRF

The FRF is the ratio of response to excitation force in the frequency domain. the
responses of interest are the vertical, horizontal and torsional responses of the pig, and
the vertical responses of the trailer. The excitation force is measured indirectly by an
accelerometer situated on top of the brass weight (see Fig.1). Employing the well-known
expressions:

action = reaction
and
force = mass x acceleration

yields the excitation force F,, by multiplying the mass of the brass weight by its
acceleration. More details of the force generation are given by Kopke[5].

Pipe responses were measures by four accelerometers within the pig. The
accelerometers were arranged in a circle and vertical, horizontal and torsional pig
accelerations can be calculated from the measured signals by employing simple
kinematic relations. In addition, the vertical acceleration was measured at a distance
away from the excitation with a single accelerometer inside the trailer.

Fast Fourier transformation (FFT) was used to convert the excitation force signal and pig
and trailer accelerations into the frequency domain, where the corresponding FRFs are
calculated as FFT,__/FFT

accel Fvert*
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Since the procedure of exciting the pipe and measuring responses was carried out twice
at each position of the pig in the pipe, the average of the two resulting sets of FRFs is
taken for further analysis and display. It has been found that the tests were highly
repeatable, and therefore both sets of FRFs are very similar.

Finally, to reduce archiving space and to speed-up further data processing, the averaged
FRFs are smoothed and the number of frequency data points at each pig position was
reduced.

FRF contour plots

The reduced acceleration FRFs of pig and trailer for different positions of the pig in the
pipe are displayed as contour plots in Fig.3. The horizontal axes indicate the position of
the pig in the pipe between 1.5 and 13m, the vertical axes correspond to frequency
between 50 Hz and 450Hz and the contour levels show FRF magnitudes as different grey

shades in 15dB intervals.

By comparing the FRFs with the sketch of the pipe-support conditions shown in Fig.3, it
can be observed that hard and soft supports are giving clear signatures. As can be
intuitively expected (see Refs 5 and 6 for a rigorous theoretical treatment), vertical FRFs
for voids have generally higher magnitudes and a lower resonance frequencies than
good soil. For hard supports (concrete foundation and boulder) the opposite is
observable.

It is interesting to notice that considerable horizontal and torsional motion occurs, even
though only vertical excitation has been applied. This is due to asymmetries in the pipe-
soil system which gives rise to mode coupling. In a strictly-symmetrical environment, no
horizontal or torsional vibration should be detected, but asymmetry is unavoidable, and
very small changes in foundation asymmetry affect the coupled responses dramatically.
This mechanism provides an additional powerful tool to detect subtle features of pipe-
support conditions, like the crossing pipe at 2.3m. By only considering the vertical pig
FRF at 2.3m, no significant signature of a feature is found. However, the horizontal pig
FRF more clearly shows a signature, identifying the crossing pipe as a hard spot.

Since vertical and horizontal pig FRFs are both measures of translational motion, they
can be combined by calculating the trace of this motion. Fig.4 shows a typical trace;
this is an ellipse lying in a plane which is orthogonal to the longitudinal pipe axis.

Calling the major axis of the ellipse (a) and the minor axis (b) (a 2b>0), three important
ellipse parameters can be defined:

_ Ja? - b?

ellipse radius r = Jya? + b?, numerical eccentricity € = 3

and angleof major axis to the horizontal 9.

Here, a numerical eccentricity of ¢ = O classifies the ellipse to be a circle. When € tends
towards 1, the ellipse degenerates to a line with length of the major axis (a). For the
ellipse depicted in Fig.4, these parameters are r = 0.029ms? e = 0.99, and 6 = 91°.
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The radius (r) of the FRF ellipse is related to the energy of the translational pig motion if
velocity FRF’s instead of acceleration FRF’s are used to calculate (a) and (b). Recalling
basic relations in the frequency domain, it follows that FRF’s are calculated by dividing
acceleration FRF’s by iw, were wis the angular frequency « = 2xf.

Fig. 5 shows contour plots for the ellipse parameters r, ¢ and 8 calculated at each
frequency and position of the pig in the pipe. The horizontal axes indicate the location of
the pig in the pipe, and the vertical axes correspond to frequency from 50Hz to 450Hz.
By comparing the contour plots with the sketch of the pipe, it is readily seen that the
most valuable information about features lies in the FRF ellipse radius r. At some
locations, contours corresponding to a certain energy level are shifted towards higher
frequencies. This indicates, when compared with the findings of the beam-on-elastic-
foundation model (or even a simple vibrating system such as a mass on a spring), a
harder support of the pipe which is consistent with a concrete foundation. Similarly, at
soft spots, contours corresponding to a certain energy level are shifted towards lower
frequencies.

Since the square of the ellipse r calculated from velocity FRFs is proportional to the
energy of translational pig motion, and the squares of vertical and horizontal velocity
FRFs are proportional to energy of vertical with respect to horizontal pig motions, it can
be shown that:

r = \/+1FRFVert|2 + {FRFz‘mrizl2 .
Hence, the ellipse radius r can be directly calculated from measured FRFs.

FRF deviations

So far, it has been found that features can be identified by examining changes in FRF
contour plots. These changes are superimposed on the FRF of the 'normal’ pipe,
indicating soft spots as ’higher than normal’ responses and, consequently, hard spots as
'lower than normal’ responses. This demonstrates that the information of interest actually
lies in the deviation of FRF from a 'normal’ level. This 'normal’ level is the mean FRF
taken over the pig position. The mean value is calculated using FRF values in dB. This
corresponds to the geometric rather than the arithmetic mean of the FRFs in linear units,
such as ms2?2/N. Consequently, the deviations are calculated using values in dB.
Therefore, these deviations correspond to ratios rather than differences of FRFs in linear
units. »

Fig.6 shows the filtered deviations of ellipse radius, torsional pig response, and vertical
trailer response as contours. The horizontal axes indicate the location of the pig in the
pipe, the vertical axes correspond to frequency from Hz to 450Hz. Contour heights are
spaced in 4-dB intervals of the FRF. A sketch of the pipe is shown at the bottom of the

figure.

Since the ellipse radius calculated from velocity FRFs is related to pig energy, in
subsequent plots the torsional FRFs of the pig and the vertical FRFs of the trailer are
shown as velocity FRFs for compatibility.

A positive deviation indicates a higher-than average-response caused, for example, by a
softer support of the pipe. Similarly, a negative deviation indicates a lower-than-average
response caused, for example, by a harder support of the pipe.

95



Features of interest appear as local changes over a few metres only, so global changes
in FRF that occur gradually over several metres will spoil the deviations. To overcome
this problem, the FRF deviations at each frequency are high-pass filtered along the pipe
length in order to remove these global changes. Another problem is caused by bogus
changes in FRF that occur at a single location because of bad contact, for instance,
between the pig and the pipe. To overcome this problem, the FRF deviations at each
frequency are low-pass filtered along the pipe length in order to remove these very-local
changes. This does not downgrade the pig’s ability to detect very-local features,
because at real local features the pipe shows changes in FRF over a length greater than
the actual feature size, and the filter cut-off-size has been selected to be smaller than the
length of these FRF changes. This is demonstrated for the FRF ellipse in Fig.6 by the
signature of the crossing 4-in pipe around 2.5m which has not been filtered out. Fig.7
shows the response of the fourth-order Butterworth band-pass filter, called the ‘feature-
filter’, that performs the-high-pass and low-pass filtering.

Cumulative means

A closer inspection of Fig.6 shows that, at a given pig position, the filtered FRF deviations
do not change dramatically within certain bands of frequency. Therefore, it is possible to
condense the frequency information meaningfully by taking cumulative means of the
filtered FRF deviations over frequency up to a limited number of frequencies for each pig
position.

Fig.8 shows these cumulative means for ellipse radius, torsional FRF of the pig, and
vertical FRF of the trailer. The four different lines in each graph show the cumulative
mean for frequencies up to 150Hz (solid), 250Hz (dashed), 350Hz (dotted), and up to
450Hz (dash-dotted). It is interesting to notice that these four lines are generally not too
different from each other: this indicates that the choice of the frequencies up to which
the cumulative mean is taken is not too critical. Comparing the contour plots in Fig.6
with the cumulative mean plots in Fig.8 demonstrates good agreement between these
two methods of data presentation.

Feature characteristics

To make the interpretation of measurements from the pipes easier, it is useful to
introduce a new item called feature characteristics.

In Fig.8 it can be observed that features of pipe support can be identified mainly by
considering cumulative means of filtered deviations of the pig FRF ellipse radius and of
torsional pig response. The cumulative means of filtered deviations of vertical-trailer FRF
are less conclusive.

Therefore, feature characteristics are solely generated from the pig responses. In Fig.8 it
can be seen that the features of pipe support normally cause the cumulative means of
filtered deviations of the pig responses to increase above or decrease below certain
levels; both FRF ellipse radius and torsional-pig responses show these very similar
characteristics.
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Therefore, as a first approach for 4-in cast iron gas pipes, the feature characteristics at
each pig position are defined to be the mean of the cumulative means of the filtered
deviations of FRF ellipse radii for which:

|Z| >5dB and Igc\J—;deB and sign(¥)=sign (tor)

where T denotes the cumulative means of filtered deviations of FRF ellipse radius and tor
denotes the cumulative means of filtered deviations of torsional pig FRF. Feature
characteristics for pig positions where this relation does not hold are set to zero.

Taking the mean of the cumulatve means over-emphasises the low-frequency
components in the responses, which is a desired effect. It is shown in the author’s
thesis [5] that, due to the dynamics of the pig, responses in the lower half of the
frequency range of interest are more reliable than those in the upper half.

The threshold values, 5dB and 3dB, have been found by comparing measurements with
the known features in the pipe support considering all the tests of 4-in cast iron gas
pipes by the author [5]. However, it can be expected that the threshold values are to be
modified slightly, based on experience gained with further tests.

Test resulis

Several 4-in pipes were tested in the period between June 1980, and March 1991 and
the results are given below.

Pipe A

A section of this pipe was investigated and Fig.8 shows the cumulative means of filtered
deviations of FRF ellipse radius, filtered deviations of torsional-pig FRF, the filtered
deviations of vertical-trailer FRF, and the feature characteristics generated from the pig
responses. A sketch of the tested pipe with the support conditions is also shown.
Features found by measurements are depicted as regions of lighter or darker shades of
grey. The locations and types of these features were mainly identified by looking at the
plot called feature characteristics. Some features were deliberately built, and are shown
labelled as found on construction drawings. Joints are shown at locations specified in
these drawings.

The main locations of features of this pipe, with reference to pig position in Fig.8, are:

. 3-4: concrete block (cast in situ), which is identified as a hard support;

o 6.2-7.2m: polyurethane void, which is identified as a soft support;

. 8.8m: boulder, which is identified as a hard support. Before and after the boulder,
the support is relatively soft. This can be explained by voids that have developed
during settling of the pipe because the boulder could not sink as much as the rest
of the pipe next to it.

The two other features, the crossing of the 4-in cast iron pipe and the brick wall, do not
produce pronounced signatures. The crossing pipe causes only a slight reduction in
response, and is therefore not classified as a feature. Behind the brick wall, pig
responses are generally lower, indicating harder support; however, the brick wall does
not produce a local effect.
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It can be observed that the joints in the section of pipe A being investigated do not
produce any significant signature in the feature characteristics’ plot. This can be
explained by the fact that the pipe .movement is restricted by the surrounding soil,
causing the change of response due to joints to be too small to be identified as features.
Theoretical simulations of joints [5] confirm this explanation.

The apparent indetectability of the joints supports the view that joints are not considered
to be features of the pipe support that will cause pipe damage. If desired, the locations
of joints can be detected by other inspection devices.

Pipe B

This pipe was once used for ground-freezing tests, and the soil surface was covered with
a canopy for insulation. It has only one purpose-built feature, a backfilled gravel trench
extending from 7.5 to 9m. However, Fig.9 shows more than one feature, and the
backfilled trench produces a signature of only one third of the trench width. To clarify
this, pipe B was also examined with a testing device that uses a radioactive source to
measure density of the pipe-support medium.

The locations of features with reference to Fig.9 are:

o 5m: void, which is identified as a soft support in the feature characteristics’ plot,
and as an area of low density by the radioactive device;

° 5.5m: hard support; the radioactive device measured high-density, which is
interpreted as a joint;

° 8.5-9.6m: void in gravel trench (soft support), which was identified by the
radioactive device as an area of lower density. The major part of the trench is
assumed to be well compacted, providing good support; this was confirmed by the
radioactive device;

o 10-11m: soft support, which was identified as an area of low density by the
radioactive device;

° 12.5m: rear wall of the canopy crossing the pipe, identified as a hard support in the
feature characteristics, and confirmed by construction drawings.

The joints near 5.5 and 11m cannot be identified as such from the feature-characteristics’
plot, which is in agreement with the findings for pipe A. The features identified near
these joints might have been generated in the process of making the joints.

Pipe C

This pipe was a fairly-new pipe, and might not have been settled at the time when the
tests were made. The graphs in Fig.10 show less-pronounced features than those for
pipes A and B. Only one feature, a concrete block near 30m, was built-in to the pipe
support. However, the pipe shows more than one feature, although most of the features
have fairly-small signatures.

o 11m: soft support that coincides with the location of a joint;

. 30M: concrete block, which is identified as hard support. The radioactive device
identified this feature as a low-density water-filled void.
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Again, joints cannot identified as such by the feature-characteristics’ plot; the feature at
11m coincides with the location of a joint, an effect that is in agreement with findings for

pipe B.

CONCLUSIONS

This paper describes a vibrating pig which has been used to monitor the support
condition of buried pipelines. It has been shown that the method is viable, and that it
can be extended for use in other pipelines, such as those subsea, for the identification of
features of the pipe support. A patent application [8] for this technique has been filed.

All data-acquisition and analysis is computerised, and the data analysis follows well-
defined steps. Each step condenses information and leads to easier recognition of
features in the pipe support. For example, orbital pig motion has been examined and
used for condensing information by combining vertical and horizontal pig motion to one
parameter, the ellipse radius r.

The final result of the data analysis is the feature-characteristics; plot, which permits an
untrained user to spot feature signatures easily. This was demonstrated by identifying
features on several pipes. The location of features found using the pig are in agreement
with the known position of purpose-built features in these pipes. It was also found that
pipe joints do not have very-pronounced signatures compared to other features.
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Fig.4. A typical trace of the orbital pig motion in the plane of the pipe cross section,
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Fig.7. Response function of FRF filter used to highlight features that produce signatures
of length between 0.5 and 10m.
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Fig.8. Cumulative mean and feature plots A. In the sketch of the pipe, lighter shades

indicate softer support, and darker shades indicate harder support.

The labelled features and the joints are shown as specified on the construction drawings.

107



20 cumulative mcan of filiered FRF ellipse of PIG
- v : ; :
up toil SOHz ' '
~ - _ upto250Hz
up to350Hz . : :
UpASIIE e

dBrefm/s /N

4 6 8 10 12 14 16
position of PIG [m]

20 cum'ulativc mean of filtered tors. FRF of ‘PIG .
Z
5
st
s
m
.U M
20 : i i i i P H
2 4 6 8 10 12 14 16
position of PIG [m]
20 ' cumqlativc mcan‘of filtered vert. FRF of t‘railcr
Z
~
g
‘?“2
m
el
20 i ; ; ; H

2 4 6 8 10 12 14 16
position of PIG [m]}

feature characteristics
10 T T T T

dBrefm/s/N

'
(%,
T

i

4 6 8 10 12 14 16
position of PIG [m)]

.
<O
o

Fig.9. Cumulative mean and feature plots of pipe B.

108



LS ¥ 1 4
(w] DId Jo vonsod (w] O1d Jo uonssod
9t N.m 623 8T 9T L4 faa 0T 81 91 4 (4 01 8 9 4
; : ; i j ! T ol-
........ wi mu‘
g
W 0
i ~
: W : sz
SOISTISToEIeys SHTes) * ) ' : BT Esm:é : : ot
(1w} D1d Jo wonsod (w} DId Jo omsod
9¢ € 0t :4 9T 4 [4A 0T 81 91 141 A 0t 8 9 14
! m M o
Y X 5 & or @
[~ ) \\»\.\ls/r \wau, } » PN g
e - A . o
A ;
3 : ~
\V [1) G-
BITEN J0 o "U5A PABI]i] JO Ue5W SARCTIEND ) : BT Jo T 1I5A PRI Jo e3t SARETAIID 0z
. [w] D14 jo vonisod [w) D14 Jo uomsod
9t N.m [ 8T 9T vz (44 0T 81 91 14} (A 0t 8 9 14
; T T T T 0T
o g
8
‘ o
:
9ld JO T4 "SIo1 P3N JO UEolll SATE[AuRT * * DI 10 T SI61 mo.,u:c JOUEoW SANEMTND : 4
[w] D14 Jo uowsod {w] 514 jo vonisod
9¢ (A% 0t 8T 9T v (4 0z 81 9t 14! (4 01 8 9 14
: M _ . . _ w _ : . _ oc-
a.
©
8
3
—— s
| . mﬁmu% o1 Z
i . , : : ; m w Higi e —
O1d JO 35T Ty Paiaty JO UTSW SAEILD " BidJo 3535 130 PaISY J0 e SATBIALNS Tees 0z

Fig.10. Cumulative mean and feature plots of pipe C.

109



110

FOUR POLE PARAMETER CHARACTERISATION
OF ISOLATOR ACOUSTIC TRANSMISSION PERFORMANCE

Dickens, J. D., Norwood, C. J. and Juniper, R. G.
Defence Science and Technology Organisation
Materials Research Laboratory
P.0O. Box 50, Ascot Vale, Victoria 3032

1. ABSTRACT

This paper discusses the frequency dependent dynamic properties of vibration isolators in terms
of their four pole parameters. The expressions relating the isolator four pole parameters and the
dynamic properties of the structure above and below the isolator to the isolator effectiveness are
presented. The experimental measurement of the four pole parameters is described and the
variation of the parameters with different pre-loads for a representative isolator is determined.
For a given isolator the effectiveness of isolation and insertion loss depend upon the pre-load and
the driving point mobilities of the source and foundation.

2. INTRODUCTION

For naval surface ship and submarine applications, the control of structure borne noise
transmission is vital for acoustic signature management. The noise transmitted from machinery
via a structure borne path depends upon the dynamic properties of the foundation, the machinery
mounting point and the vibration isolator. A knowledge of the frequency dependent dynamic
properties of vibration isolators is a necessary part of the acoustic prediction and management
process.

Most isolators contain elastomeric material, the stiffness and damping properties of which are
both frequency and pre-load dependent. In addition it is possible for standing waves to be set up
within the isolator at certain frequencies, which greatly reduce its effectiveness at those
frequencies. It is therefore highly desirable to determine the isolator properties under the pre-load
conditions and frequency range experienced in normal operation.

The transfer impedance or mobility of an isolator has traditionally been used to describe its
dynamic properties and provide a measure of its effectiveness. However, this measure does not
necessarily provide a full description, and a more useful description is provided by the four pole
parameters, which relate the force and velocity above the isolator to the force and velocity below.

In this paper the dynamic properties of an isolator is expressed in terms of its four pole
parameters and the experimental determination of these is outlined. The variation of the
parameters for different pre-loads is investigated over the frequency range of 20 Hz to 3.2 kHz.

3. FOUR POLE PARAMETERS

An anti-vibration mount may be modelled as the linear mechanical system shown in Fig. 1, where
the input force and velocity are F; and V;, and the output force and velocity are F, and V,,
respectively.



F, Mechanical F,
v, System v,

v

Figure 1
Mathematical model of isolator

The four pole parameters are designated as A, B, C and D, and the performance of the mount is
defined by the following two equations:

Fl =AF2 +B. V2 and Vl = CF2 +D.V2 (1)

Expressed as matrices, these become:

F,] [A B[R
v;| |c pll|w @
1 2
Equation (2) shows that the four pole parameters characterise the dynamic properties of anti-
vibration mounts. They are independent of the systems located before and after the mount.
Discussions of four pole parameters may be found in the literature [1], [2], [3]. The four pole

parameters are given individually by the following two special cases:
Case (1): The output side is blocked, i.e. V, =0:

F A%
A=T and C=2t 3)
21v,=0 2 1v,=0
Case (2): The output side is unrestrained and is free to vibrate, i.e. F, =0:
F V;
B= 71 and D= 71 4)
21E,=0 215,=0
In general the following relationship holds true [2]:
AD-B.C=1 | ()

For the case of symmetric isolators i.e. those that behave the same if the input and output sides
are interchanged, then:

F, A -B||F
= : , (©6)
Vv, -C D ||V
Solving equations (2) and (6) gives:

A=D )

The importance of equations (5) and (7) is that only two independent four pole parameters need
to be measured for a symmetric isolator in order to completely characterise it.
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Effectiveness of an Isolator

Consider that the isolator, having four pole parameters A, B, C and D, is placed between a
vibration source and a foundation, as shown in Fig. 2(a). Let the driving point mobilities of the
source and the foundation, measured at their connection points with the isolator, be H; and H,
respectively.

Source
H,
F{ 1
v
F, 2
H,
Foundation Foundation
(@) (b)

Figure 2
Isolator effectiveness

The velocities at the source / isolator and isolator / foundation interfaces are V, and V,
respectively. The force exerted by the source on the isolator is Fy, and that of the isolator on the
foundation is F,. As before, equations (1) apply. Let V|, be the free velocity of the source at the
connection point, i.e. the velocity with nothing connected to the source. With the isolator
connected, this velocity changes to V, and by the principle of superposition, V; is the sum of the
free velocity V|, and the motion due to the resisting force of the isolator. This resisting force is
-F;, and produces a velocity of Hj.(-F;), and so:

Vl = VO -Hl'Fl (8)
If it is assume that the free velocity of the foundation is zero, then:
V2 = H2 . F2 (9)

Solving equations (1), (8) and (9) to obtain V, and F, in terms of H; and H, gives:

Vo . H
V, = 02 (10)
AH,+BH, H,+C+D.H,
V,
E, . (11)

" AH,+B.H,.H,+C+D.H,

Consider the situation that the source and foundation are directly connected across the isolator,
as shown in Fig. 2(b). Let the velocities and forces be denoted as above but primed, and the free
source velocity as V. The isolator has no effect on the motion of the system, and by a similar
analysis to that conducted above, we obtain:



Vo.H,
H, +H,

__ Yo
H,+H,

t— [

(12)

and F,

The effectiveness of isolation, E, is defined as the ratio between the foundation velocity (or force)
obtained when the source and foundation are directly connected across the isolator i.e. Fig 2(b),
and the foundation velocity (or force) obtained with the isolator included i.e. Fig. 2(a). Therefore,
from equations (10) and (12), E may be expressed in terms of the pole parameters and the source
and foundation mobilities, as follows:

V,' _AH+BH; H,+C+D.H,

13
Vv, H, +H, (13)

E=

E is dimensionless and the insertion loss, L, is [E| expressed as dB referenced to |E|=1:

AH, +B.H,.H, +C+D.H,

14
H +H, (14)

L= 20.10g10

For symmetric isolators, by combining equations (6) and (14), we obtain:

BH Hy, C |
H, +H, H1+H2|

L = 20.logo|A + (15)

4. EXPERIMENTAL METHOD

In general the dynamic properties of a vibration isolator are dependent upon its pre-load, and so
measurements should be made with a pre-load similar to that experienced in service. This means
that the free condition, F, =0, cannot be met. However the blocked condition, V, =0, can be
satisfied with a blocking arrangement, allowing the measurement of parameters A and C to be
accomplished using equations (3).

Verheij [4] describes a method for determining the acoustic properties of a resilient mounting in
terms of its blocked transfer function, defined as the output force divided by the input
acceleration. This paper follows Verheij's experimental approach but characterises the dynamic
properties of isolators with their four pole parameters. The schematic of the arrangement used at
the Materials Research Laboratory (MRL) is shown in Fig. 3. The test isolator is held between
two masses M; and M,, which behave as rigid bodies in the test frequency range. The blocking
force is computed by measuring the acceleration of the blocking mass. Although this appears
contradictory, Verheij [4] shows that under certain conditions a large mass supported on very
soft mounts may be considered as effectively blocked.

The upper mass is driven by the two vibrators via stingers, and provides the input dynamic
excitation to the upper side of the test isolator. It also supplies a pre-load to the test isolator to
simulate the static load of machinery. The pre-load is adjustable and is applied from the air bag
located above the excitation mass. The vibrators are effectively decoupled from the test frame.
These details are shown in Fig. 4. The location of the transducers was optimised to minimise the
effects of structural modes on the test measurements by performing a modal analysis.
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Rigid support
F, | > g1d supp F,
Preloading
air bag
Excitation
mass M,

Blocking
mass M

Supporting Supporting
air bag air bag

/ 7
Rigid support

Figure 3
Schematic test arrangement

As previously defined, Fy is the input force exerted by the excitation mass on the test isolator,
and F, is the output force exerted by the test isolator on the blocking mass. Let F, and Fy, be the
sinusoidal forces exerted on the excitation mass by the two vibrators at the angular frequency o.
A, and V are the acceleration and velocity at the excitation mass / test isolator interface, and A,
and V, are the acceleration and velocity at the test isolator / blocking mass interface. We have:

Fl =Fa +Fb "‘MlAl and F2 =M2.A2 (16)

In this situation, the output velocity V, is very small and so the second terms of the equations (1)
become small compared to the first ones. This allows the parameters A and C to be
approximately calculated as follows:

=~F—1— and Cz—Yl—

B Vy =0 B V,~0

A 17

Therefore the four pole parameters may be determined by measuring F,, Fp, A; and A, and using
the following relationships derived from equations (5), (6), (16) and (17):

AopoFatF -M A (18)
My Ay ly
._T_.ﬁ.___. and B:.é_‘_]_)____l (19)
jo.My. A,y V0 C

A digital computerised fast Fourier transform spectrum / network analyser was used to control
the tests, and to acquire and analyse the data. It generated an output signal controlling the power
amplifier supplying the vibrators, and so controlled the vibratory forcing function applied to the
excitation mass.



Figure 4
Test rig at the MRL

S. EXPERIMENTAL RESULTS AND DISCUSSION

A representative commercially available elastomeric isolator designed to provide vibration
isolation for mechanical apparatus was investigated. Swept sine tests over the frequency range
from 20 Hz to 3.2 kHz were conducted on it. The four pole parameters were computed from the
experimental results using equations (18) and (19), for pre-loads of 1.5, 2.0 and 2.5 kN. The four
parameters are graphed in Fig. 5.
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Four pole parameters of representative commercially available isolator
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C is the blocked transfer mobility and has a measured slope of 20 dB/decade and phase angle,
relative to Fa, of approximately 90 degrees for low frequencies. This indicates massless spring-
like behaviour and holds true up to approximately 100 Hz. In addition, this spring-like behaviour
implies that Fi~F, and V,~V,, and from equations (3) and (7), AxD~1. This approximation
agrees with the measurements for low frequencies. At higher frequencies standing waves within
the isolator are evident as indicated by the resonant type peaks in the moduli curves, for example
the parameter C peak marked * in Fig. 5.

Furthermore Fig. 5 demonstrates that the parameters depend upon the pre-load and so from
equations (14) and (15), both the effectiveness and the insertion loss are functions of the pre-load
as well as the mobilities of the source and foundation. The numeric results indicate that at low
frequencies the most significant of the three terms in the logarithmic expression of equation (15)

is %{1 +H,- Therefore for low frequencies C is the most important of the four pole parameters

in determining the isolator effectiveness, and to improve isolation for a given H; and H,, C
should be increased.

6. CONCLUSIONS

Vibration isolators may be characterised in terms of their four pole parameters, which are
independent of the characteristics of other mechanical systems located before and after the
isolator. Measurement of two independent parameters is sufficient to determine the dynamic
properties of a symmetric isolator.

A representative isolation mount was investigated, and its four complex pole parameters
determined over the frequency range 20 Hz to 3.2 kHz for different pre-loads. Spring-like
behaviour was observed at low frequencies, and at higher frequencies standing waves were
evident. The effectiveness of isolation and insertion loss depend upon the pre-load and the driving
point mobilities of the source and foundation. For low frequencies, C is the prime four pole
parameter that determines the isolator effectiveness, and for given driving point mobilities of the
source and foundation, C should be increased to improve the isolation.
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THE USE OF THE CEPSTRUM TO SEPARATE SOURCE
AND TRANSMISSION PATH EFFECTS

R.B. Randall

School of Mechanical & Manufacturing Engineering
The University of New South Wales
Kensington, NSW

1. INTRODUCTION

There are many situations where it is very difficult to measure a source of sound or
vibration, but it is possible to measure the response of a physical system to the excitation.
This the case for example with gearboxes, where the main excitation is the varying force
at the toothmesh caused mainly by the dynamic transmission error. It is extremely difficult
to measure this force in practice, since although it is roughly fixed in space, it is
continually moving with respect to the individual gears which are meshing, making it
difficult to use strain gauges, for example.

In condition monitoring, vibration measurements are used as a secondary indicator of
changes in internal components and processes, but externally measured vibrations are
always a compound of the effects of the internal forces and the structural dynamic
properties of the transmission path from the source to the measurement point. When
changes occur in the measured vibrations, assumptions have to be made about whether
these are primarily due to changes in the forcing function or the dynamic properties of the
structure, so it would be very advantageous to be able to separate the two effects.

The cepstrum provides this possibility, at least where there is a single dominant source,
and where the type of basic excitation satisfies certain requirements. This paper
illustrates the basic principles using the example of the response vibrations of a free-free
beam excited by hammer blows. A double impact is used to simulate the case of
repetitive impulsive impact.

2. THE CEPSTRUM

The cepstrum is a generic term for functions involving a Fourier transform of a logarithmic
spectrum [1], and is now most commonly defined as the inverse Fourier transform of the
log spectrum (or inverse Z-transform for sampled time functions), ie:

c(t) = £ Log[ F()]} (1)

Where F(f) is complex (eg the direct Fourier transform of a time signal expressed in
terms of its amplitude and phase as A(f)ejd’(f) ), then Log[F(f)] is interpreted as
en[A(f)] + jo(f) and the resulting cepstrum is known as a "complex cepstrum", even
though it is real valued because the log amplitude is an even function of frequency, and
the phase odd. Where F(f) is real (eg an auto—- or power spectrum) the resulting
cepstrum is known as a "power cepstrum”. By analogy with cepstrum (from spectrum) the
time axis is called "quefrency".

For a linear physical system as illustrated in Fig.1, with one dominant input, the output is
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derived in the time domain by convolving the input signal with the impulse response of the
system. By the convolution theorem, this transforms to a multiplication in the frequency
domain (of complex and/or amplitude squared spectra) and thence to an addition in the
logarithmic spectra. Because of the linearity of the Fourier transform, the additive
relationship remains in the cepstrum, both power cepstrum and complex cepstrum. Thus
if the various components of the cepstrum are concentrated in different regions, it is
possible to separate them by standard filtering techniques (called ‘liftering" in the
cepstrum domain).

2.1 Cepstrum of a Transfer Function

The transfer function of many physical systems can be represented in the Z-domain in
rational form as:

|B]H(1-akz*1) []-bc2)
H(z) = —= =] ()
Pi - Po
[T0-ckz ) J](1-dk2)
k=1 k=1

where |ay|, [bkl |ck| |dk| are all <1. The a, and by represent zeros inside and outside

the unit circle, respectively, while the ¢, and dj represent poles inside and outside the
unit circle.

In Ref.[2] Oppenheim & Schafer show that by taking the logarithm of this expression, so
that the products become sums, then expanding the individual log terms as power series,
the cepstrum can be obtained by an inverse Z-transform as:

C(n) = ¢n|B| , n=0
m .
= - EI akn % —C—KZ n>0
o RO = L
mo b -Nn :DO d -n
- _.kn_ -y kn , n<o0 (3)
k=1 k=1

Note that the poles and zeros outside the unit circle give negative quefrency terms. For a
stable, causal system there are no poles outside the unit circle, and likewise there are no
zeros outside the unit circle for minimum phase systems [2]. This restriction to minimum
phase systems applies to many passive mechanical structures, as it means that the
"inverse filter" is stable; in other words finite displacements cannot give rise to infinite
forces. With these restrictions, the cepstrum becomes right-sided, or "causal’, and has
further valuable properties. The most important of these is that the real and imaginary
parts of its Fourier transform (the log amplitude and phase of the system frequency
response) are related by a Hilbert transform and thus do not have to be separately
measured. The complex cepstrum can in fact be derived from the corresponding power
cepstrum (obtained from the log amplitude only) by doubling positive quefrency
components and setting negative quefrency components to zero [2]. Moreover, since the
poles and zeros (except those at zero frequency) occur in complex conjugate pairs, the
complex exponential terms can be expressed as exponentially damped cosines, further
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damped by the hyperbolic term 1/n. Thus, Equ.(3) reduces to:

o Pir2 Myo ,
C(n) = - E Al €OS Nw ¢y - 2 AD COS N g , n>0 V 4
k=t k=1

To make this clearer, take the case of a single-degree-of-freedom (SDOF) system,
which has no zeros in its transfer function, and a single conjugate pair of poles ¢ and ¢*

where ¢ = Ae/®c. Thus from Equ.(3) the cepstrum is given by

n . . n
—4——(91‘“0” + e’f‘”cn) = é/l—cos(mcn) (5)
n n
Since for a SDOF system the impulse response is an exponentially damped sine function,
it can be seen that it is very similar in form to the cepstrum, the main differences being the
90° phase shift and the additional hyperbolic damping of the cepstrum. This is illustrated
in Fig.2. In multi-degree-of-freedom (MDOF) systems the further differences are that
zeros give terms as well as poles (though with opposite sign) and also that the individual
terms in the impulse response are scaled by the corresponding residues, whereas the
equivalent terms in the cepstrum, the A, , are all close to unity for low damping.

2.2 The Differential Cepstrum

Using the concept of the differential cepstrum, even the hyperbolic damping can be
removed, making the differential cepstrum even closer to the impulse response. The
differential cepstrum is defined as the inverse transform of the derivative of the log
spectrum (with respect to frequency) and in Ref.[2] it is shown that it is equal to the
normal cepstrum multiplied by n; in practice it can be calculated in this way.

3. EXPERIMENTAL RESULTS

Figure 3 shows the experimental set-up used to excite a free—free steel beam, approx.
1m long by 19mm square. A Bruel & Kjaer instrumented hammer type 8202 was used to
apply and measure the impact force, and a Bruel & Kjaer miniature accelerometer type
4393 used to measure the response. The accelerometer was left at point 1 at one end of
the beam, while the point of application of the impact was at all points 1 through 8. The

x(t) h(t) y(t) Cepstrum

X(f) H(f) Y(f) 1 ) - - - - Impulse Resp
y(t) = x(t) " h(t) .
Y(f) = X(f) - H(f) =
[Y®[? = [x®]? - [HD]? ]
logY =logX + log H Z

F {logY}: F {logx>+ S {logH} V OiO l ’ l
‘ time
Figure 1 Input-output relationships Figure 2 SDOF system responsé
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Figure 3 Experimental set-up

hammer used a built-in line drive preamplifier, while the accelerometer was connected to
the analyser via a Bruel & Kjaer charge amplifier type 2635. The Bruel & Kjaer dual
channel analyser type 2032 was used to digitise all signals with appropriate antialiasing
filtering, and to measure frequency response functions for comparison purposes. Much of
the signal processing was done in the connected PC, but some was carried out on the
UNSW Vax computer.

3.1  The Nonlinear Least Squares Method

Figure 4 shows a typical driving point autospectrum (point 1) and Fig.5 (dotted line) shows
the (complex) cepstrum derived from it on the assumption of minimum phase properties.
Using a nonlinear least squares optimisation procedure based on the Levenberg-
Marquardt method [3] the poles and zeros were extracted by fitting an equation of the
form of Equ.(4) to the cepstrum data for quefrencies above 6ms (where the force
cepstrum was negligible) [4]. A very good fit was achieved as shown by the solid line in
Fig.5. Equally good fits in the cepstrum were achieved for transfer measurements to
points 5 and 8.

It had originally been hoped that extraction of the poles and zeros of the transfer function
within the frequency range of interest would allow reconstruction of the Frequency
Response Function (FRF) over the same frequency range, but as described in Ref.[4] it
was found that the effects of out-of-band modes were somewhat different in pole-zero
models than in the more familiar pole-residue models. This is illustrated in Fig.6, which
compares regenerated with measured FRFs for points 1 and 5. It is seen that there is a

point 1
025+
0 REGEN
— 75} g
m il
k= g e ]
é :Ej 0.00 :’ 5 Y
3 Z
@ 50 8
e -0.25 |
3
0 500 1000 1500 2000 2500 3000 0 25 50
frequency (Hz) ’ quefrency (ms)

Figure 4 Driving point autospectrum Figure 5 Driving point cepstra
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reasonable match for the driving point measurement (Point 1) but a difference mainly in
slope for the transfer measurement (Point 5) with a smaller number of zeros than poles.
The difference was even greater for Point 8 as this transfer FRF had no zeros at all. This
point was investigated in depth in Ref.[5] where it was shown that it was necessary to
compensate for the effects of out-of-band modes by adding "phantom zeros". In this
case the phantom zeros were derived by fitting the measured FRF using a modal analysis
package based on the Rational Fraction Polynomial technique [6] and the results are
shown in Fig.7. Since the phantom zeros are primarily to correct errors in slope of the
FRF it is thought that it may be possible to use a theoretical model, such as a finite
element model, to derive them, although this has not as yet been demonstrated. It has
however been demonstrated that an initial set of phantom zeros can be used when
tracking changes in an FRF due to simulated crack development [7]. In this experiment a
slot was milled in the middle of the beam, in steps of 2mm to a depth of 10mm, to
simulate a developing crack. The initial set of phantom zeros were used in conjunction
with the curvefitted poles and zeros extracted from the response cepstra to predict the
modified FRF, and as shown in Fig.8, the prediction matched the measurement very well.
Fig.9 shows the differences caused by the maximum depth slot.

3.2 Scaling of the FRF
As the scaling of the FRF is contained in the zero quefrency term (as indicated in Equ.(3))
it is lost when curvefitting higher quefrency regions of the cepstrum, and thus some other

method must be used to scale the FRF. The results shown in Figs. 7 and 8 were scaled
on the basis of the zero frequency values, which for the beam are calculable from its
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FRF (dB)

Point 5
frequency (Hz) frequency (Hz)
Figure 8 Predicted (—) vs Figure 9 FRFs for zero (—) vs
Measured (--) FRFs 10mm (----) slot depth

mass, and in the general case could be calculated from the mass and rotational inertia
properties. For constrained rather than free-free objects, the FRFs could be expressed in
terms of compliance rather than accelerance, and the zero frequency values obtained
from measurements of static stiffness.

3.3 The Ibrahim Time Domain (ITD) Method

The ITD method [8] is a standard method of extracting modal properties of systems from
free response data (ie sums of impulse responses). It uses an eigenvalue method to
extract the damping and damped natural frequencies for each of the modes in the free
response. Since the differential cepstrum has the same mathematical form as a sum of
impulse responses, it was decided to apply the ITD method to the extraction of the poles
and zeros. Even though these in principle have opposite sign, it is not possible to detect
this with the ITD method, as there is no zero time reference and the phase relationships
between the damped sinusoids are not significant. In Ref.[9] it was shown how the poles
and zeros could be extracted from the differential cepstrum by an adaptation of the ITD
method, with results equally as good as the Nonlinear Least Squares (NLLS) method as
illustrated in Fig.10. The distinction between poles and zeros could be made by
comparing the results for the different measurements, keeping in mind that the poles are
global properties present in all FRFs, whereas the zeros are local properties present only
in a particular measurement.

50}
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25}

FRF

0500 T000 1500 2000 2500 3000
frequency (Hz)

Figure 10 Comparison of results for ITD method with Nonlinear
Least Squares (NLLS) and direct measurement
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The advantage of the ITD method over the NLLS method is that the latter requires an
estimate in advance of the number and approximate location of the poles and zeros to be
extracted, whereas the ITD method fits a greatly overdimensioned model and then uses
confidence factors to separate the true "modes" from noise or computational modes.

3.4 Double Impact Measurements

A double impact with the hammer was used to simulate such forcing functions, and also
periodic forcing functions, which have a very similar effect in the cepstrum. Figure 11(a)
shows a typical response autospectrum, with additive ripple due to the double impact, and
Fig.11(b) the corresponding cepstrum. Comparing the latter with Fig.5 it is seen that the
only difference is the addition of a series of discrete "rahmonics" at intervals of the impact
separation time. Fig.11(b) also shows a sine squared function which was used to window
out these rahmonics in the NLLS method (as well as allowing for it in the NLLS
procedure). The regenerated FRF in this case was virtually identical to that obtained with
single impact, and is thus not shown.

With the ITD method a different approach was used because of the difficulty of coping
with the sinusoidal modulation. Instead, the discrete rahmonics were simply removed by
setting them to zero in the differential cepstrum as illustrated in Fig.11(c). It was found
that this disruption could be coped with by the noise rejection properties of the ITD
method.
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Figure 11 Double bounce measurements, Point 1.
(@) Response autospectrum.

(b) Corresponding cepstrum, showing sine squared weighting.
(c) Edited differential cepstrum.

124



4. CONCLUSION

The cepstrum is a useful function when applied to response vibration or acoustic signals,
since not only are the source and transmission path properties additive, but often also
separated into different regions. In principle this gives the possibility of determining
whether changes in the measured responses are due to changes in the forcing function or
in the structural dynamic properties.

This paper gives two approaches to the extraction of the poles and zeros of the system
transfer function from the response cepstrum in the case of impulsive forcing functions,
even where these are repeated or periodic. It is yet to be elucidated which method would
be best in a given situation. In both cases it is necessary to supplement the poles and
zeros actually detected with "phantom zeros" to correct for the effects of truncated out-
of-band modes. The method used here to determine the phantom zeros involved an
initial measurement of the true FRF but it was shown that the same values could be used
to track changes in the FRF from response measurements only. Since the phantom zeros
only determine the general slope of the FRF, it is quite possible that they could be
determined from a finite element model, or possibly from a simplified measurement (eg
with a machine stopped, and then applied with the machine running).
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ABSTRACT

The physical meaning of surface mobility is discussed as a variation of point mobility to cover cases
where structures are coupled via large contact areas. Based on alternative concepts, complex
power and effective mobility, surface mobilities for an infinite, homogeneous thin plate are derived for
uniform, conphase force distributions and uniform, conphase velocity distributions respectively. The
contact area considered is circular in shape. The results are compared with the point mobility of the
plate showing that for a given net force, a reduction in the transmitted power can be gained by cou-
pling structures via large areas. ‘ :

1. INTRODUCTION

The point mobility concept has been commonly used to study the vibration transmission of built-up
structures [1,2]. To deal with cases of multi-point connections, Petersson and Plunt [3] introduced
the concepts of effective point mobility and effective overall mobility. They considered the mobility
of each individual point along with the contributions of all the other points in order to derive a space
averaged effective point mobility over all the excitation points. This mobility approach is based on
the assumption that the connection point is an area of dimension which is only a fraction of the gov-
erning wavelength. ‘

~ The interest associated with high frequency vibration transmission has increased due to in-
creased machine operating speeds and more flexible supporting structures. Consequently, the as-
sumed point-like connection between a machine and its support becomes invalid since the contact
area can be comparable to the governing wavelength. Thus, excitations may have complicated
spatial disttributions and the power transmitted will differ to that which occurs when the connection is -
via a 'point'.

Hammer and Petersson [4,5] developed the idea of strip mobility based on the concepts
of complex power and effective mobility. Strip mobility was derived for infinite, homogeneous thin
plates excited with either a uniform, conphase force distribution or a uniform, conphase velocity dis-
tribution along a finite strip. It was shown that for the two cases investigated, a reduction of power
transmission can be gained by using a strip coupling for a given net force. It was also shown that
the difference between the obtained strip mobilities using either the complex power or the effective
{nobility concepts is insignificant disregarding the difference in the spatial difference of force distribu-
ions. ‘ «
: Presented here are the results of a theoretical study to determine the effective surface mobil-
ity of large contact areas following on the concepts of Hammer and Petersson [4,5]. The support-
ing structure is theoretically idealized as an infinite, homogeneous thin plate with no losses. The
cgntact area considered is circular in shape, however, the theory is applicable to any arbitrary
shape. »

2. SURFACE MOBILITY

It is assumed that the systems under consideration are linear and péssivé. The mobility of a me-
chanical system is defined as:

z=%. , (1)

IMji<

When the force acts at a region whose dimension is considerably smaller than the governing wave-
length of interest, the mobility is determined from the velocity and force at that point, and this mobility
is referred to as the driving point mobility. In the following sections, a variation of the point mobility
is presented to incorporate large contact area cases based on the complex power approach and the
effective mobility approach respectively.

126



2.1 Complex Power Approach

Figure.1 schematically shows an interface of large
contact area S between a machine and its support.
The net complex power transferred through the con-
tactarea Sis:

Q=3[] o'y My -dxdy.  (2)

The harmonic time factor ei®t is omitted here for the
sake of brevity. The surface mobility defined on the
complex power basis can be obtained as [4]:

z5- ﬁg [ [o(x, y)* - v(x, y) dxdy. (3)

Figure.1 Schematic of Large Contact Area

2.2 Effective Point Mobility Approach

From the concept of effective point mobility for discrete point connection [3], the effective point mo-
bility for a continuously distributed force can be written as:

| JZ(x, y)I(C, m) - (€, n) dC dn
o(x, y)

This double integration is taken over the contact area S. The total power transferred through the
contact area S is then written as:

Q= '12" [ flo(x YIZ - Z8(x, y)) dx dy . ~ (5)

Finally, the surface mobility based on the effective point mobility can be obtained as:

[ [lo(x, Y)I2-(Z%(x, y)) dx dy
Z5 = : (6)

I[ [ o(x, y) dxdy|2

To implement the above development, one has to specify the force distribution at the interface.
This is a rather difficult task. Firstly, the dimension of the contact area can be comparable to the
governing wavelength of interest, thereby resulting a spatial force distribution. Secondly, it is very
difficult to exactly specify the contact condition between a machine and its support. The next two
sections assume an idealized firm contact condition with either a uniform, conphase force distribution
or a uniform, conphase velocity distribution prescribed at the contact area.

Z%(x,y) = (4)

3. ASSUMPTIONS AND GOVERNING EQUATIONS

In built-up structures such as ships, buildings and aircraft, power units are often connected to plate—
like supporting structures via isolators. These structures are often finite, inhomogeneous and com-
plex. However, it is feasible to consider the plate-like structures as infinite and homogeneous when
stugying high frequency vibration transmissions [6]. In addition, the following assumptions are
made:

loses in the plate and local damping are neglected;

the plate vibrates in pure bending (flexural) mode;

rotational inertia and shear deformation are neglected; and

the plate thickness is assumed to be only a fraction of the governing
wavelength and bending wave equation for homogeneous, thin plate is valid.

coow

The forced bending motion of a plate is governed by [7]:
jo
Ady ~ kv =2 o(x, y). | (7)
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The solution to this equation is the combined zero-order Hankel function of the second kind. As
given in [7], the ordinary point mobility of an infinite, homogeneous thin plate is:

Y e _ 1 _ 8cgph 8
20 =%, ~8BKZ “avBm~ K 8)
which is real and independent of frequency.

Figure.2 shows the response at point (x, y) due to a force at point ({, n). The net response
at point (x, y) due to a distributed force over the area S is [7]:

v(x,y) = | [o(C n) . Zg . TI(kr) dCdn. (9)

Under the assumptions of no loses and no local damping effect, the active power transferred
through the excited region should be equal to the ‘far-field' power flow through a circumference 2nR.
If one considers the 'far—field' case, the imaginary part of the combined Hankel function can be ne-
glected completely. Using the asymptotic expansion for H(S)(kr) (kr >> 1), one obtains the far-field

velocity distribution as [7]:

ZoV2 a4 j
v(x,y) =J—W ™4} [ o(¢, m) e dan. (10)

.10
g,
§
B aL
2
F
g 0
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Helmhol#tz Number (ka)
Figure.2 Response at (x, y) due to a Force at ({, 1)) Figure.3 Surface Mobility vs Helmholtz Number

4. SURFACE MOBILITY: UNIFORM, CONPHASE FORCE DISTRIBUTION

For soft isolators, the forces at the interface can be assumed to be conphase and uniformly dis-
tributed. The surface mobility of the infinite plate excited with a conphase force uniformly distributed
over a circular area will be derived using the complex power and effective mobility respectively.

4.1 Complex Power Approach

Since the force (gg = F/ra?) is conphase and uniformly distributed over a circular area of radius, a,
the velocity in the far-field can be written as [7]: '

o N2 . 2J1(Ka) _kR +jm/4 ‘
Z e , 11
TR0 ka (1)

The power flow through the circumference in the 'far-field' is given by [7]:

v(R) = gpna

2J1 (ka) 2
ka |

Q = o 2nRph [v[2 = 5 7Rk Re(Zg) vI2 = 5 |ogna?? | . (12)

which should be equal to the active (real part) power transferred through the contact area of S =
na2. Thus, one obtains the real part of surface mobility by dividing equation (12) using %— logra?)?:
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Re(Z5) = Zo P 1oy, (13)

which shows that the surface mobility depends on the Helmholtz number, which is the product of
the governing wavenumber, k, and the radius, a, of the circular area.

Figure.3 shows the variation of the real part of the surface mobility (normalized by Zg) with
Helmholtz number. It can be seen that the real part of the surface mobility decreases as Helmholtz
number increases, implying an increase in the rigidity of the plate. The decrease in the surface mo-
bility also indicates a reduction of power transmission for a given net force. The real part of the sur-
face mobility also shows oscillating behaviour with Helmholtz number. Zero mobilities occur at the
zeros of Jy(ka), ie. at ka = 3.8317, 7.0156, 10.1735.

4.2. Effective Mobility Approach

The effective mobility at (R, ¢) taking into account the effect of a conphase, uniformly distributed
force can be written as:

12x

Z8(R, ¢) =22 [ [ Z(R, 9)l(p. 6)| p dp dé. (14)
00

The transfer mobility can be written as [7]:

Z(R, 9)l(p, 8) = Zo TI(kr) = Zg (HE)(kr) — HE)(—jkr)), (15)

with 1 = a\p2+R2-2pRcos(¢—0) .

The real part of this transfer mobility can be approximately written as [8]:

Re(Z(R, ¢)l(p, 8)) = Zg Jo(kr). (16)
Hence, one has the real part of the effective point mobility as:

12rn
Re(Z8(R, ¢)) =a2 | [ Zg Jo(kr) p dp 0B, (17)
00

As the force is uniform and conphase, the effective point mobility does not depend on the angle ¢.

Figure.4 shows the variations of effective point mobilities (normalized by na2Zp) at R = 0.0, 0.5 and
0.9 with Helmholtz number. It can be seen that the three mobility curves coincide at ka = 3.8, which
is the zero of J4 - the first order Bessel function of the first kind. Moreover for ka < 3.8, the effective
point mobility is the largest at the centre-point (R = 0.0) and decreases substantially as R in-
creases. At higher ka values, these mobilities also oscillate with ka. For 3.8 < ka < 6.8, the mobility
at the center point becomes negative and this implies that the power is transmitted back to the ma-
chine from the plate at this particular point.
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Figure.4 Effective Point Mobility vs Helmholtz Number Figure.5 Effective Point Mobility vs Distance from Center
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Figure.5 shows the variation of the real part of the normalized effective point mobility with
the distance R for three different values of Helmholtz number. For ka = 2.0, it is clearly shown by
the little squares that the effective point mobility decreases monotonously with R. While for ka = 5.0
and 8.0, the spatial oscillating behaviours are clearly shown by the open and closed circles.

The real part of the surface mobility normalized by the ordinary point mobility, based on the
effective mobility concept, can be written as: ,

q z, 12uiem , |
Re(ZS) =T—E=Eg [ 1] [ Jolkr) p dp d6]RdRde. (18)
5 |El 0000 |

The numerically integrated results are within a few percent of those obtained using the complex
power approach as shown in Figure.3.

4. SURFACE MOBILITY: UNIFORM, CONPHASE VELOCITY DISTRIBUTION

When the isolators are relatively stiff compared to the supporting plate, it is reasonable to assume a
uniform, conphase velocity distribution at the interface. In order to derive the surface mobility in this
case, however, one needs to know the force distribution. This section uses a discretized model to
determine the force distribution, surface mobility and effective point mobility.

The transverse velocity of an infinite, homogeneous thin plate is given in equation (7). For a
uniform, conphase velocity distribution, one has the following boundary conditions:

Q(C’ n)=01 for VC2+T]2 >a; and
V(&) =y(0,0),  for VE2+n2<a. (19)

These equations define a linear integral equation of Fredholm type of the first kind in terms of un-
known stress distribution. Solving this integral equation problem, a stress distribution must be as-
sumed which should be consistent with the boundary conditions.

Hereafter, a discretized model as
shown in Figure.6 is used to find the stress
distribution [9]. The circular region is divided
into MxN sub-regions with constant intervals
Ar = a/M and A¢ = 2/N in radial and tangential
directions respectively. If M and N are large
enough, the effect of the forces at each sub-
region can be approximated by the effect of a

point force
pk+Ar (p|+A(p
Pu= | [ olpk 9) dpde,  (20)
Pk 9

Figure.6 Discretised Model of a Circular Area

acted at the center of the sub-region. ; ,
The velocity at the center of sub-region (k, I) due to a point force acting at the center of sub-
region (i, j) is given by: '

v (k, DI, J) = Zo Pjj T(kn), (21)
and

r = 2\ (-0.5)2 (1-0.5)2-2(k-0.5)(i-0.5)cos(1-)Ag.

Thus, the velocity at the center of sub-region (k, 1) taking into account forces acting at the centers of
all the sub-regions becomes:
M N
vk 1)=2Zp .21 21 Pjj I(kr), (22)
I= ,:

which can be written in a matrix form of
{v} = {TH{P}T, - , (23)
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where {v} and {P} are vectors of MxN elements, and {T} is a square matrix of (MxN)2 elements.
Due to the axially symmetric force and velocity distributions, the force and velocity will only depend
on the radial coordinate. Thus, equation (23) can be reduced to:

v} = [Ul{P}, (24)
{v} = {{v(1), ¥(2), ¥(3), ...v(M)},
£} ={{P(1), B(2), B@3), ...E(M)},

{U} ={{u(1,1), U(1,2),U(1,3),.....U(1,M),
U2,1), U2,2),U2,3),.....UCM),........,
{U(M,1), UM,2),......UM,M)} and

{ N N

U= 2 3 T(ixN+k,jxN+l).

k=1 =1

After this reduction, only M linear equations are needed to be solved for M unknowns. Once P(i) for
i=1to M are determined, one has P(i + jxM) = P(i) fori =1 to M and j = 1 to N-1. The total force is
written as:
MxN MxN
E= B =A X G (25)
i=1 j=1

where A is the force amplitude and Gj) is the force distribution. If A = 1, the normalized force P(i)
becomes: g
() I
E(l) - MXN - ’ (26)
| = ol
j:

This gives |F| = 1. The total complex power at the excited region may be written as:

MxN MxN _ s

2 .21 G(j) (G(@) - T(i.j) (27)
j=

pad

1
Q=”2“I

Hence, the surface mobility on the complex power basis is:

MxN MxN R
z XG0 (@) - T())
Z5 = i=1 j=1 oy ' (28)
| Eﬁ G(i)|

In order to describe the detailed transmission process at the interface, it is advantageous to use the
effective point mobility which is defined as:

MxN .
Z8pi)= ¥ I(i,j)a, (29)
j=1 = |

which is independent of the angular coordinate. In the process of finding the force distribution, one
can starts with MxN discrete elements. The surface mobility is then calculated from the obtained
force distribution. The above procedure is then repeated for (M+1)x(N+1) elements. Thereby, the
relative error with respect to the surface mobility is calculated and the complete process is terminated
when the error is smaller than a given value.

Figure.7 shows the force distribution determined using the above method for different
Helmholtz numbers (ka). In the figure, the arrows point in the direction of increasing ka. It can be
seen that, independent of ka, the forces at r < 0.7a compared with those at r > 0.7a are very small
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and are out of phase. This implies compressive forces and tensile forces respectively. As ka in-
creases, the forces tend to become uniform. Hence, as Helmholtz number increases, ie. a/A be-
comes large the region affected by the boundary conditions becomes small.
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Figure.7 Spatial Variation of the Force Distribution forka=1,3and 5 -
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Figure.8 shows the spatial variation ‘of normalized effective point mobilities for various
Helmholtz numbers. From this figure it can be seen that the maximum effective mobility occurs at the
centre and the effective point mobility decreases rapidly as approaching the boundary. It can also
be seen that the effective point mobility decreases rapidly as Helmholtz number increases. Forr <
0.7a, there is no change in the phase angle of the effective point mobility, independent of ka.
However, towards the boundary, the phase angle varies significantly.
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Figure.8 Spatial Variation of Normalized Effective Mobility forka =1, 3 and 5

The real part and imaginary part of
the normalized surface mobility are shown in
Figure.9. It can be seen from this figure that
the real part of the surface mobility and
hence the active power decreases as ka in-
creases. The imaginary part of the surface
mobility reaches a minimum at ka =
However, the real part surface mOblllt?’ ob-
tained using'the uniform, conphase velocity
distribution does not show any oscillating

behaviour at high Helmholtz numbers. 0.0 : ’
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Figure.9 Normalized Surface Mobility vs Helmoltz Number
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6. CONCLUSIONS

Using the complex power approach and the effective mobility approache, an attempt has been
made to introduce the surface mobility concept to the study of high frequency vibration transmis-
sions for built-up structures coupled via large contact areas. Surface mobilities of an infinite, homo-
geneous thin plate were derived for a uniform, conphase force distribution and a uniform, conphase
velocity distribution respectively. For the latter case, a discretized model was utilized to determine
the force distribution with the constraints given by the prescribed velocity distribution at the inter-
face. Although only circular contact areas were considered, the adopted numerical approaches can
be applied to contact areas of arbitrary shape. ‘
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It is found that the surface mobility decreases very quickly as Helmholtz number increases.
This implies a reduction of power transmission can be gained by coupling structures via large con-
tact areas for a given net force. The comparison of the surface mobilities obtained for the two cases
ghows that the difference in the surface mobility is insignificant, apart from the difference in the force
istributions.
It is also interesting to note that the surface mobility obtained using a uniform conphase force
distribution oscillates with Helmholtz number. The effective point mobility is the largest at the centre-
oint and decreases to zero as approaching the boundary. In case of the uniform, conphase veloc-
ity distribution, the forces at the central area are very small and are out of phase in comparison with
those near the boundary. This implies compressive forces and tensile forces respectively. At high
Helmholtz numbers, the forces tend to distribute uniformly.
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9. NOTATION
a = radius A = constant
cg = velocity of bending wave in plate B = bending stiffness
CLi = velocity of longitudinal F = force
wave in plate
G = spatial force distribution h = thickness of plate
H = Hankel function , J = Bessel function
k = governing wavenumber ka = Helmholtz number
m = mass per unit area Q = transmitted power
Q = active power P = point force
r = radius R = r/a, far-field radius
r = distance from excitation point {U} = matrix
to observing point v = velocity
{v},{P}.{T} = vectors and matrix X, Y, 2 = cartesian coordinates
z = complex mobility Zs = surface mobility
Zo - = ordinary point mobility of infinite, A = bending wavelength
homogeneous thin plate Z(R,0)l(p,6) = transfer mobility
Z® = effective point mobility 0,0 = angular coordinates
p = density; radial coordinate o(x, y) = stress distribution
® = angular speed II = combined Hankel function
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PVDF noise-control source in liquid-filled pipes.
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Abstract

In this paper, we present the results of a study of a PVDF-based sound source for the
control of noise propagating in liquid-filled pipes. The advantage of using
PVDF(Polyvinylidene fluoride) film lies in its mechanical strength, flexibility and
adaptability to mounting on curved surfaces. Our experiments were performed in
approximately 100 mm diameter pipe sections, where the required noise control
bandwidth ranged from 20 Hz to 2 kHz. The noise control source was designed to achieve
sound pressure levels of up to 160 dB (re: 1 pPa) at frequencies as low as 50 Hz. To
achieve the required volume velocity of the source, which is relatively large at low
frequencies, we resorted to a multilayer PVDF-film design. The need for large signal
voltages, normally required to drive the PVDF-based source at low frequencies, was
significantly reduced through muitilayering and maximisation of the active area size.

1. Introduction

The object of this work is to control noise propagation in water-filled pipes. The type of
control under investigation is based on active adaptive techniques. Such techniques
utilize an adaptively controlled actuator which either reflects the water-borne noise back
to its source through destructive interference and/or absorbs it [1, 2]. The total reflection
approach may be thought of as providing a zero impedance boundary or pressure release
condition, whereas the absorption approach may be thought of as providing a boundary
whose impedance is perfectly matched with the characteristic impedance of the noise
propagation medium. In practice, however, the active control actuator may both reflect
and absorb energy from an impinging sound field.

Active noise control systems may be based on a feedback or feedforward principle (see
for example [2,3]). Fig.1 shows a schematic diagram of a feedforward-type system applied
to noise control in a one-dimensional duct. It illustrates the basic elements of such a
system, where the signal from a reference sensor provides the control system with
information required to regulate the output of the control source to minimize the signal
from the error sensor. This results in minimising the noise propagating down the duct
past the control source. Our work is based around a similar system, but is applied to
water-filled pipes. Much work has been done with active noise control in air-filled ducts
(e.g. [1-6]) and finds widespread commercial applications. However, the water-borne
counterpart is less frequently encountered and has not received as much attention [6, 7].
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- Because of relatively
2 Duct
Soure < ) ) ) ) ) ) ) P 8 high  incompressibility

_ Emm and density of water,

Reference ot i
S Control Error large  variation in
Source hydrostatic pressure

levels, high flow rates as
well as likely corrosive
Adaptive Control nature of the fluid
System medium, the design of
the control source
transducer needs to be
robust.  Moreover, the
control source needs to
have sufficiently
broadband response in
the frequency range of
interest and be able to
produce sufficient
acoustic volume flows.

Figure 1. A schematic diagram of a single channel
feedforward system applied to noise control in a one-
dimensional duct.

In view of the above performance requirements, we have decided to test the viability of
PVDF (polyvinylidene fluoride) film in the development of a suitable control source.
PVDF, after suitable processing and electrical polarization, displays useful piezoelectric
characteristics [8]. Some of the advantageous properties of PVDF film are its mechanical
strength, flexibility, and considerable chemical resistance as well as high signal
bandwidth (approximately dc - 1 GHz) and low Q. The chief disadvantages, however, are
its low threshold level of temperature-induced degradation (approximately 100 °C) and
low piezo-strain constant (of the order of 10-1" m/V).

In this paper, we report on the development and testing of a PVDF-based noise-control
source.

2. PVDF actuator design
The essential design criteria for our PVDF actuator design were:

(i) Suitability for in-line installation of transducer within a water-filled steel pipe and
negligible inhibition of fluid flow within the pipe (the wall thickness of the pipe used
in our concept demonstrator was 6 mm and the inner diameter 100 mm);

(i) ability to control broadband noise at levels up to 100 Pa over a frequency range of
20 Hz to 2 kHz;

(i)  electrical, chemical and mechanical robustness.

The first requirement was met by attaching the PVDF film to the inner walls of the pipe as
shown schematically in Fig.2. The film electrodes and connections to the driving amplifier
are not shown, but these can be readily made flat so as not to interfere with the fluid flow
in the pipe. The second requirement is met through matching the acoustic parameters of
the control source performance and the PVDF performance specifications. The third
requirement is accomplished through the application of a protective coating over the
PVDF film surface.
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Figure 2. A Schematic diagram of the PVDF film rigid duct and only plane

is important to focus on
the PVDF fim as an
acoustic volume velocity
source rather than a
pressure source [9].

installed within a cylindrical pipe. The film is shown in a wave propagation within
sound generation mode without a background noise field. the frequency range of
interest.

The acoustic volume velocity amplitude Qs of a simple harmonic plane wave of angular
frequency @, propagating down a duct of cross-sectional area A, is given by

Ap

Q==
pC

(1)

where p and c¢ are the density and speed of sound in water and p is the corresponding
acoustic pressure amplitude. Provided that the wavelength is large compared to the duct
cross-section, then in the control mode the wave will be almost totally reflected by the
control source and the volume velocity at the control source Q, will be approximately
twice that of the incident wave.

In order to determine the necessary voltage level across the PVDF film which is to
produce the required control volume velocity Q,, we need to use the acoustic volume
displacement U,. Using (1) and Q, ~2Q, and U, = Q. / @, we obtain

2Ap
wpC

U, ~ (3)

The voltage-displacement relation for a PVDF film working in the thickness mode is given
by
Uy = tfdssEf = d33(vf /tf) = d33 Z (4)

where u, is the film displacement along the thickness axis, V, the voltage applied across
the film of thickness {;, giving rise to an electric field £, The term d; is the piezo-strain
constant with both electric field and strain along the 3-axis (thickness axis of the film).

For zero order mode waves in the duct, approximately 'plane Waves can be generated by

the PVDF film actuator in the cylindrical configuration as portrayed in Fig.2. The volume
displacement due to the applied voltage V; is :
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Ur2mmwér =27 rwu, =2r rwd,;V, (5)

where r and w are the film cylinder radius and width, respectively, and ér is the change in
the cylinder radius due to the voltage-induced thickness strain in the film. By equating (3)
and (5), and using A=xzr’ and @ = 27, then for a given harmonic
noise-pressure-amplitude p of frequency v, the required control voltage amplitude V, = V,
is
v,=—2
° " 2mvpowd,, (6)

For very low frequencies, the required voltage across the film may be too high and exceed
practical system limitations such as dielectric breakdown of the PVDF film or driving
capabilities of the control signal source. This can be overcome by using several layers of
the PVDF film connected electrically in parallel. Hence for the same volume
displacement, n layers of film yield

v=—P
° " 2zvpewd,n (7)

3. PVDF actuator construction

The design of our actuator was based on a 200 mm long flanged section of steel pipe of
100 mm inner diameter and 6 mm wall thickness. The inner surface was lined with a
110 mm wide 10-layer PVDF film stack. The PVDF film selection criteria included
reliability, robustness and ability to control noise pressures of the order of 100 Pa at
realistic driving voltages. The piezo-strain constant of the film* was specified as d,;=33x
102 m V-! and the dc dielectric breakdown strength as 7.5x107 V m-!. We have chosen
110 pm thick PVDF film which provided both excellent dielectric breakdown strength (this
is expected to be lower as the signal frequency increases) as well as mechanical strength.
The film was coated with silver-loaded conducting ink with surface resistivity R = 0.5 Q.

Using (7) with p= 1.0 x 103kgm3,c=15x108ms!, r=50x102m, w=1.0 x 10" m,
p=1.0x102Pa, dy= 33 x 1012 m V-, and n = 10, we obtain the required control voltage
as a function of driving frequency v : :

1.61x10*
Vem— (8)
A special assembly fixture was constructed to fix the layers of PVDF film within the pipe
using a suitable adhesive. Flat copper tape leads were attached to the film electrodes with
a conducting adhesive. The adjacent film layers had electrodes of the same polarity
facing one another, so no potential difference existed between them. Also, to avoid
mechanical strain cancellation, care had to be taken that the electrode polarity was the
same with respect to the film poling direction for all the PVDF film layers.

4. Performance evaluation

* The PVDF film was supplied by INTAQ International, Sydney, and was manufactured by Atochem Sensors, Inc.,
U.S.A
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Two types of tests were
PVC Pipe carried out, static and
dynamic. The static test
provided the calibration of
volume displacement U, as
a function of applied voltage
V.. In the dynamic test, we
connected the PVDF
actuator to a 40 m long
water-filled PVC pipe,
shown schematically in
Fig.3, which provided an
anechoic termination.

Steel Pipe

PVDF film

Hydrophone

Figure 3. Schematic diagram of the dynamic test set up.
The  static test was

performed by blocking the
PVDF actuator pipe-cell, terminated by a narrow glass tube with 2.3 mm inner diameter.
Dc voltage was applied to the film in steps of 200 V from 0 to 1400 V. The change in the
water level of the tube (approximately 1 mm per 100 V) was measured within an
uncertainty of +0.25 mm, from which the corresponding volume displacement was
calculated. The resultant film displacement is plotted as a function of voltage in Fig.4.
The gradient of the line in Fig.4 yields the aggregate piezo-strain constant for the ten
layers of PVDF film. Using a least square fit for data obtained from film expansion and
film contraction tests, we obtained a slope of 1.19 x 10-3 um V-1. For a single film layer,
this represents an effective value of dx = 1.2 x10-10 m V-1, which is 3.64 times greater
than the nominal value stated by the film manufacturer. Because of the wide frequency
response of PVDF film, we used the new value of ds; to amend relation (8) to

3
v = 4.43x10 ()
V

The dynamic test was carried out using an Ono Sokki CF-350 dual channel FFT analyser,
driving the PVDF film with the analyzer's built-in pseudo-random signal generator via an
amplifier with a gain of 10. A Briel and Kjaer 8103 hydrophone (connected to a Type
2635 charge amplifier) was placed in the centre of the blocked cell as shown in Fig.3, to
monitor the acoustic pressure level of the PVDF actuator. The resultant frequency
response function is presented in Fig.5, showing the frequency response in terms of the
ratio of acoustic pressure and applied voltage. The response is not a simple function of
frequency and we suspect that it is strongly affected by the structural modes of vibration
of the steel flanged pipe-section. Also, the position of the hydrophone may become
critical at high end of our frequency range because of acoustic impedance mismatch
between the steel pipe section and the PVC pipe.

Measurements of the wave propagation velocity in the water-filled PVC pipe indicated a
wave speed of approximately 300 m s, which yields a corresponding characteristic
impedance of approximately one fifth of the value for a rigid-walled pipe [7 10]. This
effect is due to the compliant nature of the PVC pipe walls.
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PVDF control source connected fo a 40 m long
PVC pipe filled with water.

The velocity relationship for wave
propagation in a duct with yielding
walls is described in Reference 10,
which shows its characteristics. This
dispersive behaviour is expected to
affect the actuator's dynamic test
response in addition to any modal
effects of the actuator assembly.

The performance of the control source
may be assessed in terms of the
voltage required to control a given
noise propagating down a pipe
according to (7). This is illustrated in
Fig.6, which shows three calculated
voltage-frequency relationships  for
the control of a 100 Pa simple
harmonic wave propagating down a
water-filled rigid pipe. The first
relationship shows the calculated
response based on the PVDF
manufacturer's data (8) and the
second on data obtained from static
calibration (9). The third is an
estimated response based on the
dynamic test, using an acoustic
impedance value of approximately
pcl5. The new impedance value of
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the acoustic load changes the outcome of relation (1), giving a five-fold increase to the
volume velocity for a given acoustic pressure amplitude. Taking this into account, as well
as the fact that we need an acoustic control volume velocity Q. which is twice the value of
the noise volume velocity Qs, then we have to multiply the experimental frequency
response function of the PVDF actuator by a factor of 2.5 in order to obtain its
performance characteristic as a noise control device. However, while this is expected to
be approximately true in the low frequency region (0 - 300 Hz), the wave impedance
changes dramatically as the frequency approaches the ring resonance of the water-
loaded tube wall (we estimate this to be = 900 Hz for our PVC pipe). Therefore, in the
neighbourhood of the ring resonance frequency of the PVC pipe, the acoustic volume
velocity may be considerably higher than estimated and would result in lowering the
required applied voltage level shown in Fig.6. Resonant modes of the actuator assembly
will also affect this voltage level, though further work is required to determine their
contribution.

In order to explain the differences between the results from the dynamic tests and the
simple relation predicted by (9); we need to fully characterise the acoustic load of the test
pipe and the modal behaviour of the actuator assembly. However, the results obtained
so far indicate that our prototype of the PVDF control source is capable of generating
sufficient volume velocities for the control of noise within the specified frequency and
amplitude range at practically achievable voltage levels. Particularly at the high
frequency end (1-2 kHz), where our dynamic response predictions may show the greatest
deviation from actual behaviour, even a gross error of one order of magnitude would
result, at worst, in control-voltage levels not higher than 50 V.

From PVDF menufacturer's data ======== From static test data —=— From dynamic test data
10000 -
s

1000 Lol Lo L] S O T N S S N S I
s f’ ™~
Q T~
o L ~—
> oy N

\ o
2 1w ~
Q. t
g 2
<
e e = e
0.1 -
1 10 100 1000 10000
Frequency (Hz)

Figure 6. The three graphs illustrate the PVDF actuator voltage required to control a
100 Pa simple harmonic wave propagating down a water-filled rigid duct. The graphs were
derived from the manufacturer's data (relation (8)), the static test (relation (9)), and
dynamic test respectively.
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5. Conclusion

Our performance predictions and test results portrayed in Fig.6 demonstrate that our
prototype of the PVDF-based active control source should be capable of blocking 160 dB
(re: 1 uPa) noise propagating down a water-filled steel pipe (100 mm inner diameter and
6 mm wall thickness). A number of irregularities have been observed in the actuator's
frequency response which are thought to be due to the complex response characteristics
of the actuator assembly and the type of acoustic load used during the dynamic testing.
However, these types of irregularities are expected to be compensated for by the adaptive
filter in an active noise control system.

Future work will involve full characterisation of the dynamic test method and performance
tests of the PVDF actuator in an adaptive noise control system.
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SENSING VIBRATION TO CONTROL STRUCTURAL RADIATION

Scott D. Snyder
Department of Mechanical Engineering
University of Adelaide, SA 5005

ABSTRACT

The use of shaped piezoelectric polymer film vibration sensors in a vibration source-based adaptive
feedforward control system targeting attenuation of acoustic power radiated from a structure is considered.
The questions of what should be measured by the sensor to minimise acoustic power, and how the adaptive
feedforward active control system should incorporate the measurements, are first addressed. Experimental
implementation of an adaptive feedforward control system using optimally shaped piezoelectric polymer film
error sensors is then described.

INTRODUCTION

Feedforward active control of structure-based disturbances using a force or moment input, targeting
either the vibration explicitly or the resultant acoustic radiation, is a topic of increasing research interest. In
structural/acoustic problems, the use of vibration control sources offers several potential advantages over the
use of more conventional acoustic control sources, one of these being system compactness; bulky speakers
and cabinets can be replaced by compact control sources such as surface mounted or embedded
piezoelectric ceramic actuators, creating a "smart structure”. A potential hindrance to realising this advantage
is the use of acoustic sensors, microphones, to provide an error signal to the control system. Microphones
are typically placed in the farfield of a radiating structure to insure that global sound attenuation accompanies
the reduction in acoustic pressure at the sensor. Clearly an improvement would be had if vibration error
sensors were used in conjunction with vibration control sources.

The use of vibration error sensors in systems targeting a reduction in structural vibration is
commonplace. Such systems can be designed to explicitly reduce structural modal amplitudes, measured
using some form of spatial filtering. Minimising the velocity of structural modes is not, however, always the
best approach to minimising acoustic radiation from the structure, especially when only a limited number of
actuators are being used. There are, in fact, two ways in which vibration sources can reduce acoustic power
radiation. The first of these is velocity, or modal, control. The second is essentially acoustic control, where
the velocity distribution of the structure is altered so as to optimise the inherent (acoustic) pressure reduction
phenomena, such as intercellular cancellation in plates. It has been demonstrated, both theoretically and
experimentally, that in this instance an increase in structural velocity may accompany a reduction in radiated
acoustic power [1,2]. Clearly a control system which is constrained to reducing structural velocity is
inappropriate for control of structural radiation.

This paper considers the problem of sensing some measure of structural vibration to provide an error
signal to an adaptive feedforward active control system to attenuate radiated acoustic power. The first
questions to be addressed are, what should be sensed to maximise the levels of global attenuation of the
error-criterion of interest, radiated acoustic power, and how should an adaptive feedforward active control
system using these vibration-based error signals be implemented? Once these concerns are answered,
experimental implementation of an adaptive feedforward control system using optimally shaped piezoelectric
polymer film error sensors, targeting both harmonic and random noise disturbances, will be described.
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GENERAL THEORY

Consider some generic structure, subject to harmonic excitation by an unspecified primary forcing
function. The aim of active control is to globally attenuate some measure of the system response, normally
expressible as a quadratic function of the structural modal velocities. This measure may be vibrational, such
as the kinetic energy of the structure, or acoustic, such as radiated acoustic power or sound transmission into
a coupled enclosure. Limiting consideration to a finite number of modes, each of these quantities, or global
error criterion, can be expressed in the form

J = vHAv, )

where Jis the global error criterion of interest, v is the vector of complex modal velocity amplitudes, His the
matrix Hermitian (conjugate transpose), and A is some real, symmetric, positive definite transfer matrix. As A
is a real symmetric matrix it can be diagonalised by the orthonormal transformation

A = QArQ7, 2)

where Q is the orthonormal transform matrix, whose columns are the eigenvectors of the transfer matrix A,
and A is the diagonal matrix of associated eigenvalues. The form of A dictates that the eigenvectors in @ will
be orthogonal. If the transformation of equation (2) is substituted into equation (1) the generic global error
criterion expression becomes

J = viay = vHQAQ'lv = v/HAv/, 3)

where the vector of transformed modal velocities v’ is defined by the expression

v/ = Q'lv = Q’Ivv. (4)

Observe that the orthonormal transformation has decoupled the global error criterion expression, so that it is
now equal to a weighted summation of the form

Nm
J =Y iR ©)
=1

where 2, is the fth eigenvalue of A, v, is the ith transformed modal velocity of the vector v, and the
summation is over the N structural modes being modelled. The important point to note about the error
criterion as expressed in equation (5) is that v, is not necessarily equal to the velocity amplitude of the th
structural mode v, but is rather equal to some orthogonal grouping of modal contributions, defining the ih
principle axis of the error "surface” (the plot of error criterion as a function of modal velocity) defined by the
quadratic criterion of equation (1). '

Consider now the problem of implementing an adaptive feedforward active control system to
attenuate the global error criterion of equation (1), where the control source provides a direct input to the
structure (such as via an electro-dynamic shaker or a piezo-electric ceramic actuator). The desired error
signal, to be minimised by the control system, is some measure of structural velocity, which can be
decomposed into a set of orthogonal constituents by, for example, the use of a custom sensor such as
shaped piezoelectric polymer film. One approach to the decomposition of the error signal is to base it upon
the in vacuo mode shape functions of the structure. However, using this data in its "raw" form may not
produce the desired result, as strictly speaking the value of the global error criterion is based not solely upon
individual in vacuo modal contributions but rather upon these terms in conjunction with modifications resultant
from other coexisting modes; simplifying this holistic view by considering only individual contributions is often
detrimental to system performance, as will be demonstrated later in this paper. A better approach is to
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resolve the orthogonal transformed modal velocities in v and simply weight the contributions by the
associated eigenvalues. Not only does this implicitly account for the off-diagonal, or cross-coupling, terms in
the transfer matrix A but it may also reduce the number of error signal inputs to the controller required to
obtain a satisfactory result, as some eigenvalues may be so small as to make contributions to the error
criterion by the associated transformed modal velocities negligible.

MINIMISING ACOUSTIC POWER vs. MINIMISING VIBRATION

The error criterion of interest here is minimisation of radiated acoustic power. In order to fit this
criterion into the general form of equation (1), it can be shown [3] that for an infinitely baffled planar structure

AG = 2P0 [ v 22 oy @ ax (6)
4 r
K

From the defining relation for the terms in the transfer matrix A given in equation (6) is immediately apparent
that in this instance A is not constrained to be a diagonal matrix. This result can be contrasted with that
obtained for systems specifically targetting a reduction in vibration levels, where A will be a diagonal matrix.
It is therefore fundamentally incorrect to design a control system targeting a reduction in structure borne
sound which is constrained to minimise the amplitudes of the individual structural modes.

To study further the problem of controlling radiated acoustic power it will be useful to specialise the
discussion to a specific structure, the one chosen here being a baffled, simply supported rectangular panel.
For a simply supported rectangular panel of length L, and width Ly the structural mode shape function is

Y alxy) = sin ”Z‘x sin, (7

X Ly

where m, n are the modal indices in the x and y directions, respectively, and X=(x,y). At low frequencies,
such that (kL/mm)<<1, (kL/nn)<<1, where k is the acoustic wave number, it can be shown that the terms in
the transfer matrix A can be written in terms of modal radiation efficiencies as [3]
min; anLG
. O.+
Pocolaly (-1 ™K1 (1)) T, gy ®
8 4 2 ’

AL =

where o;and o, are the radiation efficiencies of the th and 1th modes. While using radiation efficiencies as
described by [4] to calculate the terms in the transfer
matrix A is strictly only acceptable at low frequencies,
the relationship between the terms which is described by
equation (8) reveals interesting characteristics about the
eigenvalues and eigenvectors of this matrix. Firstly, note
that only modes with like index pairs, such as (odd,odd)
modes, with exert a mutual influence on each other, as ibrating Pane.
would be expected. Secondly, observe the terms in A | _Y
wil be highly frequency dependent, the same as L1 I v e
radiation efficiencies. However, a closer inspection of

the problem in light of the data given in reference [3]

shows that while the absolute values of the terms will > Fe‘;‘;?g,‘ggm
vary significantly with frequency, the relative (to each Eor ©|  Controller | oo

other) values of the terms, which are governed by the Signals Outputs
ratio of two modal radiation efficiencies, will vary much | Figure1  Outline of feedforward control
more slowly. It is the relative values which will be | system using shaped error sensors.

important in determining the eigenvectors, and hence the
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transformed modal velocities v/, while the absolute values will dictate the value of the eigenvalues.
Therefore, at some given- frequency w, it may be possible to sense a transformed modal velocity
(eigenvector) which is strictly only correct at some other frequency w,, weight it by the w, frequency-correct
eigenvalue, and obtain a satisfactory result. This would enable the use of a shaped (to measure a
transformed modal velocity) piezoelectric polymer film sensor, the shape of which is strictly only optimal at a
single frequency, to provide satisfactory levels of acoustic power attenuation over an enlarged frequency
range. The adaptive feedforward control arrangement would then look something like what is shown in figure
1, where the output of the shaped piezoelectric polymer film “transformed modal velocity sensors" are passed
through “eigenvalue filters" and provided to the controller as an error signal. The frequency response of a
given eigenvalue filter is defined by the magnitude of the associated eigenvalue as a function of frequency.
In fact, the eigenvalues can be viewed as defining the "radiation efficiency" of a given (orthogonal) set of
radiating structural modes, the constituents of which are defined by the eigenvectors of the transfer matrix.

EXPERIMENTAL INVESTIGATION

‘ A ' _ Table 1 Experimental and theoretical panel
To investigate this further, consider now a steel | yasonances below 200 Hz.

panel of dimensions 1.8m x 0.88m x 10.1mm, subject to

harmonic excitation within the frequency band 30Hz - Mode | Experimental | Theoretical
200Hz. In this range there are seven modal resonances, Resonance Resonance
as outlined in table 1. If the transfer matrix is calculated at Frequency Frequency
any given frequency in this band using 60 structural modes (Hz) (Hz)

and then decomposed as outlined in equation (2) it is 11 405 395
found that at low frequencies only three acoustic power i ' :
modes may be considered as "significant", significance 2.1 64.0 62.3
being defined by the associated eigenvalue which will

weight the influence which the transformed mode has upon | | 3 1015 1004
the calculation. These transformed modes are, in order of 19 1325 135.0
importance, based upon orthogonal groupings of (odd,odd), ’

(even,odd), and (odd,even) structural modes, and will be 4,1 153.5 163.7
referred to as transformed modes w(0,0), w(e,0), and 22 1555 1579

w(o,e), respectively. As the frequency increases, two more
modes, based upon a second grouping of (odd,odd) modes 3,2 195.0 1959
and a grouping of (even,even) modes, become important.
A plot of the variation in eigenvalues of these transformed
modes as a function of frequency is given in figure 2. The
interesting point to note here is that while the eigenvalues
of these transformed modes vary greatly with frequency, 150
the constituent components of the eigenvectors vary by a
relatively small degree. Consider for example the w(0,0)
mode, which is shown in figure 2 to have the greatest
radiation potential. Table 2 lists the values of the five most
significant contributions from the first 60 structural modes
to this transformed mode at 30Hz and 100Hz. This mode
is dominated by the (1,1), (3,1) and (1,3) structural modes,
with the proportional contributions changing only slightly.

130

110

90

Eigenvalue Magnitude (dB re 1e-6)

G I S second (odd,0dd)
EXPERIMENTAL INVESTIGATION / - (even,even)
5oLl ! | | ) L :
To implement the above outlined feedforward 0 50 100 = 150 200

active control system, shaped piezoelectric polymer film Frequency (Ha)

sensors can be used to measure transformed modal | Figure 2 Eigenvalues of the first five
amplitudes, with the constituents of the transformed modes | transformed modes.
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defined at a single frequency. These signals could then be ["Table 2 Constituents of the first transformed
passed through “eigenvalue filters”, filters which have the | mode w(0,0) as defined at 30 Hz and 100

frequency response characteristics defined by the | s

eigenvalues associated with each transformed mode, and

used as error signals for an adaptive feedforward control Mode 30 Hz Value | 100 Hz
system to minimise. The experimental work presented Value
here, however, will consider the minimisation of unweighted 11 0.913 0.919
transformed modal velocities, thereby avoiding the need to i : :
build a set of "eigenvalue filters". Simulation results [5] 3,1 0.229 0.199
have shown that such an approach is only slightly sub-

optimal with the control source at (0.9m,0.24m), and it will | || ° 0.138 0.117
simplify this initial investigation. The experiments will have 13 0233 0.241
two basic aims: to compare the effect of minimising the

amplitude of an in vacuo structural mode and a 15 0.141 0.143

transformed mode at both discrete frequencies (pure tone
excitation) and over a frequency band, and to examine
broadband control of radiated acoustic power by minimising the amplitude of transformed structural modes.

Shaped piezoelectric polymer film sensors will be employed to measure both the. in vacuo and
transformed structural modes used in the experiments. Such sensors will output a charge proportional to the
second (spatial) derivative of the mode shape function. As both in vacuo and transformed structural modes
are orthogonal (with other in vacuo or transformed structural modes), and separable in the x and y directions,
modal responses could be approximately measured by fabricating separate sensors to be orientated in the x
and y directions whose width is described by the x and y components of the modes (neglecting lateral
excitation of the sensor). The output from sensors in the x and y directions could be multiplied in the
frequency domain or convolved in the time domain to give a total mode output. In the experiments presented
here, however, only one component, x or y, was measured for each mode, and fed directly into a time domain
adaptive feedforward control system (errors in this simplified approach will be discussed further shortly).

In the experiments a 1.8m x 0.88m x 10.1mm meter steel plate is clamped on knife edges mounted in
a heavily damped enclosure to simulate simply supported boundary conditions, and situated in a semi-
anechoic room. The experimental resonances of the plate below 200 Hz are given in table 1. A primary

Table 3 Acoustic power outputs and reductions for pure tone excitation with the feedforward control
system minimising the signal from the (3,1) mode sensor and the w(0,0) transformed mode sensor.
Frequency Primary (3,1) Mode First (3,1) Mode First
(Hz) Power Controlled Transformed Controlled Transformed
Output Power Mode Power Mode
(dB) Output Controlled Reduction Controlled
: (dB) Power (dB) Power
Output Reduction
(dB) (dB)
40 101.0 84.3 66.3 16.7 337
45 83.4 99.8 63.2 -16.4 20.2
85 64.4 81.5 66.1 -17.1 -1.7
95 79.0 80.3 74.2 -1.3 4.8
101 99.6 82.1 80.7 175 18.9
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source electrodynamic shaker, mounted in the enclosure, is attached to the plate at (0.35m, 0.64m). A
singlecontrol source was used in the experiments, located at (0.9m, 0.24m) or (1.35m, 0.24m) as described.
A traverse was mounted above the plate, which moved an acoustic intensity probe over a 24 x 12 (288) point
grid, measuring acoustic intensity 100mm above the plate in 1/12 octave bands. The acoustic power output
of the plate was calculated from these measurements. The control signal was generated by an adaptive
feedforward controller. For the pure tone excitation expetiments to be described, a simple 4-tap FIR filter,
adapted using the filtered-x LMS algorithm, was used. For the broadband experiments, an IR filter with 35
feedforward taps and 20 feedback taps was used, adapted using a similarly modified gradient algorithm.

)
S O

(3,1) sensor |~ w(e,0) sensor

N WA O
S O O O

Frequency Response Magnitude (dB)
S o
|

w(o,0) sensor [

0 I l | ! l 1 s 4L : ; |
0 25 50 75 100 125150175 O 25 50 75 100 125 150 175

Frequency (Hz) Frequency (Hz)
Figure 3 Frequency response magnitude of experimental shaped sensors.

w(o,e) sensor
| {

The modes which are to be minimised by the feedforward control system are the (3,1) structural
mode and the w(o,0), w(e,0) and w(o,e) transformed modes as defined at 30 Hz. Only one direction of these
quantities will be measured in the implementation, as discussed, to simplify the experiments. For the (3,1)
structural mode and the w(0,0) and w(e,0) transformed modes it will be the x direction, while for the w(o,e)
mode it will be the y direction. These were chosen so as to most closely approximate the desired response
with a single measurement. The strips were located close to the center of the plate to help filter out
unwanted modal components. The experimental frequency response characteristics of the four sensors are
shown in figure 3. With the (3,1) modal sensor, note that the response of the desired mode is approximately
25 dB above that of the neighbouring (1,1) and (2,1) modes. The only other peak is at the (3,2) resonance,
which would be eliminated if the y component of the mode had been taken into account. With the first
transformed modal sensor, the (1,1) and (3,1) modal resonances are dominant, which is the desired response
of the sensor. The (1,2) and (3,2) resonances are also present, approximately 15 dB below the amplitude of
the dominant modes. These modes are undesired, and would again be eliminated if the y component of the
transformed mode was accounted for. With the second transformed mode sensor, the (2,1) mode is
dominant, with a significant level of the (4,1) mode, which is desired. Unfortunately, the (2,2) is also present,
which would again be eliminated if the y component of the mode was measured. Finally, with the third
transformed mode sensor the (1,2) and (3,2) modes are clearly dominant, which is the desired feature. In
light of this data, the principal error in the experiments to be described which is introduced by measuring only
part of the transformed modes is the (2,2) contribution to the response of the second sensor.

The first set of experiments is aimed at comparing minimisation of the (3,1) structural mode and the
w(o,0) transformed mode with the control source at (0.9m, 0.24m). Table 3 lists the acoustic power output of
the panel at various discrete frequencies under primary, (3,1) controlied, and w(0,0) controlled conditions. At
every frequency, including the resonance of the (3,1) mode at 101 Hz, minimisation of the w(0,0) transformed
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mode produced a result superior to that obtained by minimisation of the (3,1) modal amplitude. This was the
characteristic predicted by the simulation of the previous section.

There are, however, a few differences between theory and experiment. Firstly, at the (1,1) resonance
of 40 Hz minimisation of the (3,1) mode sensor error signal produced 17 dB of attenuation, while the
theoretical work of the previous section predicted a significant increase in the acoustic power output. This is
due to the limitations of the sensor in filtering out unwanted modal responses, such as the (1,1) mode
resonance peak. Secondly, the off-resonance performance of the (3,1) mode sensor is worse than predicted
by the theoretical studies of the previous section. It is presumed that this is due to contamination in the error
signal, which was extremely small at these frequencies. Despite these discrepancies, the qualitative
agreement between the theoretically predicted and experimental performances obtained by minimising the
sensor signals is good.

llustrated in figure 4 is the result of minimising the
(3,1) mode sensor signal and the first transformed mode
sensor signal for broadband excitation up to 200 Hz. 70
Observe that when minimising the (3,1) sensor signal the
acoustic power output at the (3,1) mode resonance
frequency is significantly reduced, as would be expected.
There is also some reduction at the (3,2) resonance
frequency, as the sensor is also sensitive this mode as ,
shown in the frequency response characteristics of figure A y beiied
3. This, however, is the extent of the positive results y -—= (3.1) mods
achieved, and the benefit is offset somewhat by a PP SN P NS RN I PR N T
significant increase in the power output at the (1,2) 31.5 40 5°Fregjemy8‘;anj°(gz)125 160 200
resonant frequency. When minimising the first transformed . ~ ‘ ,
mode sensor signal, however, there is significant | Figure 4  Radiated acoustic power with
attenuation of the acoustic power output at both the (1,1) | fandom excitation, minimisation of w(0,0)
and (3,1) resonance frequencies, without a significant | transformed mode, and minimisation of (3,1)
increase at any frequency. Clearly the latter result is | Mode.
superior.

The second stage of the experimental work is
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(4}

Acoustic Power (dB)
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targeted at broadband control of radiated acoustic power

using the shaped sensors. Figure 5 illustrates the acoustic 0r

power output of the panel under primary excitation, and | gz g5 |-

under the action of a control system which minimises the ‘:‘

w(0,0) transformed mode, and the w(0,0) and w(oe) | &

transformed modes, with a control source located at | gss}-

(0.9m,0.24m). Observe that when the first transformed § primary
mode sensor signal is minimised there is significant | < *° o)
attenuation of the power output at the (1,1) and (3,1) 45 == Wo.o) we.o)
resonance frequencies, while the inclusion of the third 0 \7: Lol bl biialia
transformed mode sensor results in significant attenuation 31.5 40 50 63 80 100 125 160 200
at the (1,2) and (3,2) resonance frequencies as well. Note Frequency Band (Hz)

that with this particular control source arrangement (located | Figure 5 Radiated acoustic power with
halfway along the x direction of the panel) it is not possible | broadband excitation, minimisation of w(o,0)
to change the amplitude of any mode having an even index | transformed mode, and minimisation of
in the x direction. w(0,0) and w(o,e) transformed modes.

The final experimental result to consxder is that '
obtained when the excitation frequency band is increased to 400 Hz. From the characteristics of the
eigenvalues shown in figure 2, it can be concluded that many more transformed modes are significant
radiators, casting doubt on the ability of a control system which minimises only three transformed modes to
produce any real levels of acoustic power attenuation. There are also 17 structural modes resonant at
frequencies below 400 Hz, further complicating the problem. lliustrated in figure 6 are the primary and
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controlled acoustic power outputs for this case, where the
control source is now located at (1.35m,0.24m), and all
three transformed modes are being minimised. Observe 70
that there is significant attenuation at lower frequencies,

o -
with reduced levels of attenuation at higher frequencies, ?65
although still notable in many bands. Perhaps more §5°"
importantly, note that there is no noticeable increase in the g 55
acoustic power output of the panel at any frequency, a 3
< 50+ — primary

problem which is common at higher frequencies with the

use of microphone error sensors. This suggests that with 45 conteles
broadband excitation, the use of shaped piezoelectric sobrd b b N e b Lo b L
polymer film sensors to provide an error signal for a 31.5 63 125 250
feedforward adaptive controller is superior to the use of Frequency Band (Hz)
microphones when vibration control sources are used, | Figure 6 Radiated acoustic power with
whether compactness is an issue or not. broadband excitation and minimisation of

w(0,0), w(e,0) and w(o,e) transformed
CONCLUSIONS modes.

The design of optimally shaped piezoelectric polymer film sensors to provide error signals for an
adaptive feedforward active control system targeting a reduction in free field structural radiation using
vibration sources has been considered. It was shown that by performing an orthonormal decomposition on
the governing relationship for acoustic power it is possible to define transformed modes, which are orthogonal
sets of structural modes radiating as a single unit. If these transformed modes, weighted by the eigenvalues
associated with them from the orthonormal decomposition, are minimised in amplitude, radiated acoustic
power will be minimised. For low frequency excitation, typically only a few transformed modes are important,
greatly decreasing the error sensing requirements. The transformed modes are only mildly frequency
dependent, a dependence which can often be neglected at low frequencies in practice without adverse
effects. Experimental results minimising transformed modes as measured by shaped piezoelectric polymer
film sensors show that significant levels of acoustic power attenuation can be obtained using this approach
when the structure is subject to low frequency sinusoidal or broadband excitation.
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ABSTRACT

This paper examines the use of a genetic algorithm for active sound and vibration
control, where the genetic algorithm is used for the adaptation of the filter weights of
non-linear filter structures. Non-linearities introduced by electro-acoustical and electro-
mechanical transducers can considerably reduce the overall levels of attenuation that
can be achieved in actively controlled sound and vibration systems. Such non-
linearities can be compensated for by the use of non-linear filter architectures to
produce control signals from the given reference signals. Use of a genetic algorithm for
adaptation of filter weights eliminates the need to know the transfer function between the
control source input and the error sensor output, which is essential knowledge for a
conventional algorithm to remain stable. This enables the use of complex filter
structures which would normally not be practical when combined with ’standard’
gradient descent-type adaptation algorithms (such as the filtered-x LMS). For active
sound and vibration control several modifications to the standard genetic algorithm are
necessary to produce the required operating performance and these are also
discussed. The operation of the algorithm is experimentally verified using a polynomial
filter structure for the non-linear control of a vibrating beam, where the piezoceramic
control actuators introduce additional frequency components.

INTRODUCTION

Active sound control is the process of attenuating unwanted noise by introducing
additional sources of sound. These additional sound sources act to reduce the sound
power output of the existing primary source by absorption, by reflection, or by changing
the impedance experienced by the sound source. In some cases, none of the
preceding control mechanisms occur and destructive interference results in the
reduced sound levels in some locations at the expense of increased levels in others,
with an overall increase in total sound power. Similar attenuation mechanisms apply to
active vibration control where additional structural excitation forces are applied. An
active control system is used to generate

the control signals required to drive these primary > ReFeRENcE SRROR

. SOUND —P> g SENSOR CONTROL
additional control sources, whether they be - @ bUCT “ONTRO e

acoustic or vibration. y —rv._.__
ADAPTIVE

To be practical, an active control system FILTER
must adapt to changes in the environment [
in which it is operating. An adaptive single Nt

channel active control system applied to
sound propagating in a duct is shown in
Figure 1. A reference sensor samples the
incoming sound, with the resulting electrical signal being passed through a digital
adaptive filter to the control source. The weights of the adaptive filter are adjusted by

Figure 1: Single channel adaptive
sound control system.
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the control algorithm to minimise the signal detected by the error sensor.

The simplest adaptive filter in general use is the finite impulse response (FIR) filter,
which is sometimes referred to as a transversal filter. The FIR filter, shown
diagramatically in Figure 2, is a tapped delay line with single sample (t) delays between
taps. Each output sample from the filter pr tapped
is a weighted sum of the tap values at delay line
the given instant in time.

Updating of the filter weights is usually
done using a least squares algorithm
which, to be stable, requires knowledge
of the cancellation path (control source input to error sensor output) transfer function to
a phase accuracy of better than 90°. With the FIR filter structure it is not possible to
generate any frequencies in the control signal which do not appear in the reference
signal. Thus any non-linearities in the physical system or control source cannot be
compensated for. One way of controlling a non-linear system is to use a non-linear filter
structure. However, it is not practical to use a standard LMS algorithm in this case.
Also, it is desirable to avoid another disadvantage of the LMS algorithm and that is the
need to know the cancellation path transfer function. One such algorithm which can
adapt the weights of a non-linear filter structure and which is stable with no knowledge
of the cancellation path transfer function is the genetic algorithm, and this is the subject
of this paper.

Figure 2: FIR filter.

The genetic algorithm is an optimisation/search technique based on evolution, and is
essentially a guided random search. It has been applied to many optimisation
problems, but in the field of active sound and vibration control it has so far been
restricted to optimising the placement of control actuators in actively controlled
structures (Rao et al, 1991). In this paper it is shown how the genetic algorithm may be
used to adapt the coefficients of a

digital filter. A general control system sgﬁg&=¢> PLANT =5
schematic arrangement for application T +

of the genetic algorithm to filter weight PHYSICAL CONTROL
ion i i inFi ..} BEFERENCE | oroitil &, . ERROR |,
adaptation is depicted in Figure 3. TRANSDUCERS)[ * i TRARSSRCE. )| | TRaNSDUGER(S)
. . SYSTEM 4
Use of the genetic algorithm enables 4
any filter structure to be treated as a >f DIGITAL
‘black box’ that processes reference 7
signals to ' produce contlrol signals, SENETIC
based on different sets of filter weights. ALGORITHM
Basic genetic algorithm operation T
requires the testing of solutions (sets of P G fe

filter weights), which involves loading
the filter weights into the filter and
subsequently evaluating the performance of the filter in minimising a cost function
based on the error sensor outputs. The genetic algorithm in essence combines high
performance solutions while also including a random search component.

Figure 3: Control system arrangement.

Although the arrangement shown in Figure 3 allows for multiple input, output and error
transducers, this paper only discusses the validation of the operation of the genetic
algorithm for the single-input, single-output, single-error-sensor case. ~
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ALGORITHM IMPLEMENTATION

Implementation of the genetic algorithm described in this paper has three basic stages:
fitness evaluation, selection and breeding. Fitness evaluation requires the testing of the
performance of all individuals in the population. Here an individual is considered to be a
separate set of filter weights, with the fitness of the individual being a measure of the
filter's performance when these weights are being used for filter output calculation. The
population then consists of a collection of these individuals. Selection involves killing a
given proportion of the population based on probabilistic *survival-of-the-fittest’. Killed
individuals are replaced by children, which are created by breeding the remaining
individuals in the population. Typically 70% of the population are killed, with the
remaining 30% forming the mating pool for breeding. For each child produced,
breeding first requires probabilistic selection of two (possibly the same) parent
individuals, with fitter individuals being more likely to be chosen. Application of the
crossover and mutation operators on the parent pair produces the new child. The
crossover operator combines the information contained in two parent strings (or two
sets of filter weights) by probabilistic copying of information from either parent to each
corresponding string element (or single filter weight) of the child being produced.
Mutation introduces random copying 'errors’ during the information copying stage of
crossover, and gives the algorithm a random search capability.

Mutation plays a minor role in the 'standard’ implementation of the genetic algorithm, in
that it is used to replace lost bits in the binary encoding of the problem. As binary data
has only two states, small mutation probabilities work well with the ’'standard’
implementation where data loss is minor. This is not the case in the implementation
used in this paper, where a weight string is used instead of binary encoding. Here
mutation is necessary to maintain population diversity (differences between individuals)
and also to allow 'homing in’ on optimal solutions, as the population data corresponding
to one weight in the string will not fully represent the weight's entire data range.

Two selection processes are carried out during the operation of the genetic algorithm,
namely the choice of individuals to be killed, and the choice of parents during breeding.
Both selection processes have been implemented using a simulated roulette wheel,
where each segment (or slot) on the roulette wheel is allocated a size proportional to the
individual’s probability of being chosen (selection probability). Each spin of the roulette
wheel results in one *winner* being selected. Selection probabilities are assigned such
that low performance individuals are more likely to be killed, and such that high
performance individuals are more likely to be chosen as parents for breeding. Selection
without replacement is used for killing, where once an individual is chosen it is removed
from the roulette wheel. For breeding, selection with replacement (no removal) is used
for choosing the parents, hence the entire mating pool is used in the selection of each
parent individual.

Many aspects of the 'standard’ genetic algorithm implementation have been changed to
give the desired on-line optimisation performance required in this appllcatton These
changes are listed below.

¢ Killing selection instead of survivor selection
Choosing individuals to be killed rather than those to survive allows higher survival
probabilities to be realised for the higher performing individuals. This enables
greater selective pressure (bias towards survival and breeding of the higher
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performance individuals) to be applied, which can be used to give faster
convergence when high levels of mutation are used to sustain population diversity.
Use of killing selection also allows the best performing individual to be assigned a
killing probability of zero to ensure its survival.

e Weight string instead of binary encoding
The "genetic code” of each individual is normally encoded as a binary string (from
the problem variables), with the crossover and mutation operators working at the
single bit level. Mutation of the upper bits of weight variables results in large
jumps in weight values when filter weights are encoded in this way, which
significantly degrades on-line performance.  To alleviate this problem a weight
string has been used, with the crossover and mutation operators applied using
whole weight values as the smallest operational element. This modification was
used by Ichikawa and Sawa (1992), who reasoned that crossover of weight
fragments is "almost meaningless' and did not consider on-line performance.

* Mutation probability and amplitude
Application of mutation to whole weight values enables a limit to be placed on the
deviation of filter weight values about their current values, which gives control over
the spread of the filter’'s performance. Mutation has been applied to all child string
variables at a given probability (mutation probability, typically 20 to 30%). The
weights chosen to be mutated are modified by a random change in value, which is
limited to a specified range (mutation amplitude).

e Rank-based selection (killing and breeding)
Rank-based selection removes the scaling problems associated with fitness
proportionate selection (assigning selection probabilities proportional to fitness
values), and gives exceptional control over selective pressure (Whitley, 1989;
Whitley and Hanson, 1989). Rank-based selection was used by Whitley and
Hanson (1989) for breeding (parent selection). This has been extended here to
include Killing selection. Selection (choosing) probabilities, for both killing and
breeding, have been assigned here based on the rank position of each individual’s
performance. This essentially means that the individuals have been sorted into
order from best to worst performance, then each allocated a fixed selection
probability (probability of being chosen) based on their position in this list. The
performance evaluation method used thus becomes irrelevant as long as the rank
positions are the same (or similar). Separate (adjustable) probability distributions
have been used for killing and parent selection, with killing being more probable
for lower ranked individuals and selection to be a parent being more probable for
higher ranked individuals.

e Uniform crossover
Uniform crossover nearly always combines the information of two parent strings
more effectively than one or two point crossover (Syswerda, 1989). One point
crossover is where a position along the string is selected at random, and
information is copied (to the child being created) from one parent for the first part
of the child string and from the other parent for the second part. Similarly two point
crossover involves selecting two points along the string, and copying from one
parent between these two points, and from the other parent for the rest of the child
string. In uniform crossover each position along the child string is produced by
randomly copying from either parent, with both parents being equally likely to be
chosen as the information source. In this paper a modified form of uniform
crossover has been used, where the probability of copying information from the
lower ranked parent is supplied, and whole weight values are the smallest
elements that are copied (compared to single bits for binary encoded strings).
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* Genetic algorithm parameter adjustment

As suggested by De Jong (1985), adjustment of the operating parameters
(probabilities, population size, etc) can improve the performance of the algorithm.
The adjustable parameters used in this implementation (population size, survival
ratio, killing and breeding rank-probability distributions, crossover probability,
mutation probability, and mutation amplitude) provide good control over the stages
of adaptation needed when good on-line performance is required. While manual
adjustment between a fixed set of parameter setups has been used in the present
implementation, dynamic adjustment (using population fitness values) will be
examined in future work.

The use of a genetic algorithm for adaptation of filter weights requires a suitable filter
performance measure to be obtained when comparing sets of filter weights. This has
been achieved by using a moving average of the squared error obtained from the error
sensors. The resulting performance measure can also be modified by scaling with
another similarly obtained moving average of the reference signals to give improved
comparison accuracy when the source level is not stationary. Testing of the filter
performance by using moving averages removes the need for identification of the
cancellation path transfer functions, thus producing a robust algorithm and simplifying
its implementation.

EXPERIMENTAL RESULTS

The experimental work was undertaken using an aluminium beam with a cross-section
of 25mm x 50mm, and a length of 3896mm. The beam was fixed at both ends, and
driven on the 50mm face by a shaker at 167Hz. The piezoelectric control actuators
were connected out of phase, to 'bend’ the beam in the same direction. An
accelerometer was used as an error sensor, with the resulting signal being low-pass
filtered at 550Hz before reaching the error input of the controller. The sampling
frequency of the controller was 2.5kHz.

SHAKER

PIEZOELECTRIC
Z ACTIATORS A e B
A » E
= ACCELERQMETER M %
1:20 STEP-UP
TRANSFORMERS
SIGNAL
LOW-PASS GENERATOR
FILTER
{ ERROR CONTROL
UNFILTERED ERROR l ] ] REFERENCE
CONTROLLER

Figure 4: Experimental setup.

The experimental setup is shown in Figure 4, and the filter structures used in these
experiments are shown in Figure 5. The first filter shown in Figure 5 is a finite impulse
response (FIR) filter, which is linear and consists of a tapped delay line as illustrated in
Figure 2. The tapped delay line gives a history of the reference signal, and acts as a
buffer with sample values shifting from left to right. The second filter shown in Figure 5
is a polynomial filter, with only the cubed term present. This filter is essentially a FIR
filter with the reference samples raised to the third power, and will be referred to as a P3
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Figure 5: Filter structures used in the experiments.

filter. Raising the reference samples to the third power introduces third order harmonics
of the reference signal, while also keeping the original signal frequency content. Thus
the P3 filter is able to generate frequencies appearing in the reference signal along with
third order harmonics of the reference signal content.

The filter weight performance measurement for the genetic algorithm was taken over a
period of 60 samples. A 60 sample delay was introduced before the start of each
measurement to allow any transient vibration (produced when changing the filter
weights to new values) to subside. The value of the performance measure was
calculated as the fraction of mean squared error (MSE) reduction, with the initial MSE
being measured over a period of one second before control was applied. The MSE is
found by averaging (over a given interval of time) the error signal samples after
squaring.

The power spectrum of the unfiltered error signal when FIR and P3 filters are used is
shown in Figures 6 and 7 respectively. In both cases, the piezoelectric control
actuators introduce harmonics of the reference signal. The even harmonics are most

likely caused by mismatch in the control forces produced by the two piezoelectric’

actuators, although the sixth harmonic also coincides with a beam resonance near
1000Hz. The odd harmonics arise due to non-linear output (harmonic distortion) from
the piezoelectric actuators, with the third harmonic corresponding to a beam resonance
at 500Hz.

In the FIR filter case (Figure 6), attenuation of the fundamental peak at 167Hz is limited
by the introduction of the third harmonic caused by the inherent harmonic distortion of
the piezoelectric actuators. Noting that the error signal is low-pass filtered, it can be
seen that the controller has made a compromise between attenuation of the
fundamental and the introduction of the third harmonic. This gives the best overall
attenuation possible for the FIR filter structure, which can only generate frequencies that
are present in the reference signal (which here only contains the fundamental frequency
of 167Hz).

The power spectrum results for the P3 filter (Figure 7) show that both the fundamental
and third harmonic have reached the same level as the second harmonic. The
fundamental has been reduced by 37dB, compared to only 29dB reduction when using
the FIR filter (Figure 6). Also, the third harmonic has only risen by 4dB compared with
an increase of 27dB for the FIR filter. The genetic algorithm adapted FIR filter gave a
maximum of 17dB MSE reduction within 40 seconds. Given the same period of time the
P3 filter had achieved 20dB MSE reduction, with a maximum of 30dB MSE reduction
attained within 8 minutes.
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Figure 6: Power spectrum of the unfiltered error
signal, with linear control (FIR filter).
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Figure 7: Power spectrum of the unfiltered error
signal, with non-linear control (P3 filter).

Introduction of harmonics of order four and higher occurred almost identically for both
filter structures, the only difference being that the level of the fifth harmonic was 3dB
lower for the P3 filter. Note that these frequencies are not present in the low pass
filtered error signal used for control performance evaluation. The appearance of all odd
and even harmonics (observable up to the seventh order with a 2.5kHz sampling rate)
confirms that these additional frequency components arise due to the piezoelectric
control actuators.

Use of the P3 filter has, by counteracting the rise of the third order harmonic, enabled
an increased amount of control to be applied. This increase in control level is displayed
by an increase in the piezoelectric actuator (control source) driving voltage from 51V
RMS for the FIR filter to 54V RMS for the P3 filter.
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Both filters were unable to prevent the introduction of the second harmonic, with a 14dB
rise occurring in both cases. To remove all of the harmonics it is expected that a more
complex filter such as a neural network will be needed.

CONCLUSIONS

The experimental results show that the non-linear filter and genetic algorithm
combination can control non-linear systems, and can increase attenuation levels in
cases where control actuators introduce additional harmonic content.

The use of a genetic algorithm with moving average performance evaluation results in
an increase in stability and robustness over gradient descent algorithms. The main
reason for this is that identification of the cancellation path transfer function is not
necessary when using this method of filter weight adaptation. A major advantage
associated with the genetic algorithm is that the error signals are not required to be
linearly correlated with the reference signals (as required by gradient descent
algorithms), thus allowing easy application to non-linear systems. Another advantage is
that various filter structures can be used with virtually no change to the adaptation
algorithm, which allows quick selection of appropriate filter structures for the problem at
hand.

The major disadvantage of the genetic algorithm compared to gradient descent
algorithms is slower convergence and less ability to track environmental changes, due
to the averaging time required for the moving average performance measurement which
is approximately half the period of the lowest frequency encountered in the error
signals. This limits application to systems that are steady state or only slowly changing.
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Abstract

The need for active noise control in aircraft has been driven by recent advances in
fuselage construction and turboprop engine technology of medium sized passenger
aircraft. However, application of this noise control technique to light aircraft has been
largely overlooked. The purpose of this paper is to review the development of active
noise control in aircraft and to assess previous analytical models to determine their
applicability to light aircraft structures. The difficulties of analysing and optimising an
active noise control system in a light aircraft fuselage is discussed and modelling
procedure capable of overcoming these difficulties is proposed.

Introduction

The parallel development of advanced composite materials for use in aircraft fuselage
structures and more fuel-efficient turboprop engine technology have dominated
contemporary propeller aircraft design. However, the lighter and stiffer fuselage structure
has created the potential for increased interior noise levels. Conventional passive means
of noise control sufficient to address the low frequency propeller noise would increase
the mass of the structure, and may negate the advantage of using composite materials.
Aircraft acousticians are now looking to more advanced, lightweight methods of noise
control, such as active noise control, to provide the required reductions of interior noise.

The excessive interior noise levels in light aircraft are well documented. However,
weight constraints characterise the overall lack of success of passive noise control
techniques for these aircraft. In this paper, the current stage of development of active
noise control in aircraft will be reviewed, with a view to assessing its potential application
to light aircraft. - The problems which have hindered the development of active noise
control in light aircraft fuselage structures may now be overcome and ongoing research
into this area will be described briefly.

Active Control Of Aircraft Interior Noise.

To design an active noise control system for a particular aircraft application
requires a detailed understanding of the basic underlying mechanisms of how the control
is achieved. Much of the initial research into this field has been undertaken using
simplified analytical fuselage models. More recently however, numerical techniques,
such as finite element analysis have been used to model the complex structural/acoustic
behaviour of realistic fuselage structures. These advanced models have been used to
investigate the use of active noise control in production aircraft. They were undertaken
as feasibility exercises rather than as research into the factors that affect active noise
control. In the following sections, both approaches will be reviewed to gain a greater
understanding of the current development of active noise control in aircraft structures and
to assess their potential application to light aircraft.
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A feedforward active noise control

Physical Electronic
system may be divided into two parts Primary g;_gg% gﬂsntg%
(figure 1): the physical control system  Disturbance Reference
(layout of control sources and error \\\& Sensor <t
sensors) and the electronic control system. \\ m ;

The physical control system has three :

major components.  First, the control sgg%rrs? :
sources (consisting of speakers or 7 ' | controlier
shakers) provide the controlling or Enclosure

cancelling disturbance. Next the error SCaour;‘t’:rgD —
sensors  (consisting of microphones,

accelerometers etc.) provide a measure of
the residual disturbance. An optional third
component, the reference sensor, provides
a measure of the impending disturbance. The electronic control system uses the signals
obtained from the reference and error sensors to calculate the relative amplitudes and
phases of the control sources, to achieve sound attenuation.

The maximum noise reduction achievable by an active noise control system is
dependent upon the layout of control sources and error sensors. The electronic control
system simply optimises the noise levels to a minimum achievable level which is
determined by the physical system layout. Therefore, a detailed understanding of the
physical system behaviour and mechanisms are required to optimally design the overall
system.

Figure 1. Feedforward active noise control system layout

Simplified Analytical Models

Simplified analytical fuselage models have been used extensively in active noise
control research to gain an understanding of the mechanisms involved in active noise
control of aircraft interior noise. The unnecessarily complex and little understood
features of realistic fuselage structures have the effect of masking the underlying
mechanisms of active noise control (Zalas and Tichy, 1984). More simplistic analytical
representations have therefore been pursued; the most commonly used fuselage model
being a plain isotropic cylindrical shell (Bullmore et al, 1990; Elliott et al, 1989, Elliott et
al, 1990; Fuller and Jones, 1987a; Lester and Fuller, 1986; Silcox et al, 1989; Fuller and
Jones, 1987b). With this model, the shell mode shapes and interior acoustic mode
shapes are calculated separately and then coupled together using modal coupling theory.
The response of the coupled system to an external excitation field incident on the
cylinder wall is then calculated. Thus, this configuration is a useful first approximation for
the analytical simulation of propeller noise transmitted through the fuselage walls into the
aircraft cabin.

Initial work by Bullmore et al (1990) examined the nature of the noise environment
and the placement of acoustic control sources within an acoustic volume. They
concluded that the acoustic control sources within the volume must be positioned so they
can couple effectively with the dominant modes excited by the primary force. This
should be done whilst simultaneously ensuring that the amplitudes of previously

unexcited modes are kept to a minimum level under controlled conditions. This .

undesirable effect of exciting previously unexcited modes is commonly termed ’'control
spillover. Good levels of reduction were achieved and these were confirmed further in
flight test comparisons (Elliott et al, 1989; Elliott et al, 1990).

Fuller and Jones (1987a) demonstrated that only selected structural modes couple
well with the interior acoustic modes. Lester and Fuller (1986) showed that this selected
structural/acoustic coupling may be modelled, and they analytically evaluated the

159



performance of active noise control in a simple fuselage model. Silcox et al (1989)
performed an initial experimental validation of Lester and Fuller's work (1986) as well as
investigating further the mechanisms which govern the operation of active noise control
in an enclosure of finite extent. This was done using an array of equally spaced
acoustic control sources arranged on the interior of the cylinder. It was found that to
achieve significant global noise reductions, the number of acoustic control sources must
be equal to at least twice the circumferential order of the cavity mode to be controlled.

The performance of vibration control sources mounted on the fuselage to reduce
the sound transmitted through the fuselage wall has also been investigated. In one
study (Fuller and Jones, 1987a) it was demonstrated that up to 15 dB attenuation could
be achieved by using a single control force on a plain cylinder model. Although the
amplitudes of the dominant cylindrical modes responsible for passing energy into the
dominant acoustic mode were reduced, control spillover was experienced with some of
the control energy being shifted to higher order structural modes. These higher order
modes were not able to couple well with the interior acoustic modes, thus reducing the
interior sound levels. When additional control sources and error sensors were added
(Fuller and Jones, 1987b), it was found that the control sources needed to be located at
the anti-nodal positions of all the modes to be controlled. In addition to this, the error
sensors needed to be located at positions where the responses of all modes to be
controlled were strong.

More recent research has been orientated towards fuselage models which include
the effect of an integral floor structure in a cylindrical model. This has been found to
more accurately reflect realistic fuselage structures. The cylinder with floor structural
model combines the motions of the plain cylinder and the plate structure using a
Rayleigh-Ritz procedure outlined by Peterson and Boyd (1978). The interior acoustic
field is solved in two dimensions using the finite difference technique and then extended
to three dimensions analytically (Pope et al, 1983).

Snyder & Hansen (1991), using vibrational control sources, contrasted the
ditference between the mechanisms of control in the cylinder and the cylinder with floor
models. They found that an extra control mechanism was at work in the cylinder with
floor model enabling greater reductions to be achieved. The joint mechanism of control
common between the two models was modal control where the amplitudes of the primary
radiating structural modes were reduced. The extra mechanism of control which existed
in the cylinder with floor structure was that of modal rearrangement, where the relative
amplitudes and phases of the radiating structural modes were altered. For this to occur,
there must be at least two structural modes coupled to a single acoustic mode (as with
the cylinder with floor case). However, with the plain cylinder, only one structural mode
is able to couple with one acoustic mode, thus preventing modal rearrangement from
occurring. : ,

It is the mechanism of modal rearrangement which offered the most scope for
active noise control, as it had the effect of altering the overall vibration pattern of the
structure. This created the potential to control a large number of structural modes using
very few vibration control sources. Global interior noise reductions of up to 20 dB were
achieved for single frequency excitation.

Realistic Fuselage Models

- Most of the research reviewed so far has concentrated on simplistic fuselage
models. These models have proved to be adequate for the study of active noise control
mechanisms and the influence of various system parameters on . the maximum
achievable noise reductions. However they are an unrealistic representation of a
practical fuselage structure, as structural complications such as ring and stringer
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stiffening, structural damping and variations in cross-sectional shape have not been
considered. These features are difficult to include using the modelling procedures just
discussed and numerical modelling procedures (that is, finite element analysis) must
therefore be adopted to enable their influence on the structural response to be
determined. This has the advantage of replicating the true nature of the
structural/acoustic interactions which allows realistic predictions of the interior sound field
to be obtained.

In recent years, there has been a major thrust from an European consortium
(Advanced Study of Active Noise Control in Aircraft - ASANCA) (Borchers et al, 1992;
Van der Auweraer, 1993; Emborg and Ross, 1993) to implement active noise control
systems in several medium sized passenger aircraft. In these studies, testing and
theoretical work has been undertaken for 4 different partner aircraft (that is, Dornier 228,
Saab 340, ATR 42, & Fokker 100). They were selected to identify general noise control
information and demonstrate that active noise control was feasible in aircraft that have
large differences in acoustical character.

The ASANCA consortium (Borchers et al, 1992; Van der Auweraer, 1993; Emborg
and Ross, 1993) implemented active noise control using a fixed array of acoustic control
sources, located in the interior trim and ceiling of the aircraft. A fuselage test cell
(Hackstein et al, 1992) of a Dornier 228 was subsequently used to experimentally verify
the results obtained from the analytical results. Reductions of 15 and 16 dB were
achieved for the blade passage tone and first harmonic, respectively.

Additional flight tests (Emborg and Ross, 1993) were performed using a similar
system in a Saab 340 aircraft. A total of 48 error sensors and 24 loudspeakers were
installed. Reductions in this aircraft were 10 dB and 3 dB for the blade passage tone
and first harmonic, respectively. These results were not as good as predicted for the
Dornier 228 aircraft, but this is probably a result of differences in the fuselage structure
and the presence of cabin furniture and passengers. It is expected that a production
system will be available in this aircraft by late 1994.

Other analytical and experimental active noise control studies have involved the
McDonnell Douglas MD-80 (jet) aircraft (Paxton et al, 1993) and the Saab 2000 aircraft
(Green, 1992).

In the analytical studies just mentioned (Borchers et al, 1992; Van der Auweraer,
1993; Emborg and Ross, 1993; Paxton et al, 1993; Green, 1992), coupled finite element
analyses were used to model the fuselage structures. This enabled the discrete
modelling of important structural and acoustic characteristics that influenced the overall
fuselage response. In general, the structure was modelled as a small length of fuselage
adjacent to the propeller, where the sound transmission is at its highest. No
consideration was given to the effect of wing attachments and the potential for
structure-borne excitation via that path. The excitation input into the structure was
primarily represented as a propeller blade passage pressure distribution on the fuselage
surface. The interior acoustic finite element model used in these studies occupied the
internal space of the structural models. Both the structural and acoustic modes were
calculated separately and then combined, creating a single large coupled model. The
resulting interactions between the excitation field, structural vibrations and the interior
acoustic field enabled interior noise levels resulting from a specified external excitation
field to be calculated. The additional input of control sources thus enabled the
reductions in the interior sound field to be determined.

Light Aircraft Interior Noise

There has been considerable research done in an attempt to understand the
problem of interior noise in light aircraft (De Metz, 1988; Hayden et al, 1983; Jha and
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Catherines, 1978a; Jha and Catherines, 1978b). It has been reported (De Metz, 1988)
that the interior noise levels in general aviation aircraft often exceeded comfortable
conversational noise level (82 dBA) by 12-18 dB. In addition, cockpit noise levels in a
single engine light aircraft often exceed permissible noise exposure standards by 4-8 dB
for flights lasting three hours or more.

The major contributors to light aircraft interior cabin noise have been identified
(Hayden et al, 1983; Jha and Catherines, 1978a; Jha and Catherines, 1978b) and the
reproducability of these sources in a laboratory fuselage has been evaluated (Jha and
Catherines, 1978b). It was found that the interior noise levels in both single and twin
engine light aircraft were dominated by the blade passage frequency (100Hz and its
lower harmonics) and were usually 10-15 dB higher than any other contributing
components. It was determined that the bare fuselage structure can offer up to 10 dB
reduction (Jha and Catherines, 1978b) in sound transmission, although this reduction is
much smaller for the lower frequency region (50-100Hz).

A commonly used method to reduce cabin noise is that of lining the interior cabin
surfaces “with an absorptive acoustic trim. This treatment is known to be effective for
high frequencies, but its performance is greatly reduced at lower frequencies. The
weight of additional treatment required to attenuate low frequency sound is too great,
and would hinder the flight performance of the aircraft.

An alternative method to reduce cabin noise levels is to modify the design of the
aircraft to address the interior noise levels (De Metz, 1988; Hayden et al, 1983). This
involves modifying the aircraft structure significantly (increasing panel and glass
thickness, using an advanced multi-bladed propeller, etc.) to address the noise
generation mechanisms. In most cases, these changes are not feasible to implement in
the vast majority of light aircraft flying today.

With no other alternatives, occupants of light aircraft resort to using personal
devices such as noise reducing headsets or earplugs to protect themselves from the
unacceptably high cabin interior noise. However, the emergence of active noise control
as a practical noise control technique, especially for periodic, low-frequency sound,
shows promise as a much more attractive alternative. '

Active Control of Light Aircraft Interior Noise

While there are many light aircraft world-wide exposing people to uncomfortable
noise levels, active noise control has yet to be applied in any of these types of aircraft.
The major reason for lack of work in this area is attributed to the complexity of
analytically modelling the sound transmission into the fuselage. This step forms an
important part of active noise control design, providing a basis for the optimisation of the
control source and error sensor locations for maximum noise reduction.

Most of the early simple analytical fuselage models were easily described in terms
of existing structural and acoustic theories. However, for large fuselage structures, a
coupled finite element analysis has been used in the past to enable the modelling of
more complex features. This involved accurately modelling the combined
structural/acoustic properties of a section of fuselage and determining the interior noise
levels as a result of the primary excitation field (Green, 1992). Although this latter
approach is capable of modelling a light aircraft fuselage, the computing resources
required are too great. Therefore a need exists for the development of a cost effective
method of analysis, which will allow an economical evaluation and optimisation of the
multitude of possible physical arrangements of the control sources and error sensors.

Work currently being undertaken at the University of Adelaide is orientated
towards addressing these problems. An analytical procedure for the prediction of the
effect of active noise control in three dimensional enclosures of general shape has been
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proposed. It is based upon an existing procedure (Snyder and Hansen, 1991) used to
analyse a cylinder and cylinder with floor enclosure. The difference is that the structural
and acoustic mode shapes and resonance frequencies are calculated using finite
element analysis in which use is made of an existing displacement-pressure analogy to
enable a structural finite element package to be used for analysis of the acoustics space
(Lamancusa, 1988).

Once the modal properties have been determined using finite element analysis,
the structural and acoustic modal vectors are coupled together outside of the finite
element package using modal coupling theory (Pope, 1971). This involves determining
the energy transfer between the structural modes and the interior acoustic modes. For
the calculation of the structural modal properties, the structure is assumed to be lightly
damped and vibrating ’in vacuo’. For the calculation of the acoustic modal properties,
the enclosure boundaries are assumed rigid. The effect of active control on the interior
noise is calculated using quadratic optimisation theory (Nelson et al, 1985). This enables
the interior sound field to be minimised given a fixed number of vibration control sources
and error sensors. However, optimisation of the number and location of vibration control
sources and error sensors presents a more difficult problem. The sound reduction
achieved is not a linear function of control source location, and the optimal error sensor
locations are dependent upon the control source locations. This presents some difficulty
for conventional numerical search routines which possibly may have been used to
optimise layouts. However, advanced randomised searches such as those based on
genetic algorithms (Katsikas, 1993) will be assessed to overcome this problem.

Conclusion

A review of existing active noise control research shows that significant reductions
are possible in aircraft fuselages. Advanced analytical and numerical modelling
techniques have been used to predict the interior noise reduction in realistic, large
fuselage structures. However the economical application of these techniques to the
problem of optimising active control system design to minimise cabin noise in small, light
aircraft requires considerable changes to existing modelling procedures and is the
subject of on-going research.
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Commercial Application of Active Noise Control in Ducted Systems
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It appears that there is a potentially bright future for the use of active noise
control systems for the control of duct-borne noise,however the commercial
availability of such systems may be some time away in Australia. Is it that
Australia is seen as a relatively minor market or are there practical problems in
providing a reliable product?

1 INTRODUCTION

The concept of active noise and vibration control has been known for most of this
century. Over the last two decades, developments and improvements in adaptive
filters and the ongoing progress in very fast computers technology have allowed the
theoretical concepts to be realised, resulting in some commercial applications, at
least for the more simple systems, and continuing vigorous research and
development in many areas of active noise and vibration control.

This paper is not a technical review of active noise control methods. It is presented
mainly to raise awareness of active noise control methods from a user or consultant
perspective and to pose the questions

how ready are such systems for general commercial use?

and

how long before they are available in Australia?

2 CONTROL OF DUCTBORNE NOISE

Active noise control is more easily achieved for one dimensional, low frequency
applications and becomes increasingly more difficult to achieve for two and three
dimension systems and at higher frequencies. Given this, it seems reasonable to
assume that the application to the reduction of low frequency ductborne noise is that
most likely to be developed for commercial use.

The following generally describes the concept used in most systems applied to the
attenuation of duct-borne noise.
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Microphone sensors are used to provide an input signal to loudspeakers in order to
generate an equal and opposite sound signal in the duct to cancel the unwanted
noise as it passes the loudspeaker. The difficulty in the past has been in providing
the appropriate signal to the loudspeaker, allowing for phase variations to the signal
which are imposed by the microphone, amplifier, loudspeaker system and also for the
time delay as the noise travels within the duct system between the noise sensing
microphone and the loudspeaker. An additional problem was that some of the system
characteristics alter with time causing an unstable noise cancelling system.

Various advances made in the technology over the past decade and used in present
commercial systems include the Infinite Impulse Response (lIR) adaptive filter. This
system has the ability to adapt to the changes in the duct system and the elements
of the control system and basically is the reason for the step forward in commercial
usage in the past decade. The effectiveness has been partially limited by variation in
the characteristics of the sensing system itself comprising the error microphone,
amplifier and loudspeakers. Recent advances in the late 1880’s, have incorporated a
second system to monitor a random noise source, allowing changes in the error
system to be tracked more accurately (Eriksson 1991). This data is fed into the main
adaptive system, hence increasing the ability of the system to reduce the in-duct
noise. The figure below shows a block diagram of a typical active control system
applied to in-duct noise reduction.
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The application of the active noise concepts is very effective for narrow band noise
control and less so for random broad band noise control. The upper frequency limit
for simple systems increases with reducing duct size. The system elements and
control hardware are similar for all duct applications including exhaust noise control
for internal combustion engines, inlet and discharge paths for air compressors and
vacuum pumps. The commercial application to the control of noise propagation along
larger ducts in industrial plant and heating, ventilation and air conditioning (HVAC)
systems in building services is the main concern of this review.

Although the acoustical control of plant noise is generally considered by most
designers, certain aspects, mainly duct low frequency breakout noise, are still
overlooked in many systems. There have been recent reviews of room noise design
criteria leading to Room Criteria (RC) and Balanced Noise Criteria (NCB) room criteria
curves (Beranek 1988) where the "rumble" component associated with plant noise is
set at a lower level compared with the well known Noise Rating (NR) and Noise
Criteria (NC) curves. As the RC and NCB curves gain increasing acceptance, the low
frequency noise component of the mechanical plant will require greater attenuation.
This is especially applicable to large building systems and for specific low noise
spaces, but is also relevant to smaller systems on separate floors where often offices
are located close to plantrooms and suffer from duct breakout noise. As the major
area of application of active noise control is for low frequency noise reduction, in
particular for tones within a random noise background, then it appears that there
should be a bright commercial future for the application of active noise control
products in the control of ductborne noise.

3 DESIGN CONSIDERATIONS

At present, the frequency range of application is dependent on the duct size, but
generally is effective from around 30 Hz to 250 or 300 Hz. This is the range where
normal acoustic lining is least effective. Passive duct silencers can be designed to
reduce low frequency noise but they generally increase the duct resistance, are large
and over-attenuate in other frequency ranges.

At present, active systems generally require at least 1.5 m and preferably 2.5 m to 3
m distance between the input microphone and the loudspeaker system. Acoustic
duct lining is usually incorporated to achieve some attenuation by passive control in
the middle and upper frequencies. The duct system between the noise source and
the loudspeaker generally would require some noise break out assessment as the in-
duct noise level in this section is increased.

The desirable length of around 3 m is a restriction to their use for many smaller HVAC
installations. Improvements in the next generation of controllers are likely to relieve
this length constraint such that the overall length will be controlled by the physical
size of the speakers required rather than the speed of the controller.

The obvious benefit is that low frequency noise reduction can be achieved with
minimal restriction to airflow. This is most valuable in industrial plant with either solids
in the air stream where use of conventional silencers are impractical or where
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conventional silencers create significant back pressure, in which case use of an
active system results in potential savings in operating cost. Other benefits compared
with conventional low frequency HVAC silencers are the reduction of regenerated
noise from the splitters (or pod) and the elimination of the need for large cross
section ducts required to achieve suitable low passage velocities. The reported
attenuations achieved generally are around 20+ dB for tones and 12 - 15 dB with
more broad spectrum noise. The characteristic of an active noise control system is
that it tends to reduce tones and raised sections of a broad spectrum more effectively
than at the other frequencies, hence it results in a broad spectrum of relatively even
sound power level. This is desirable in achieving a non tonal system noise but does
cause difficulties in attempting to predict the attenuation which will be achieved.

For a ducted system, assuming that

- there is good correlation between signals at the sensor and error microphones
(no regenerated or other noise sources downstream of the source reference
microphone)

- there is sufficient space to locate the loudspeakers

- the problem noise is within the duct and not controlled by other flanking paths,

then it appears that the active duct silencer should give good results and we would

expect there would be much interest in the use of these systems in building services

and industry.

4 REVIEW OF COMMERCIAL USE

As a consultant interested in the application of active noise control in building

services, | took the opportunity to inquire about its status during a recent trip to

Internoise 93. My inquiries were not exhaustive but the majority of those to whom |

spoke should have had a reasonable knowledge of the status of commercial use in

their local area.

The investigation which was undertaken indicates:

- there appears to be only one commercial group advertising and installing their
active noise control product for ductborne noise control in HVAC systems. This
is Digisonix which is based in the United States (Wisconsin) and also has a
European office located in London.

- the great majority of installations are in industry and generally for
environmental control of low frequency tonal noise.

- the great majority of installations are retrofit

- there are only three systems where active noise systems have been included
at the design stage

- ABC studios in Washington



- new office complex in Tampa Florida incorporating over 80 separate
active silencers on the large HVAC systems; project due for completion
around November 1993

- new clean rooms in Germany to be installed around December

- A French group, Boet Systeme Actif, is marketing a system which is aimed at
engine, compressor and pump noise control, where the system is applied to
the small exhaust, discharge or inlet pipes, in lieu of high back pressure
reactive (and absorptive) mufflers. At present, they do not appear to be
interested in the HVAC market.

- some installations are carried out on a research basis generally by research
institutions and some consulting groups, however the majority of the research
appears to be concentrating on the more difficult problems of two and three
dimensional applications and higher modes, and the controllers required.

- discussions with consultants in Europe and Canada seemed to indicate
generally a lack of confidence in the technology, or the application of the
technology. It was not made clear what the problems were but in general, the
comments were that "it has always turned out that it did not seem to be
suitable" for their application or "that system does not work".

- although there is presently only one Digisonix system (about to be) installed in
Europe, many of their research controllers are in use in Europe.

- There are no immediate plans by Digisonix to support their active noise control
systems in Australia (or Asia).

Given the above, the question that must be asked is whether the systems are suitable
for general use as an engineering tool for HVAC noise control at the design stage.
Obviously, the minimum performance cannot be specified in the same way as one
specifies for absorptive attenuators.

At present, Digisonix provides its own personnel from Wisconsin to install and set up
the systems. This is understandable for a retrofit application where some assessment
of sensor and actuator locations must be made. However, provided that the proposed
location in the duct system is acceptable (away from bend or other sources of
turbulence), it seems reasonable that the active attenuator should be able to be
installed and activated by reasonably skilled personnel in the local area, and not have
to require specialists from the parent company. If there is such a requirement for
specialist installation, then it may explain the relatively slow penetration into HVAC
designs in the last few years.

According to published advertising literature, active noise control in ducted systems is
successful and there is no reason to doubt the data. What we do not know is how
many designs were not successful and whether these were the few difficult cases, or
whether the published successful cases are the minority where it just happened to
work well. If the success of the system is very sensitive to the location of the system
elements for relatively simple duct systems, then active noise control is not likely to
be readily accepted, hence will not be considered at the design phase.
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5 CONCLUDING COMMENT

Given the development over the last ten years and the number of reported successful
installations, it seems reasonable to expect that the use of active silencers, in
combination with conventional acoustic lining in the duct, should become a common
approach to the reduction of duct-borne noise in industrial and commercial fan
powered ducted systems. This is likely to be the case provided that it can be installed
following a few guidelines and that the system performance does not depend on
sensitive adjustments to the hardware.

From a viewpoint here in Australia, the impact of active noise control in the acoustical
engineering design field in United states, Canada and Europe, where it is
commercially available, does not appear to be as marked as | would have expected it
to be. Is this because of a general wariness of the concept and the product, lack of
awareness of the product and its potential benefits, or are there still unresolved
difficulties which are not immediately obvious from afar.

It is unlikely that there will be any move to make the product available in Australia
until the European market is penetrated more effectively, and, until there is local
support for a commercial product, it is not very practical to attempt to incorporate
active noise control in building services in Australia.
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ABSTRACT

It is essential that young deaf children receive the earliest possible educational assistance to enable
them to develop to the maximum extent. The majority of parents of deaf children choose oral
communication methods for their children. This means that children need to learn to use their residual
hearing to listen and to develop speech. Since a good acoustic environment is necessary for the
acquisition of listening skills, preschool programs for deaf children must provide a better acoustic
environment than regular schools.

The present paper is concerned with one aspect of the planning process leading to the construction
and operation of a new preschool facility for deaf, oral children on the North Rocks campus of the
Royal NSW Institute for Deaf and Blind Children. It commences with a brief outline of the
educational processes occurring in such a centre. Particular emphasis is placed on outdoor activities
which form a major part of each student's school day. The outdoor acoustic environment on the
campus is dominated by road traffic noise. Consequently the paper then proceeds to describe how
this was assessed and allowed for in planning the new preschool. Given the specific acoustic
requirements of the preschool, a somewhat novel approach to traffic noise assessment was required
which may have application to similar situations elsewhere.
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INTRODUCTION

Ninety percent of children with hearing impairment are born to hearing parents. Most of these
parents initially wish to develop their child's ability to use verbal communication rather than embrace
the world of sign language. Under this philosophy, the earliest education of children with hearing
impairment begins in the home and involves teachers informing parents how to provide the best
listening environment for the acquisition of language and assisting the family to learn techniques to
promote listening and oral language skills in the children. The aim is for parents to work to ensure
that listening becomes integrated into the child's personality so that he/she becomes a "listener" in all
circumstances. Work that is begun in the home is extended in the Preschool where teachers continue
to pursue the goal of a complete, complex understanding and use of oral English for the chid with the
hearing impairment.

The Early Childhood Department of the Royal New South Wales Institute for Deaf and Blind
Children begins working with babies when they are first diagnosed as hearing impaired. The home
program continues until babies are three years of age when they may enter the Rockie Woofit
Preschool. The Preschool, established in 1989, is staffed with regular early childhood educators and
specialist staff including a full time teacher of the deaf and an audiologist/speech pathologist, a apecial
music educator and a psychologist who provide regular services to the Preschool.

Until the end of 1991, the Preschool program was primarily conducted indoors and withdrawal of
children into an acoustically treated room for individual auditory/verbal work was an important part of
the program. Under this model the playground was used for recess from teaching activities. In 1992
it was decided to alter the program to adopt a model of education which both eliminated the
withdrawal of children except in special circumstances and broadened the curriculum to include a
much wider range of experiences for children. It was felt that expanding the program into the
outdoors would significantly increase the range of possible language experiences for children. Use
of the outdoor environment would also capitalise on the natural interests and energies of children.

The move from withdrawal to full inclusion was prompted by the understanding that the most
effective learning for little children occurs when the content to be learned is integrated into as many
daily activities as possible. The inclusion model would also enable more opportunity for peer
interactions to be used in the teaching process. The move to broaden the curriculum stemmed from
the understanding that children with hearing impairment need to have first-hand experience from
which to learn. They need to explore, to manipulate, to problem solve and to discover things for
themselves. They need to link their experiences to language in order to arrive at a full understanding
of concepts.

The existing preschool was unsatisfactory to accommodate the changes in program emphasis. Whilst
the playroom had excellent acoustics for the type of program that had previously operated, it was
unsatisfactory to cater for the new full inclusion model where up to 16 children and three teachers
could be working in small groups. Even more unsatisfactory was the playground which was located
beside Pennant Hills Road, one of the busier arterial roads in Sydney, where traffic noise made
listening conditions poor. It was therefore proposed that a new preschool facility be constructed on
the North Rocks campus of the Institute for Deaf and Blind Children. The facility was to comprise a
single story building opening onto a large outdoor area which would be landscaped to provide the
ideal environment for a substantially outdoor program.

Consideration of the locality of the facility within the campus was, therefore, very much focussed on
ensuring that an appropriate acoustic environment exists in the outdoor area. In particular, possible
adverse effects of a freeway, known as the Northwest Transport Link, which is proposed to be
constructed adjacent to the campus have been of some concern. Road traffic represents the major
source of background noise in the campus grounds at present. Consequently the paper commences
by quantifying this acoustic environment and then goes on to demonstrate how it might change once
the Northwest Transport Link becomes operational. An assessment of the ensuing acoustical amenity
of potential sites for the preschool was then undertaken using a somewhat novel approach. The
means by which a satisfactory outdoor learning environment were achieved are then discussed.



EXISTING ACOUSTICAL ENVIRONMENT

The existing acoustical environment in the campus grounds is dominated by road traffic noise and is,
according to Centre staff, reasonably uniform throughout each day and consistent from day to day
throughout the week. Typical existing traffic noise is shown in Fig. 1, reproduced from Wilkinson
Murray Griffiths (1991A). Shown here are the various noise indices usually adopted to quantify
traffic noise. Note that the well known relationship of Eqn (1) for traffic noise is also apparent in
Fig. 1, thereby supporting the subjective observation of the dominance of traffic as the major source

of environmental noise on the campus.

Lio(1h) = Leq(1h) + 3erciinnis (1)

Seven potential sites for the preschool facility had been proposed and these are indicated in Fig. 2.
Also shown in Fig. 2 are five locations where free field measurements of the acoustic environment
were made. Samples of both the Lig(1h) and Leq(1h) were monitored at each location on a mild and
calm afternoon and these data appear in Table I. Note firstly that these data conform to the Eqn (1)
relationship. Again this shows objectively that the measured levels originated from traffic noise.
Secondly, it is important to observe that the levels at Site M1 are very similar to those of Fig. 1 which
were measured in the vicinity of M1. Minor differences between these two sets of data are due to site

and traffic effects.

NOISE LEVELS at 383 North Rocks Road
4th=5th December, 1990
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Figure 1. Existing traffic noise. (Reproduced from Wilkinson Murray Griffiths (1991A).)
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Figure 2. Campus showing potential sites for preschool (P1 to P7) and noise measurement locations
M1 to M5). :

TABLE I - MEASURED NOISE LEVELS IN CAMPUS GROUNDS

MEASUREMENT NOISE LEVEL (dB(A))
LOCATION Lio (1h) Leq (1h)
Ml 71.5 68.4
M2 52.0 49.3
M3 49.0 47.0
M4 52.5 49.3
M5 49.0 46.0

ASSESSMENT CRITERION

An assessment was required in order to quantify the acoustical amenity of potential sites for the
preschool facility. Essentially such a criterion represents the relationship between the level of (traffic)
noise and the possibility of successfully undertaking the preschool outdoor activities. It was
subjectively obtained by an expert panel comprising three of the Institute staff - two teachers of the
deaf and an audiologist. During each of the five measurement samples already reported herein, the
panel familiarised themselves with the acoustic environment at each site and then the panel arrived at a

consensus if the suitability of that environment as far as the preschool outdoor activities are
concerned. '
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To assist in this somewhat difficult process, both qualitative and quantitative rating scales were
employed. Quality range was set from good to unacceptable and was mirrored in a 10 point
numerical rating scale. Results of this exercise appear in Fig. 3 where the measured noise levels of
Table I are graphed against the panel's ratings. The curve is merely an eyeballed line of best fit -
insufficient data precluded regression analysis or the like. It indicates well what was mentioned
previously that low noise levels are required for the preschool outdoor area. Overall it would appear
that the appropriate assessment criterion is an Lo (1h) of 50 dB(A).
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60
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Figure 3. Panel ratings of traffic noise environment for preschool outdoor activities.
FUTURE ACOUSTIC ENVIRONMENT

Traffic noise impacts associated with the Northwest Transport Link are dealt with in the
Environmental Impact Statement (Roads and Traffic Authority 1992) and in two of the accompanying
support documents (Wilkinson Murray Griffiths 1991A and 1991B). Although considerable
information is provided in these documents, insufficient is available for the present purposes.
Consequently a series of traffic noise predictions was undertaken to estimate the traffic noise levels
from the Northwest Transport Link at the potential sites for the preschool outdoor area.

Prediction of traffic noise is a complex procedure which requires knowledge of parameters such as
traffic conditions, topography and the presence of shielding. For the present predictions a method
widely used and accepted throughout Australia (UK Department of Transport 1988) was adopted. A
different method was employed by Wilkinson Murray Griffiths (1991A) so as a first step a check
prediction was done to ensure both methods were producing the same results in the vicinity of the
campus. Details of this procedure are provided in Samuels (1992). In summary it was found that
ood agreement (within 1dB(A)) was obtained between the present predictions and those of the
WMG (1991A). On this basis, future predictions were undertaken with UKDoT (1988) and
compared subsequently as appropriate with other data from WMG (1991A) and RTA (1992).

Predictions of the Transport Link Lo (1h) noise levels at each potential site for the preschool were
undertaken. These were conducted for a typical, average hour during the school day and for a
morning peak hour situation. However it was apparent (Samuels 1992) that there were negligible
differences between these two sets of predicted levels. This was consistent with the expectation that
the Transport Link will carry reasonably uniform traffic volumes throughout the day. Subsequently
in the present paper only the average hour levels will be considered.
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Once the Transport Link becomes operational, the acoustic environment in the campus grounds will
result from noise produced by the existing roads and by the Transport Link. Future noise levels from
the existing roads were estimated on the basis of the measurements reported in WMG (1991A) and
adjusted appropriately to the traffic volumes as projected after the Transport Link becomes operational
(Samuels 1992). These were then combined with the Transport Link predicted levels to estimate the
future, overall acoustic environment as presented in Table IL.

TABLE II ESTIMATED FUTURE ACOUSTIC ENVIRONMENT AFTER OPENING
OF TRANSPORT LINK FOR AN AVERAGE HOUR DURING DAY

PRESCHOOL Ljo(1h) (dB(A))
POTENTIAL
SITE
EXISTING TRANSPORT OVERALL
ROADS LINK ACOUSTIC
ENVIRONMENT
1 48.5 51.5 53.5
2 48.5 48.0 51.3
3 45.0 51.5 52.4
4 45.0 41.6 46.6
5 30.0 40.2 40.6
6 30.0 40.2 40.6
7 48.0 40.2 48.7

ACOUSTIC ENVIRONMENT FOR OUTDOOR LEARNING ACTIVITIES

An assessment criterion of 50 dB(A) was developed previously. Applying this to the future
acoustical environments of Table II indicated that Sites 1, 2 and 3 would be unsuitable for the
preschool. Sites 5 and 6 would be clearly good while Sites 4 and 7 would be reasonable, with Site 7
possibly being marginal. Sites 5 and 6 rated well primarily because of the good shielding provided
by buildings adjacent to these two sites. The other sites would all experience some form of direct
exposure to the traffic noise and this is reflected in the resultant noise levels. From other aesthetic
considerations, Sites 1, 2 and 3 offered what appeared to be good settings for the preschool. They
are somewhat distant from the other buildings on the campus and have a pleasant outlook over the
trees and bushland of the Darling Hills State Forest. However these sites would be clearly
unacceptable on acoustic grounds.

Some consideration was given to the possibility of improving the acoustic environment at Sites 1, 2
and 3 by treatments such as a barrier along the Northern boundary of the property (Samuels 1992).
Theoretically a 3m high barrier would improve the situation at all three sites. Sites 1 and 2 would
then become marginally suitable with Site 3 very satisfactory. However, this solution was expected
to be difficult and expensive to implement. On this basis, and given the predicted acoustical
environment at the 7 potential sites, it was concluded that the new preschool facility should be located
at Sites 5 or 6 or possibly at Sites 4 or 7. Each of these sites would provide an acoustical
environment satisfactory for the outdoor learning activities of the young deaf children in the
preschool.

THE PRESCHOOL

Construction of the Preschool began in May 1993 and was completed, along with landscaping of the
grounds, in the last week of September. Located at Site 7, it was designed to fit neatly into the space
available between two existing buildings. The main playroom is approximately three times as large as
that in the previous Preschool and its internal space is organised to provide a number of "quiet" areas
where small groups of children or individuals can attend to tasks uninterrupted by the noise of their
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peers. Acoustic treatments such as ceiling tiles and carpeting of floors in conjunction with the
architectural design features have ensured an excellent internal acoustic environment.

The outdoor area consists of a large undercover area and a variety of play spaces such as sandpits, a
stream, a bridge, a jungle and flower gardens which are very attractive to young children. All have
been designed to provide quiet places which attract children's interest and engage them in language
development activities. Because of the large number and variety of quiet spaces available, children
are always busily occupied in small groups or alone. Teachers are finding that they are readily able to
set up appropriate educational activities within the play spaces. The Preschool was occupied on 11th
October , 1993 and the 16 children attending have flourished in their ideal new environment. Itis
firmly anticipated that this situation will continue once the North West Transport Link has been
constructed and becomes operational.
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1. INTRODUCTION

The increase in jet aircraft operations over recent decades has led to increasing
concern about the effects of aircraft noise on the communities surrounding airports.
Amelioration of aircraft noise has been an important priority for the administration of
civil aviation in Australia. Actions in relation to the various recommendations of the
House of Representatives Select Committee on Aircraft Noise [HORSCAN, 1985]
are being taken by the Commonwealth Government. Major steps have been taken
by the various authorities to reduce the amount of aircraft noise exposure.

While it is important to reduce the noise at the source, there are a number of
amelioration measures which can be adopted to minimise the impact of the aircraft
noise for those communities in the vicinity of existing airports, or of proposed
airports. These measures range from property acquisition and relocation
assistance to provision of monetary compensation and soundproofing for buildings.
This paper reports the findings of a social survey conducted in the areas around
Sydney Airport and designed to investigate the attitudes of residents to various
aircraft noise amelioration measures.

2. AMELIORATION MEASURES

In this study, the term Aircraft Noise Amelioration Scheme is considered to
refer to a scheme which is applicable to communities in the vicinity of an
airport to reduce the impact of aircraft noise. Many such schemes have been
adopted in other countries and the essential elements are:

+ Planning - use of town planning restrictions and other control measures to
limit incompatible development in the areas around an airport. This can
involve not allowing certain types of developments or requiring special
construction to minimise the intrusion of aircraft noise.

¢ Acquisition and Relocation - the building occupier is given financial
and other assistance to move to a location in a less noisy area.



¢ Soundproofing of Buildings - the building owner is provided with a
grant for the specific purpose of improving the sound reduction of the
building envelope. Alternatively the work can be undertaken by an
authority, with the approval of the home owner.

+ Fiscal Compensation - the building owner is given a one-off payment as
a compensation for the reduction in property value, change in lifestyle or as
reimbursement of costs which could be incurred for additional
soundproofing of the building.

The questionnaire was designed to investigate the attitudes of residents, currently
exposed to aircraft noise, to the latter three amelioration measures.

3. SURVEY DESIGN

A complete picture of the attitudes of Australians to aircraft noise and its effects on
their lifestyles, and their views of noise amelioration alternatives, should, ideally
include interviews with residents in the vicinity of all Australian airports. As is the
case for most studies, however, budget limitations for this project limited the amount
of fieldwork that was feasible. It was decided to interview a larger number of
respondents in the vicinity of one airport with the hope that further surveys could be
undertaken around other airports should additional funding be available.

People living in a community where aircraft flight and noise patterns had been the
subject of continuing recent discussion seemed more likely to have views on noise
amelioration issues and a decision was made to focus the social survey on areas in
the proximity of Sydney's Kingsford Smith Airport. Plans for a parallel runway
(commonly referred to at that time as a third runway) had generated considerable
discussion about possible impacts of those changes on the surrounding
community.

Specifically, the survey concentrated on those living within two aircraft noise
exposure groups, on the basis of current Australian Noise Exposure Forecast
(ANEF) contour maps:

Low aircraft noise ANEF 20-25 |
High aircraft noise ANEF >30

People living in the ANEF 25-30 zone were not included in the survey primarily
because responses from the ANEF 20-25 and ANEF 30+ groups could be expected
to bracket those in the 25-30 zone, and also because of limited resources for
fieldwork. Those outside the ANEF 20 zone were also excluded as it was essential
that those interviewed had adequate experience of aircraft noise exposure.

Next, because the social survey was to focus on the residential environment and
amelioration measures for dwellings, an attempt was made to obtain representative
responses from two main housing situations within each of the ANEF zones:

Single family dwellings (lower density housing)

Multifamily dwellings (higher density housing)
The sample addresses were selected randomly for each of the four cells and just

over 100 face to face interviews were obtained giving a total of 431 completed
questionnaires. The survey was undertaken between March and June 1992.
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4. ATTITUDES TO AMELIORATION MEASURES
4.1 General

Of the responses to the 65 questions in the questionnaire, only the responses to
those directly related to amelioration measures are discussed in this paper. The full
report on the study is given in Burgess and Zehner (1993).

4.2 Attitudes to neighbourhood and noise

It is important to consider the attitudes of the residents to their local environment
and their sensitivity to noise in general and to aircraft noise in particular.
Irrespective of aircraft noise exposure, the majority of the residents were satisfied
with their environment, with convenience being given as the main reason for liking
their area. The main reasons for disliking the area were aircraft noise and traffic
noise. An extreme annoyance reaction to being unable to hear TV or having a
disrupted telephone conversation was reported by around two fifths of those in the
lower ANEF strata and three fifths of those in the higher ANEF strata. Over 70% of
the total sample indicated that aircraft noise had been a problem in their living
rooms and over half indicated that it had been a problem in the bedrooms and in
the kitchen.

Between a fifth and a quarter closed their windows because of aircraft noise and
almost as many closed their windows because of other noises. An overwhelming
majority of all respondents in both the low and high noise exposure zones make
use of their outdoor space at least occasionally. Only one person indicated aircraft
noise as the reason the outdoor space was not used, although from half to four fifths
of the respondents reported disturbance by aircraft noise the last time the outdoor
space was used.

4.3 Changes to Dwellings

Several approaches to reducing the effects of aircraft noise were posed to
respondents during the interview. These ranged from making various alterations to
the dwelling structures on to an option to leave the area entirely. While the
emphasis in the interview was on what residents would like to see happen in the
future, the respondents were also asked what, if anything, had already "been done
to this building specifically to reduce the effect of aircraft noise." The answer to that
was, generally, very little.

The interview pursued the issue of making such changes by asking those who
owned (or were buying) their dwelling that if someone else paid for the cost would
they be willing to have gaps around doors and windows sealed, double glass
windows or insulation in the roof/ceiling. Then respondents were asked if they
would be willing to have the work done under three funding options. Responses to
these items are shown in Figures 1 and 2. For these and subsequent figures the
strata are referred to as:

high/multi ANEF >30 and multifamily dwellings
high/single ANEF >30 and single family dwellings
low/multi ANEF 20-25 and multifamily dwellings
low/single ANEF 20-25 and single family dwellings
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FIGURE 2 Willingness to have alterations done to dwelling under different funding
options.

The responses indicate a broad willingness to have structural changes made to
dwellings, but a very decided lack of enthusiasm for having them done unless the
costs were assumed by someone else ("an authority"). It seems unlikely that many
would volunteer to pay for such alterations if there was a possibility that another
party would pay part or all of the cost.

The interview included an opportunity for those who were not interested in having
one or more of three alterations done to their dwellings to indicate why they
preferred not to have the work carried out. In each case (sealing gaps, double
windows, under roof insulation), the main reasons for not wanting to proceed were
an impression that the alterations wouldn't have much effect and that such changes
were not necessary at this time.

As windows need to be kept closed to achieve high noise reduction, another form of
ventilation must be used. Two alternative systems, window fans and air
conditioning, were presented to the residents. More than half the respondents in
each strata indicated they would want neither ventilation system even if the costs
were borne by "an authority”, as shown on Figure 3. The main reason, given by
about a third, for not wanting any form of alternative ventilation was a desire for
fresh air. Around a half of those willing to have air conditioning were willing to
contribute half of the installation costs.
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FIGURE 3 Willingness to have fan units or air conditioning

In the high/multi strata there was a clear preference for the work to be implemented
by an authority rather than by the home owner. In the other strata both options were
almost equally preferred. If work was only to be done to one room then there was a

" clear preference across all strata for the work to be done to the living/family room.

In the multifamily dwellings, a sizeable minority (over 30%) preferred to have
changes made to their bedroom.

4.4 Fiscal Compensation

Over half of all strata would be willing to accept a lump sum payment instead of
having the work done, although about a third of these would not be willing to have
the deeds stamped. The main reason for not accepting the payment was concern
about the implications of accepting the payment.

4.5 Purchase and Relocation

With the exception of the high/single strata, a majority of owner/buyers indicated
they would be willing to sell their homes to an authority. However, only around one
in six of all owner/buyers were willing to sell at a price set by an independent
valuer. Sizeable numbers in all strata indicated they would prefer not to sell in any
event, especially those in the high/single strata.

For most residents, aircraft noise had not led them to seriously consider moving.
While the cost of moving was an important deterrent for some respondents, a
number cited the positive aspects of the neighbourhood and that the noise was not
bad enough to consider moving. Cost reimbursement would be much more likely to
have an effect on those households who have already considered moving at some
point in the past.

Bz Window fans; Authority pay all



5. PREFERENCES AND PRIORITIES

The questionnaire also sought to identify the preferred amelioration measure from
the main options, i.e., changes to the building, lump sum payment, assistance with
moving expenses and sale to an authority. The reactions to these options did not
suggest overwhelming support for any one of the choices, see Figure 4. However,
it is apparent that the most popular alternative was to have changes and
modifications made to the home owner's house/building. Approximately two-fifths
of the respondents opted for that alternative, except in the low ANEF multifamily
households where that choice was preferred by about one-fourth of the residents.
A similar proportion in that strata said that they would prefer the lump-sum
alternative.

The prevalence of building modification preferences was especially notable in the
higher ANEF areas. A probe of those who said "none of these choices" indicated,
in aggregate, that roughly half of those people were not sure what choices might be
appropriate (and might well have been put into the "Unsure, don't know" category),
roughly one in six felt that no help was needed, and some ten per cent felt that
nothing could realistically be done to help.

When the first and second preferences were combined, the difference between the
"building modification" and "lump-sum" alternatives was virtually eliminated, except
in the case of those living in multifamily situations in the higher ANEF areas where
more than twice as many residents preferred the building modifications. Also
noteworthy is that, with the inclusion of second choices, the multifamily respondents
were much more likely tc want to sell their homes to an authority than were those
living in single family accommodation and that, in the low ANEF areas, that choice
ended up as the most popular option.

As funds to meet the needs of aircraft noise amelioration programs will be limited
there would be a need to establish guidelines to coordinate the expenditure of
available resources. With this in mind, the interview asked residents to indicate if
the extent of assistance should be related to level of aircraft noise, the ability to pay
themselves and which of homes, schools and hospitals should be given the highest
priority.

The responses indicate a preference across all groups to have the degree of
assistance related to the amount of aircraft noise experienced, tempered by a
sizeable minority (approximately 30 per cent) who would like to see assistance
distributed evenly, regardless of the level of noise exposure, see Figure 5.
Somewhat unexpected was the finding that those living in the higher ANEF areas
were no more likely to want assistance related to the noise level experienced than
those living in the ANEF 20-25 areas.

While from approximately one-fifth to one-fourth of the respondents in each area felt
that the degree of assistance should be related to the ability of residents to share
the cost of changes, there was a clear preference that the level of assistance not be
dependent on the financial situation of the resident, see Figure 6 . As shown in
Figure 7, residents were more likely to indicate that hospitals should be given the
highest priority in the use of program funds to reduce the effects of aircraft noise,
followed by homes, then by schools. Those who nominated homes as the highest
priority were more likely to place schools as their second preference; those who
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nominated schools first decisively ranked hospitals as next most deserving of
assistance; a reaction which was reciprocated by those who chose hospitals as
their highest priority. They tended to place schools as next in line for noise
amelioration work.
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6. CONCLUSION

The primary aim of any aircraft noise amelioration scheme should be to improve the
quality of life for those exposed to high levels of aircraft noise. Many schemes have
been implemented in other countries but there have been no reported systematic
studies on attitudes of residents to various types of schemes. There have been few
studies on assessments of satisfaction once the schemes have been implemented.

The survey of resident attitudes, carried out around Sydney Airport, provides
information on the degree of community acceptance of various types of schemes.
While caution should be used in applying the results of this survey to the areas
around other airports in Australia, three particularly relevant findings are that there
is a strong preference for schemes which allow the resident to remain in their home,
that the residents are reluctant to contribute to the costs associated with the scheme
and that they consider those exposed to the most noise should receive the most
assistance.

A significant finding from the social survey was a lack of knowledge of the likely
benefits of building modifications and a lack of acceptance by more than half the
sample of air conditioning which would be needed to provide alternative ventilation.
An education program would be an essential part of the community liaison
associated with the implementation of any scheme.

The survey response indicated the first choice for priority for amelioration measures
was hospitals followed by homes and then schools. The extent of work and nature
of applicable public buildings would need careful consideration to avoid overlap
with commercial buildings. Each public building would need individual assessment
of the work necessary. It may be more appropriate for this work to be undertaken in
parallel with the implementation of an amelioration scheme for residential
dwellings.
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CRITERIA FOR RAIL TRAFFIC NOISE

Robert B. Bullen and Sarah E. Banks

Mitchell McCotter and Associates Ltd Pty, 24 Falcon Street, Crows Nest, NSW 2065

INTRODUCTION

Noise from rail traffic can be a cause of serious disturbance for residents living near rail
lines, resulting in disturbance to sleep, conversation and other activities as well as general
annoyance. In Australia, NSW and Queensland have specific guidelines for assessment
of rail traffic noise, namely:

Q For planning purposes, Le 24hr) levels should not exceed 55 dB(A) and Lmax
levels should not exceed 80 B(A)

O Maximum acceptable levels are 60 dB(A) Leq(24h) and 85 dB(A) Lmax

Other States rely on the provisions of Australian Standard AS 2107, which sets
recommended maximum internal Lgq noise levels of 30 - 35 dB(A) for sleeping areas in
suburban houses. If external windows are open, this would imply external night-time noise
levels of 40 - 45 dB(A), which is considerably more stringent than the guidelines above.

In this paper, results from international studies of community response to rail traffic noise
are compared, and used to assess the implications of the above guidelines. The
guidelines are also compared with those used for other noise sources such as aircraft and
road traffic, and with rail traffic noise criteria used in other countries. The feasibility of
meeting various criteria is also discussed. Assessment criteria are then suggested which
are considered to provide acceptable protection for residents, to be in line with
international practice, and to provide an achievable goal for management authorities.

~ FINDINGS REGARDING ANNOYANCE DUE TO RAILWAY NOISE

A number of studies of community reaction to railway noise have been carried out in
various countries over the last two decades. In this paper, attention will be focussed on
results concerning general annoyance with rail traffic noise and sleep disturbance due to
the noise, although many studies have also considered other effects such as interference
with conversation or television listening.

It is agreed by most researchers that the most appropriate noise measurement unit for
assessing annoyance due to railway noise is '—eq€24hr)- ‘This represents the total noise
energy due to train passbys over a single day. Fields and Walker (1982), after a thorough
comparison, conclude that annoyance reactions to railway noise are more closely related
to Leq(24hr) than to various alternative noise indices.
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The percentage of people found to be highly annoyed by railway noise has been plotted
against Leq(24hr) for a variety of studies in Figure 1. It can be seen that generally the
results cluster together reasonably well. The Richards (1975) data stands out as being
significantly different: these data are an estimate for annoyance in the UK due to the new
Channel Tunnel rail link, and are clearly quite conservative.

A cubic regression curve fitted to all data except Richards' is also shown in Figure 1. The
correlation co-efficient for this regression was 0.74. The regression curve indicates that at
55 dB(A) Leq(24hr) - the "planning” criterion used in NSW and Queensland - around 8% of
people are likely to be highly annoyed by the noise. At 60 dB(A) Leq(24hr)s around 10%
of people are likely to be highly annoyed.

Percentage of People

Figure 1

Highly Annoyed

70 T
X ¢
60 +
50 .
40 +
A Ve
X y
30 4+ * + O
A e
20 + A A o >( ] ©
+m A~ X
A e L4
A X N
10 + + ‘/_F/ B + 0 ]
N St + "
0 = 4 ] : :
35 40 45 55 65 70 80
Leq 24 hours in dB(A)

B Andersen D'Aubree D'Aubree < D'Aubree
(88)-% (73)-% do (73)-% (73)-%
strongly not think saying very much
annoyed will get noise is annoyed

used to intolerable (Ref Fields
noise (Ref Ref 77
Richards Richards

'75) '75)

A de Jong Fields & Fields & o Fields &
(83)-% Walker ('82) Walker ('82) Walker ('82)
highly - % highly - % saying - % highly-
annoyed (6 annoyed (6 noise is annoyed (7
or7ona’ or7ona? worst ona’
point scale) pt scale) amount point scale)

©) imaginable

X Fields & Richards Sorensen _— Best Fit
Walker ('82) (78)-% (83)-% Regression
- % highly highly highly Curve
annoyed (4 annoyed annoyed
ona4 (estimate)
point scale)

SUMMARY OF DATA ON ANNOYANCE DUE TO RAIL TRAFFIC NOISE

187



Similar data can be used to estimate the proportion of people annoyed to any extent by
rail traffic noise. This indicates that at 55 dB(A) Leq(24hr) around 30% of people are likely
to be annoyed to some extent, and at 60 dB(A) Leq(24hr) around 40% of people are likely
to be annoyed.

Two surveys of response to noise from a new railway line were conducted by de Jong
(1983) at intervals of 4 and 16 months after the line opened. These results indicate that
reaction to a newly-opened rail line is likely to be stronger than for an existing line, for the
same noise level. This result has also been found for road traffic noise (Langdon and
Griffiths 1982). Fields and Walker (1982) also found a relationship between length of
residence in the area and annoyance, longer term residents being less annoyed by the
railway noise.

De Jong (1983) suggests that the lessening of very high annoyance in the community with
time is not due to individuals becoming habituated to the noise, but rather to noise-
sensitive residents moving from the area and being replaced with less sensitive people.
This is consistent with results found for road traffic noise by Langdon and Giriffiths (1982).

Results from a number of surveys indicate that noise from maintenance operations such
rail grinding, and from shunting and similar operations, cause annoyance to more people
than noise from through trains. It is suggested that this effect requires research in the
Australian context, since it indicates that the current concentration on criteria for limiting
noise from through trains may be misplaced. There may also be implications for possible
ameliorative measures, since one method of reducing through train noise would be more
regular rail grinding, which would increase the level of maintenance noise.

FINDINGS REGARDING SLEEP DISTURBANCE DUE TO RAILWAY NOISE

Disturbance to sleep as a result of environmental noise is a particularly emotive issue,
raising the possibility of effects on health and other effects of which a resident may not be
fully aware. For this reason, most researchers have preferred experimental
methodologies to study the degree of sleep disturbance caused by noise, rather than
social surveys. The sleep disturbance may be assessed by subjectively-reported sleep
quality, number of awakenings during the night (either self-reported or as assessed from
an electro-encephalograph) or number of changes in sleep state.

The present review of results from this research will include studies of single noise events
other than train passbys, such as individual motor vehicle or aircraft passbys. The effects
of these various noises on sleep are assumed to be similar, for the same noise level, so
that results from a number of studies can be compared. The total number of awakenings
due to noise will be taken as the primary indicator of the degree of annoyance caused by
the noise.

A number of experimental studies (for example Vallet, 1983; Ohrstrom, 1988) have
concluded that the Legq noise level does not provide a good measure of the sleep
disturbance produced by noise, and that a better measure would be one which takes
account of the level and number of individual noise events, or noise "peaks". For this
review, the maximum internal noise level during a noise event will be used as the measure
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of noise exposure. The "response" variable will be taken as the number of awakenings
per 100 night-time noise events.

The number of awakenings may be registered on an electro-encephalograph (EEG) or
reported by subjects the following morning. The number of awakenings for reasons
unrelated to noise, as determined from results on nights when subjects experienced very
little noise, is subtracted from the total number of awakenings to give the number which
are due to noise alone.

For all surveyed studies where the data permitted an approximate calculation of the
number of noise-related awakenings per 100 events and the average maximum noise
level during those events, the resulting data are shown in Figure 2. Note that the data
presented by Griefahn (1990) are in the form of a predictive equation rather than individual
points, and this is shown as a line in Figure 2.
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Figure 2 SUMMARY OF DATA ON SLEEP DISTURBANCE

It can be seen that the data in Figure 2 show a definite clustering, which would allow a
reasonable estimate of the effect of a given noise condition.

The maximum noise levels in the Figure are internal noise levels within a bedroom. With
external windows open, the internal noise level will be approximately 10 dB below the
external level. If the noise level from train passbys was 80 dB(A), (the "planning” guideline
in NSW and Queensland), and if residents had bedroom windows open, then from Figure
2, between five and ten events per 100 would result in an awakening. Hence, for
example, if there were 25 passbys in an eight-hour period between 10 pm and 7 am,
residents would be expected to experience an additional one to three awakenings per
night due to rail traffic noise, compared with an average of one to two awakenings for
other reasons.
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REQUIREMENTS FOR AMELIORATIVE MEASURES

To illustrate the application of various criteria in terms of permissible distances between
residences and railway, the following parameters will be assumed for a section of track:

a 200 train movements per day;

Q average speed 60 kph;

a noise levels as for standard rollmg stock used by CityRail, Sydney - half the
movements Tangara trains, half non-Tangara.

Table 1 below shows minimum distances from the track required to meet the "planning”
and "maximum" criteria for NSW and Queensiand under various conditions.

Table 1 | MINIMUM DISTANCES FROM TRACK TO MEET CRITERIA

CONDITIONS Distance in Distance in Distance in Distance in
metres to meet | metres to meet | metres to meet | metres to meet
80 dB(A) Lmax 55 dB(A) 85 dB(A) Lmax 60 dB(A)

Lea(24hn) Lea(24hr)
" Standard track 16 42 7 16
Points 30 88 14 34
Steel girder 78 280 35 110

bridge, no
vibration isolation

From Table 1 it is clear that the distances required to meet the Lgq criteria are
considerably higher than those to meet the Linax criteria. Only for lines where there were
less than approximately 60 movements per day would the Ly criteria be more stringent
than the Lggq criteria.

To met the "planning" criterion of 55 dB(A) Lg (24hr), ameliorative measures would be
required wherever residences were situated within 42 m of standard track, or within 88 m
of the track if points are present.

COMPARISON WITH OTHER CRITERIA
Flgure 3 below compares existing Australlan criteria wnth those used in other countries.

Daytime or 24-hour noise criteria range from 55 to 70 dB(A) Le . The only criterion which
is as low as that set by NSW and Queensland is by the UK. Midlands Joint Action’
Committee for Clean Air and Noise Control. This is stated as being the level below which
there would be no significant disturbance. Many countries, however, place a more
stringent limit on the night-time Leq level due to rail traffic noise than the daytime Leq limit.

These range from 40 to 63 dB(A) Leg:
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Figure 3 OVERSEAS RAIL TRAFFIC NOISE CRITERIA

In Japan, a criterion for rail traffic noise is set in terms of the maximum passby level,
namely that the average of maximum noise levels should not exceed 70 dB(A). This is the
only identified country having a criterion for rail traffic noise which is more stringent than
that of NSW and Queensland. In the United States, rail traffic noise criteria are concerned
with the noise emitted by the train itself, and not with the noise level at residences.

For other transportation-related noise sources, the point at which 10% of residents are
highly annoyed has commonly been used as an indication of the maximum tolerable noise
level for new developments. For example, for aircraft noise, Australian Standard AS 2021
recommends that within the 20 ANEF zone new residences should. incorporate noise
reduction measures in their design, and that areas with ANEF higher than 25 are
"unacceptable" for new residential development. At 20 ANEF, approximately 10% of
residents are seriously affected by aircraft noise and 48% are moderately affected. From
the discussion above, this point is approximately equivalent to 60 dB(A) Leq(24hr) for rail
traffic noise.

The NSW Roads and Traffic Authority sets noise level objectives for new road projects
which in most cases represent noise levels of 60 dB(A) Leq(24hr) and 55 dB(A)
Leq(10pm-6am)- For road traffic noise, this corresponds to the point at which
approximately 18% of residents would be highly annoyed. Other Australian road traffic
authorities use similar criteria.
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DISCUSSION AND CONCLUSIONS

On the basis of the above discussion, the current NSW and Queensland "maximum®”
criterion of 60 dB(A) Leq(24hr) corresponds more closely with criteria used for planning
purposes in assessment of other types of noise. This would also be more consistent with
rail traffic noise criteria used for planning purposes in other countries, and represents the
point at which approximately 10% of long-term residents would be highly annoyed by the
noise.

Adoption of this criterion would mean that for a typical suburban track, ameliorative
measures would be required if residences were located within approximately 16 m of the
track (assuming there are no points or other special noise sources). This is clearly a more
achievable goal than a planning criterion of 55 dB(A) Leq(24hr), Which for the same
conditions would require ameliorative measures wherever residences are within 42 m of
the track.

The potential for sleep disturbance due to rail traffic noise is best assessed using the
maximum noise level from train passbys and the number of passbys per eight-hour
sleeping period. Assuming approximately 25 passbys per sleep period, with a maximum
level of 80 dB(A), residents sleeping with windows open facing the line could expect to
experience one to three awakenings per night due to the rail noise.

Rather than limiting the maximum noise level of events, an alternative method of
protecting against sleep disturbance is to limit the night-time Lgq noise level. This is the
method which is generally adopted overseas, and has the advantage that the rail operator
can "trade off' a higher maximum noise level against lower numbers of night-time
operations.

With a criterion of 50 dB(A) Leg(10pm-7am), @nd 25 suburban train passbys during this
period, the maximum noise level of events would be limited to approximately 79 dB(A).
Ameliorative measures would be required where residences were located within
approximately 19 m of the track. If the number of movements were increased to 50 per
night, the maximum level would be limited to 76 dB(A) and ameliorative measures would
be required for residences within approximately 30 m of the track. In either case, if
bedroom windows in the worst-affected residences were open and facing the track,
residents would experience approximately one to three awakenings per night due to the
rail noise, compared with an average of one to two awakenings for other reasons.

In summary, the existing NSW and Queensland planning criterion of 55 dB(A) Leq(24hr)
would appear to be inconsistent with criteria used in other countries and for other sources,
and also difficult to achieve in practice. For protection against sleep disturbance, a
criterion in terms of the night-time Leq noise level may be preferable to a maximum-level
criterion which does not limit the number of events.

A suggested formulation for a general rail traffic noise criterion is that the Léq(24hr) noise
level should not exceed 60 dB(A) at residential premises, and the Legq(10pm-7am) level
should not exceed 50 dB(A). This would be consistent with a number of criteria used
internationally, and is seen as a realistic and achievable rail traffic noise criterion for
planning purposes.
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NOISE MANAGEMENT IN THE WORKPLACE
W Williams

National Acoustic Laboratories

Introduction

It is still common for people to talk about Hearing Conservation Programs and noise
induced hearing loss (NIHL) in industry and occupational health areas rather than the
concepts of noise management and noise injury. The concept of hearing conservation
programs compared to noise management programs is one of risk control as
compared to hazard minimisation or removal.

Noise Injury

To date the concept of noise injury has been avoided by industry and the phenomenon
is discretely referred to as noise induced hearing loss as opposed to the more simple
and more committing term, noise injury. The term noise injury has resulted from legal
definitions with respect to workers’ compensation. It is common practice to date to
regard an individuals who have suffered hearing loss as the result of exposure to
excessive noise levels with some suspicion. An individual who has undergone a 'noise
induced hearing loss’ has not undergone the same 'rights of passage" as someone
with an obvious external physical injury. :

A physical injury typically involves the spilling of blood, calling an ambulance and a
treatment period all followed by convalescence and rehabilitation. This process then
'legitimises’ the passage into the compensation system and all of the benefits that
follow. Noise injury is usually gradual in nature and offers no easy path into the
rehabilitation area. It is an unseen problem and therefore doesn’t need a solution. who

goes home from work and says "l almost got industrially deafened today"?

Until the cultural view of a noise injury is accepted it will continue to be very difficult
to get a total solution to the noise problem. Because it is an unseen problem with
gradual onset and the concept of damage is very much related to statistics and the
probability of damage, there is a tendency on the part of all individuals to adopt a 'this
won't happen to me or any one | know' attitude.



Existing "Hearing Conservation" Programs

Sad to say a typical "hearing conservation" program will consist of a noise survey of
the work area to establish 'noise hazard areas’; the issue of personal hearing
protection to exposed workers, perhaps with some education in their use; and periodic
audiometric monitoring of workers to see if the hearing conservation program is
effective. Sometimes there is an attempt at implementing some form of engineering
noise control but often this is seen by management as too expensive or simply not
possible.

There are several problems with this approach to the reduction of noise injury in the
workplace and indeed in society in general. By the issue of personal hearing protection
the worker is still exposed to the noise only from now on, the employer hopes, it will
be in a controlled way and thus reduce the worker's daily noise dose resulting from
the exposure. Unfortunately recent indications from the United States, where this
approach was common, has shown that this method of hearing conservation is not

working (Waugh, 1993).

The failure of this approach through the reliance of personal hearing protection come
under two main categories:-

1) Insufficient attenuation is provided to the wearer through;

a) failure to supply an individual with protection that fits correctly and is
comfortable to wear;
b) failure to correctly use or fit the protection correctly each time it is
worn; and
c) the lack of an adequate maintenance program.

and

2) Failure on the part of the individual to wear the protection for the entire
duration of the exposure. This can arise from many reasons such as lack of
individual awareness, discomfort of the supplied protectors, communication is
made difficult due to over protection or a simple choice not to wear protectors
for some personal or social reason.

Unfortunately the carelessness of the employee is always the responsibility of the
employer. A case reported recently in the magazine Factory Equipment News (1993)
that:-

“The High Court has continually reinforced the view that employers
need to realise that some of their workers are hasty, careless,
inadvertent, unreasonable and even disobedient" and that "employers
have a responsibility to guard against both likely and unlikely accidents".

So what ever happens the employer’s workers compensation insurance will be called
on to pay the bill.
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To keep employees constantly aware of the potential for noise injury it is necessary
to initially supply comfortable, appropriate personal hearing protection and an on going
education program coupled with a regular maintenance program. Initial enthusiasm
must not be allowed to wain.

The use of audiometric monitoring of exposed personnel to see if a hearing
conservation program-is working is, unfortunately, a case of "closing the stable door
after the horse has bolted". The practice with audiometric monitoring is that unless
there is a drop of at least 15 dB in response to any frequency compared to a base line
audiogram, there is not consndered to be any change in the subjects hearing (AS
1269-1989).

Couple this with the natural variability to which all audiometric tests are subject and
diagnosis becomes very difficult indeed. In practice the ascertaining of a definite
hearing loss from an-audiogram tends to be much more complex than just outlined.
However, the point to be made is that when a hearing loss is discovered, which may
only be after a considerable time period, the damage is irreversible.

Monitoring audiometry should be regarded as a part of the program that is undertaken
as an absolute last step or when other requirements (eg legal) dictate that it is
required. It should never be regarded as a test to see if the noise reduction program
is working. If there are limited available funds in an” organisation for a noise
management program then the money is better spent on noise monitoring or
engineering noise controls. "Workplace health surveillance should never take the place
of safe work practices" (Caswell 1993).

The one plus of monitoring audtometry is that it can identify individuals with a hearing
loss and permit them to undergo evaluation and commence appropriate rehabmtatxon
as soon as possible (Hogan, 1993).

Too often management are convinced that there cannot possibly be a solution to the
noise problems in their work areas. Any of a number of excuses exist to support their
assertion it's too expensive; too hard; an inherently noisy process; if there’s no noise
there’s no work; and on and on. It follows that the site Occupational Health and Safety
Officer or representative becomes the proverbial "meat in the sandwich" as they are
caught in the dilemma of knowing from the work place and from complaints that there
is a site noise problem, and from management that there is reluctant to implement any
positive action as management feels that little can be done or is worthwhile doing.

However, the main objection to a hearing protection program is that it personalises the
noise problem and turns the view of the program into one of risk control rather than
one of hazard prevention.

Noise Management

Noise management encompasses the total concept of not only removing the noise
problem but initiating the necessary changes in management philosophy that are
required to implement a total noise management program. Inherent in the total
program must be the necessary mechanism to include rehabilitation of those who have



suffered noise injury. It must be realised that when an institution accepts that there is
a noise injury potential in a workplace the probability exists that some individuals may
have already suffered some form of noise injury.

It starts with the planning stages before new plant is purchased or factories and work
areas are designed and never truly concludes as it should always include an on going
program monitoring component. With existing facilities and plant there must be the
concept of a positive planning approach such that even if a solution cannot be
implemented tomorrow the commencement of a long term plan can start today.

A noise management program must cover a wide range of areas including:-

- The formation of a "Noise Committee" either as a separate body or as part of
the work place Occupational Health and Safety Committee.

- The initialisation of changing management philosophy toward noise and noise
injury.

- Site planning. Locating noisy areas or plant physccally far away from areas
that require qunte conditions.

- Buy quiet. Purchase machinery and plant that has noise emissions that are
as low as practical. Plant always gets more noisy as it ages and it is much less
expensive to purchase plant with noise control attached rather than to try and
fit controls retrospectively.

- Work practices. When looking at new plant or processes go to the basic
process and see if it can be replaced with a different process or at least one
that is less noisy. ,

- Survey. In an existing area carry out a noise survey and list the priority for
remedial or engineering control work to be carried out. This sort of survey can
be in the form of a simple walk through audit or could go as far as a
comprehensive noise survey by an professional consultant.

- Protection. The supplying of personal hearing protection to individuals in
exposed areas. This step is best regarded as an interim measure until the
individual can be removed from the risk of exposure to noise.

- Administrative controls. Administrative controls or rotating individuals from
noisy environments to quieter ones can be used but should be used very
carefully and only after partial daily noise doses have been calculated and
checked.

- Noise monitoring and program evaluation. The regular monitoring of noise will
permit a useful evaluation of the noise management program for the site and
allow remedial action to be proactive in terms of hearing injury rather than
retroactive.
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- Monitoring audiometry. As mentioned above, if there is a legal requirement,
excess money or some other pressure for this service then certainly use
monitoring audiometry. However, it should not be used in place of noise
monitoring to evaluate a noise management program.

- Legal requirements. Through out this process all of the relevant legal
requirements must be met.

To rank these areas in priority is very dependent on the existing or future workplace.
Some areas, such as site planning, may have low consideration in the context of 'what
to do next’ for an existing workplace, however, for the long term it should always be
kept in mind. Factories and workplaces change or evolve over time and what seems
an unlikely requirement today may be the imperative tomorrow.

As a consequence of multiplicity of requirements of a noise management program and
the necessity that the program must be on going, the whole process can be viewed
in terms of a change 'cycle’. This can be exemplified by the organisation setting goals
that are to be reached in the noise management program, such as overall noise levels
in work areas, and slowly working toward those goals as opportunities arise. Such

" opportunities as buying quieter machinery, changing to less noisy processes and

redesigning work areas all have the ultimate goal of reducing workplace noise levels.
Thus the cycle can be entered at any point and as long as momentum is maintained
long term goals will be reached.

It is important that the 'Noise Committee’ be aware of all possibilities and be open to
discussion as to what may be the best course of action. As with any business
enterprise planning must include long term goals and short term objectives.

Implementation

It is no easy task for an organisation to admit that there are noise problems within it's
areas of responsibility. Admitting that there is a noise problem can be equated to
accepting that there will already be some individuals in the organisation with a noise
injury resulting from excessive exposure. The company will be concerned about a
'round’ of compensation claims and individuals may be reluctant to admit to the fact
that they have a hearing loss. This is a process that must be worked through on an
individual and a company level sometimes with professional assistance.

When setting up a noise committee or task force it is important to ensure that all
groups that want or should have an input are involved. Too often it is observed that
management will install a sound proof enclosure around a machine on a production
line only to find that operators leave access doors open thus negating the purpose of
the enclosure. Why are the doors left open? Usually the operators have not had an
input to the design of the enclosure, however, they are paid on an incentive basis and
are expected to maintain high output levels. As the operators were not consulted when
the design of the enclosure was being considered, no thought went into the constant
necessity for opening and closing the doors. Consequently the operators’ solution is
to leave the panels off, or open, in order to maintain the required production output.



All parties need to be involved. For a solution to work effectively all parties need to
have commitment to and personal 'ownership’ of that solution.

Engineering and noise management

Why should those involved with acoustics or acoustic consulting be interested in noise
management?

Quite often it will be the acoustic consultant who will have the opportunity to raise the
issue in such a manner that management will be predisposed to hear. The consultant
will be seen as an independent expert with no vested interest. It is an excellent
opportunity to get a company started on a noise management solution to their noise
problems rather than an ad hoc implementation of engineering solutions, hearing
protection and monitoring audiometry drawn together under the guise of a Hearing
Conservation Program. ‘ »

More importantly it is the opportunity to bring hope to an otherwise hopeless situation.
Where the organisation who previously declared that "this is a noisy business and will
always be that way" can be given the tools to see the way out of one of the largest
and most rapidly growing health problems (Workcover Authority, 1993).
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INTRODUCTION

This paper is about the role of noise experts in meeting the
prevention challenge occasioned by the presence of noise
induced hearing loss amongst Australian farmers. Although,
of necessity, the paper contains a description of the nature
of farmers and farming as work, its main concern is with the
prevention of industrial deafness and the manner in which
public policy strategy might call up the expertise of noise
professionals for this purpose. It is thus a paper about how
expert knowledge may be communicated to those who might best
benefit by it, and about strategy to help ensure that such
knowledge might become enshrined in habit, safe job
procedure, and equipment design.

Noise induced hearing loss is preventable but not curable
and recognition of this simple fact is essential if progress
is to be made in eradicating what, technically, is a well
understood affliction. Data presented here reveal the
severity of industrial deafness discovered amongst a sample
of Australian farmers and initiate an enquiry into best
content and management practice for public policy
preventative action. There are three parts to the paper: 1
presentation of industrial deafness data, 2 discussion of
the farming work environment as a special case requiring
tailor made strategy of its own, and 3 on the basis of 1 and
2 above, derivation of a general guide to best practice in
the design of public policy preventative strategy.

INDUSTRIAL DEAFNESS AMONGST AUSTRALIAN FARMERS

Anthony Hogan(l) draws attention to the question of
indu?tfial deafness amongst Australian farmers. Plakke and
Dare (2 provide evidence of its presence amongst North
American farmers. In a forthcoming paper the authors prove
the existence of quite severe industrial deafness amongst
farmers in Australia. In the paper hearing threshold
profiles are constructed for farmers and non farmers across
three age categories: 25-34: 35-49; and 50+. By defining the
presence of industrial deafness as a 19 dBA average
threshold over frequencies of 1,000, 2,000 and 3,000 Hz, it
is possible to discern the likelihood of industrial deafness
amongst the 35-49 and 50+ age categories. Inspection of the
frequency profiles of each of the people in the
age/occupation groups specified allows two facts to be

1 Hogan, Anthony Workers with Noise Induced Hearing Loss,
Journal of Occupational Health and Safety- Aust NZ, 1992, 8
(2): pp 129-134.

2 Plakke, Bruce L and Dare, Elizabeth, Occupational Hearing
Loss in Farmers, Public Health Reports, Vol 107, March-
April, 1992, pp 188-192.



stated: (1) for the 35-49 group 20% of non farmers and 60 %
of farmers suffer industrial deafness in at least one ear
and, (2) for the 50+ group 12 % of non farmers and 87 % of
farmers suffer industrial deafness in at least one ear.
Differences between farmers and non farmers in these two
groups are significant at P = 0.05 for the single tailed t

test.

This data and the test confirmations reveal that farmers as
a group are more prone to industrial deafness than non
farmers. While farmers and non farmers in a sample will be
shown to exhibit very similar profiles in their second
decades and be free from industrial deafness, differences
emerge in the third decade and widen thereafter. The data on
which these statements are based were cleaned in the sense
that subjects whose hearing acuity was 1likely to be the
result of factors other than age, non-occupational social
exposure and occupational exposure were excluded. Exclusions
were made on the basis of a detailed dquestionnaire and
interview. Testing procedures and testing equipment met
Australian Standards 1269 - 1989 Acoustics, Hearing
Conservation and 1259-1990 Acoustical Sound Level Meters
respectively and testing was carried out by a trained nurse.

Because of the data cleaning technique, the samples can not
be said to be truly random. However we believe they are
representative of the groups we wished to compare namely,
single job farmers whose hearing profile is, after allowing
for presbyacusis and socioacusis, primarily a function of
their occupational exposure: and non farmers, unexposed to
excessive noise and whose hearing profile, apart from
presbyacusis and socioacusis, is primarily a function of
their occupational exposure. The groups are different and
illustrate the need for special preventative programs aimed
at farmers.

Some interesting sub groups emerged as a result of data
cleaning and amongst them were farmers using firearms and
farmers holding more than one job. Firearms use and double
jobbing will be shown to occur in the presence of
substantial noise induced hearing loss.

The forthcoming paper will clearly demonstrate the presence
of a preventable disease. The data will also call into
question the effectiveness of ©present public policy
preventative programmes. Are these programmes generally
flawed? Do rural workers constitute a difficult and hard to
- reach audience requiring special attention? Or 1is it a
combination of both these things? These questions will be
discussed in the next section.
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PUBLIC POLICY: PREVENTATIVE STRATEGY FOR FARMING AS A
SPECIAL CASE.

(a) Rural '‘work as a special kind of work.

There are indeed a number of factors which set rural workers
apart from other occupational groups.

First the family unit is often the work unit. In the USA it
is estimated that up to 25% of the agricultural workforce is
under 16 years of age. Young children are invincible and are
notorious for not wearing protective equipment such as hats
and shoes. Perhaps damage in some begins early if protective
hearing devices are not used or equipment 1is not correctly
maintained.

Second farming work is said to be lonely work which fosters
a stoic independence and resourcefulness which is sometimes
hostile to outside advice and opinion.

Third, farmers are said to suffer from work overload in
intensive seasonal bottle-neck periods. They are Jjacks of
all trades and in this are often seen to be careless of the
precautions that should be taken with the tools they are
using. There is often not enough time in the day to acquire
the knowledge.

Fourth the physical environment in which farmers work is
naturally harsh and noise and vibration are present in this
environment in unique ways: squealing hogs, bellowing
animals, barking dogs, increasingly loud radio cabin noise,
explosions, and machinery and equipment of all kinds.
Concerning this latter category: there may well be a
psychological element present in that, just as the
shopkeeper associates the ring of the cash register with
good work and profitability, so to may some farmers use
noise as a reinforcing measure of hard work and honest
endeavour. Hence the exhortation to "make the tractor work"
by continually pouring on the power with monitoring by
listening. This was certainly an impression gained by the
authors when researching. For example one farmer would not
have it that removing the baffles from a chain saw exhaust
would (he did not wear muffs) hasten the onset of deafness.
Rather his claim was that this act gave the machine more
power and allowed him to work more quickly.

Fifth the organisational and structural dimensions of the
farm are different. The hours of work are the hours demanded
by the market, climatic conditions, and the vagaries of crop
cycle. The job tasks to be carried out are the job tasks
demanded by a dynamic and ever changing environment. First
aid and medical attention is not always on tap and workplace
amenities, not always being portable, are often absent. The



elements of this organisational vector often reinforce the
stoic independence and *"stubborn" culture of the "die hard"
farmer. The exception often disproves the rule as in the
case of the chain saw user mentioned above, whose hearing
was unaffected by his habit. Unfortunately those follow1ng
his example may not always be so lucky.

The brief outline above summarises farmers qua target
audience as being independent, somewhat distrustful of
authority and officialdom, somewhat careless of self,
isolated in terms of work location, organisational structure
and availability of face to face and print expertise, and
subject to periods of work overload in a naturally harsh and
noisy environment. If this description is valid then some
credence may be given to the view that, when it comes to
health promotion and communication, and therefore to the
effectiveness of ©public policy preventative strategy,
farmers are not as easy to reach as other work groups. How
then might policy strategy be adjusted to accommodate the
difference? An answer will now be offered to this question.
It will emerge from an enquiry into current public health
policy practice and the problem of how to communicate with
the hard to reach audience.

(b) public health strategy and communicating with the
difficult or hard to reach audience.

‘Friemuth and Mettger(3) have recently investigated the
problem of communicating public policy strategy to the hard
to reach audience. Inter alia, these authors comment on the
problems caused by using pejorative labels 1like hard to
reach and suggest that such labels are, 1in some sense, an
excuse for policy failure. The policy failed because the
audience was hard to reach. Policy design is/was not at
fault. The audience is/was. Of course neither policy nor
audience may be to blame: the failure may be in the nature
of a communication block occasioned by the mismatch of
policy instrument and audience characteristics.

But there can be no denying that there are particular
audiences which are troublesome for policy strategy and
health communication. In our view although farmers may be
said to be different and challenging for public policy they
are not among those audiences perceived to be very difficult
to reach, eg those of low socio economic status, ethnic
minorities etc. Policy strategy appropriately structured,
correctly delivered and compatible with its audience
characteristics, should, in the case of farmers, be capable
of producing positive results in eliminating industrial
deafness. What then are the vectors of a successful policy?

3 Freimuth, Vicki S and Mettger, Wendy; Is there a Hard to
Reach Audience?, Public Health Reports, Vol 105 No 3, May-
June 1990, pp 232-238. ‘
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There are three sides to this question: policy design per
se, the audience (and the extent of its hard to reachness)
and the matchin of policy i?strument wit audience.
Cchilders ‘and Post(4 ’ Mec:hamic,(5 , and Feldman 6 , amongst
others, have researched characteristics of audiences at the
hard to reach end of the spectrum. Four characteristics,
present 1in varying degrees, are said to identify such
audiences: 1, fatalism, 2 possession of poor information
processing skills, 3, 1limited access to communication
channels, and 4, a distrust of officialdom and dominant
institutions. In connection with point 3, there is said to
be an emphasis placed on ends information (television
information emphasising what one wants to achieve, as
opposed to print information telling one how to achieve it.

With the exception of point 2, these audience
characteristics sit comfortably with the description of
farmers given earlier and because of this are appropriate
inclusions in a check-list of elements which might serve as
a guide to policy design and delivegy. But what of the
policy instrument side? The literature(7) provides insights.
Public policy strategy is typified as one of two kinds of
approach. Interventions may be at the 1level of the
individual or at the level of the population.

The individual approach is based on a one to one transaction
between expert and patient requiring assessment, diagnosis,
treatment, support and follow up. Such schenes, as
preventative strateqgy, are said to be costly and of
questionable efficiency. They are, by their very nature,
difficult to apply in the case of farming, especially
because, given the disparate 1locations, assessment is

" difficult in the first place. Help is certainly available

but it is help at the cure end after the farmer personally
seeks a medical opinion.

The population approach has been given much attention. Under
this approach the employee population is targeted and there
is an emphasis on prevention. The emphasis is on building an
organisational culture which includes a preventative ethic.
Under this approach, interventions are designed to reward
employees for positive health behaviour. Interventions

4 Childers, T. and Post, J: The Information Poor in America,
Scarecrow Press, Metuchen, NJ 1975.

5 Mechanic, D: Socioeconomic Status and Health: an
Examination of Underlying Processes, in Pathways to Health:
the Role of Social Factors, edited by Bunker, J. P., Gomby,

'D. S., and Kehrer, B. H., Henry J. Kaiser Foundation, Menlo

Park, CA, 1989, pp 29-69.

6 Feldman, J. The Dissemination of Health Information,
Aldine Publishing, Chicago, Illinois, 1966.

7 Freimuth, Vicki S and Mettger, Wendy op. cit.



themselves may be specific (eg no smoking zones) or general,
such as awareness advertising and marketing outlining the
bad effects of the unwanted behaviour. It has already been
pointed out that farming lacks the organisational structure
required for such strategy. Given that often the farmer is
at once the employer and the employee, there is a second
reason why the population approach is less suitable: it is
an added burden to logically target oneself when there is no
organisational incentive (as catalyst) for doing so. Yet if
preventative action is to work, it will work essentially
because individuals do apply the information to themselves
and their own situation.

Thus - on the policy instrument side there are two
intervention models which are not a good fit for the farming
environment. On the target side, there is something of a
hard to reach audience. Furthermore there is a dislocation
between instrument and target in that none of the
intervention models (either individual or population) can
easily incorporate the target audience characteristics.
Indeed policy strategists have little choice but to design a
composite strategy which catches farmers (and their partners
and children) at the individual 1level through specific
education and training, and which catches them at the
organisational level through professional societies,
legislation, and in the market place. An additional point
needs to be made before the question of appropriate policy
is discussed. It concerns the communication channel between
policy maker and target audience.

Friemuth and Mettger(S) report the essence of some 40
studies about the audience as 1listener and learner in a
communication as dialogue model of health promotion. These
findings (reproduced in the box below) are relevant for
those designing communication channels. The four boxed
statements prescribe the channel transaction.

1 People inform themselves primarily at moments of need.

2 People rely first on their own responses. If these are
not sufficient they turn first to sources close to them or
those contacted habitually.

3 People judge information on how it helped them rather
than on its expertise or credibility.

These findings, innocuous in themselves, are particularly
troublesome for strategists wishing to enshrine expert
knowledge about noise in a public policy communication.
First, with industrial deafness, once a need is perceived,
it is already too late for cure. Second, the affliction is

8 op. cit.
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incremental, and given the isolation of farmers and the
loneliness of farm work, may not, in the early stages, be
meaningfully discernible through cognitive processes, or
through those who are close or by habitual contact. Third,
the help component of information about industrial deafness
can have 1little impact in motivating acceptance of its
message. This is because it is not possible at any one time
to sample the before and after and make a positive choice
for one of the two positions as say it would be in choosing
between two methods of lifting or the ergonomics inherent in

two different tractor cabins.

Figure 1 below highlights all of the difficulties discussed
to date in a summarising schema which allows the complexity
of the public policy challenge to be more fully appreciated.

Figure 1: Schematic representation of the policy design
problem
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Figure 1 suggests that, by its very nature, industrial
deafness is a disease which is (a), not easily covered by
individual or population strategy, (the top box) (b) is at
odds with the ©basic tenets wupon which the channel
transaction is predicated, (the middle box) and (c),
afflicts an audience which is characterised by features
typical of those who are hard to reach (the bottom box).
Given this situation, how should strategy be constructed to
ensure that the knowledge of noise experts is effectively
utilised in farming activity? It is to this question that
the paper now turns.

A GENERAL GUIDE TO DESIGN OF PUBLIC POLICY STRATEGY TO
PREVENT INDUSTRIAL DEAFNESS AMONGST FARMERS

The lack of a close knit organisational structure in
farming, the arms length stance sometimes taken by farmers
towards outside expert knowledge, and the manner in which
the disease itself and its progress are not caught by the
dynamics said to drive audiences to listen and act all
suggest that, where possible, farmers should be presented
with a fait accompli. Damage potential should be designed
out of the situation before farmers arrive. Thus radios in
cabs should not be capable of producing damaging volumes,
mufflers should reduce outputs to safe levels and so on.
Where design is not possible preventative education
programmes should begin with the very young and should be
delivered at the local 1level by members of the farming
community trained for the purpose. The family unit, as well
as individuals, should also be targeted.

This finding, at the end of the day, is not extraordinary
and is probably acceptable generally for many workplace
diseases. However there is something to be said for the
manner in which the knowledge of noise experts might be
enshrined in design and safe Jjob practice. Legislative
interventions should be such as to harness the forces of the
market to this endeavour. This last statement can be further
explained using say, chain saws, as an example. Proactive
legislation would require noise labelling, including health
warnings together with some form of economic incentive (a)
to entice farmers to buy equipment emitting lower noise
levels and (b) to entice firms and their noise control
engineers to design equipment emitting less noise. There
could be a legislative requirement, say, that manufacturers
of chain saws which emit noise above a certain level must
supply ear muffs within the purchase package. Likewise there
might be an increased tax concession allowed for the
purchase of chain saws which emit lower noise levels. If the
consumer sovereignty version of market theory is correct,
then market forces, marshalled by legislative strategy like
that Jjust outlined, would work to enshrine preventative
equipment design in the purchase transaction. Both buyer and
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seller would benefit by dealing in safe equipment, society
would benefit in the 1long run by savings won against
promotion, testing and the quality of life and the market
would naturally select out the expertly designed products.

There will always be those situations which escape design.
Quiet explosives have not yet been invented. In such cases
education and/or regulation and policing all have their
place. The essential feature of these tools is that they
should be operated on by locals, for locals, and towards
establishing a culture of good habit. They should be
preventative in nature, owned by the farmers and/or their
organisations, and always aim at fostering self awareness
and self respect.

CONCLUSION

Industrial deafness amongst farmers is a disease which can
be prevented. The challenge is there for public policy
strategy. This paper has offered broad guide-lines for
strategy design.



LOW FREQUENCY NOISE DUE TO HVAC SYSTEMS AND ITS

1.0

ASSESSMENT

By : Dr. Norman Broner
Vipac €ngineers & Scientists Ltd

INTRODUCTION

The issue of sound quality in offices and other occupied spaces has been of
continuing interest since the 1950's and with increased emphasis on total sensory
comfort, has recently become even more important. A major component of
comfort in buildings is the level of backgroud noise. In developing an acceptable
noise criterion and an appropriate assessment method, the needs of work efficiency
have to be balanced against the cost of noise reduction.

Very little work has been done to directly address the question of how people react
to indoor noise in situations where the low frequency background sound level is
established by the operating HVAC system, and in particular where such a system
causes a dominant low frequency rumble. '

Beranek (1957) proposed his Noise Criterion (NC) curves and was followed by
Kosten and Van Os (1962), who developed the Noise Rating ( NR ) curves. These
latter curves were orignally proposed for rating exterior noises when heard
indoors. The NR curves are similar in shape to the NC curves but are extended to
higher levels. Indeed, the NR curves permit higher low frequency noise levels than
the NC curves.

It was realised by Beranek et al (1971) that a noise spectrum which closely
followed an NC curve did not itself give a pleasant sound but rather had a rumble
characteristic and hiss. They therefore modified the NC curves to the Preferred
Noise Criterion. These were not widely accepted though.

In 1981, Blazier (1981) was also cosidering the issue of sound quality and
identified four dimensions that need to be considered in HVAC system assessment.
Considerations of speech communication masking critria and of noise—induced
vibration at low frequencies led to the development of the RC room criterion
curves which include octave bands down to 16Hz.

Simultaneously, Broner (1980) was conducting research into low frequency noise
annoyance and, based on his research and case history experience, developed the
Low Frequency Noise Rating curves. These curves significantly reduce the
amount of low frequency noise below 100 Hz that is considered acceptable in
comparison with the standard NR curves.
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More recently, Beranck (1989) proposed the Balanced Noise Criterion (NCB)
curves . A major result of this revision was the extension of the curves down to 16
Hz octave band . The author supports the concern expressed by Blazier and Ebbing
( 1992) about the permissiveness of the NCB contours in the 16 Hz and 31.5 Hz
octave bands particularly because of the field experience which suggests greater
sensitivity than Beranek allows. This is indeed the reason for the derivation of the
LENR curves by Broner.

In selecting an acceptable acoustic environment for such spaces as recording
studios, auditoria and lecture halls, the engineer will often specify that the noise
level due to mechanical services must not exceed a given NR or NC level. Using
the NR or NC curves to specify maximum background levels for recording spaces
can, however, lead to unacceptable results, particularly due to low frequency
rumble. In recent years, with an increase in the utilization of available space and
the introduction of floor-by—floor air handling systems, it has been found that the
extent of low frequency noise problems has increased i.e. the existing criteria have
not been found to be adequate. ASHRAE (the American Society of Heating
Refrigerating and Air Conditioning Engineers Inc.) has been aware of this problem
and has recently sponsored some research into the most appropiate metrics for
evaluation of low frequency noise problems and for the setting of adequate low
frequency noise criteria.

The current ASHRAE assessment method is based on the RC room criterion
curves which include octave-bands down to 16Hz — see Figure 1. In order to
directly address the question of how people react to HVAC noise in situations
where the dominant energy is below 250Hz, ASHRAE recently sponsored a
research project with a view to determining an improved descriptor for low
frequency noise evaluation and for setting criteria. Below, we describe some of the
initial results obtained during the objective phase of the research.
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Figure 1 : RC noise criterion curves for specifying
design level in terms of balanced spectrum shape
(After Blazer 1981)
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LOW FREQUENCY LOUDNESS CURVES

It can be seen from Figure 2 below, that the loudness curves at low frequencies are
much closer together than at higher frequencies. Thus, for example, the distance
between the 20 and the 80 phon (loudness) curves decreases from 60 dB at 1kHz to
approximately 10dB at 8Hz. A small change in sound pressure level at low
frequencies would therefore result in a considerable change in loudness (and
annoyance) as compared to a similar change in level at high frequencies. This
phenomenon is particularly important with respect to the annoyance impact of low
frequency "rumbly" HVAC noise where it is possible that the loudness may change
from imperceptible to loud at the modulation rate of the noise.
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Figure 2 : Curves of equal loudness (After Moller and Andresen 1984)

DATA COLLECTION

Over 60 sites were visited in some major cities in Northern America to collect and
analyse a range of (low frequency) HVAC noise samples. In the main, the samples
were collected in offices and meeting rooms of various sizes. Some
corridors/lobbies were also included.

At the majority of locations, the site was free of occupants during the
measurements and it was therefore not possible to obtain a subjective assessment
concerning the annoyance due to the HVAC noise. In general, absence of
occupants was the preferred option by owners so as not to disturb on-going
activities. In addition, this situation was also preferred for ensuring integrity of the
noise sample recording.

It was found to be nearly impossible to obtain a "clean" recording of HVAC noise
for even two minutes where sites were occupied. The owners also did not wish
tenants to be questioned so as not to raise tenant's sensitivity concerning an
existing or potential noise problem.

213



214

4.0

5.0

DATA ANALYSIS

The raw data collected for each site was in the form of spectra (1200 in total) and
in the form of a statistical analysis for the 2—-minute sample for each site for one—
third octaves from 6.3Hz to 12kHz.

4.1 SUBJECTIVE ASSESSMENT

In order to separate out the possible metrics/assessment methods that would

warrant further investigation, it was necessary to determine some form of
subjective assessment against which the objective metrics could be correlated. A
high correlation with subjective response would then indicate an obvious candidate
for the comprehensive subjective study which is to be the subject of further
ASHRAE research. It was not possible to conduct sufficiently useful limited
subjective testing within the scope of the current research. Therefore, an initial
subjective assessment was conducted by the Principal Investigator based on his
memory of each of the sites concerned and considering the relativity of each site.
The magnitude estimation technique was loosely used and the subjective scale was
effectively assigned a range of approximately 0-10 and a score provided for each
site. On this basis, a site assigned a subjective assesment value of four is twice as
annoying as a site with an assessment of two.

4.2  CHOICE OF A METRIC

The following factors are likely to be important in determining annoyance due to
low frequency HVAC noise:

(a) overall level (b) spectrum balance (c) temporal modulation

Therefore, noise "measures” were initially chosen for invetigation based on these
factors. These included overall weighted noise levels and measures of temporal

-variation such as the L, the overall level exceeded for 10% of the time. In

addition, spectral balance measures were also considered.

RESULTS

For each site, the Lo, Lsg and Ly statistics (the levels exceeded for 10%, 50% and
90% of the time respectively, were plotted for the 2—minute HVAC noise sample
as well as the hearing threshold, e.g. see Figure 3. Other noise measures such as
various weighted noise levels and spectral balance measures e.g. Linear —A, C-A
were also plotted against time so as to determine the degree of and rate of
amplitude modulation.
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Figure 3 : L1y, Lsgand Lgg Sound Pressure Levels For Site 17 (based on complete 2-minute
sample)

5.1 CORRELATION

Plotting the subjective assessment against "noise measure" should result in a
monotonically increasing curve with little standard deviation of data from the
mean curve. A typical output is shown in Figure 4 below.

Most successful in rating the sites appeared to be the measures which in some way
accounted for spectral imbalance e.g. Linear-A, C — A. These clearly should be
investigated further, though due to its simplicity, the (Linear-A) level difference
should find more ready application.

52 SPECTRUM SHAPE

It is interesting to compare all the spectra for the sites visited and compare the
overall slope with the average slope of —5dB/octave found by Blazier (1981) for
"neutral" site. Figure 5 shows a plot of the average spectra for the most annoying
and least annoying sites. It can be seen that above 63Hz, the average slope for all
spectra is similar at —-5dB/octave.

215



216

SUBJECTIVE ASSESSMENT vs LIN-A
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Figure 4 : Correlation between subjective assessment and the (Linear — A) value obtained for
each site

Below 63Hz, the neutral sites display a similar negative slope down to 16 Hz and
are therefore entirely similar to the sites and average slope determined by Blazier
(1981). However, the rumbly sites show a significantly greater negative slope
(approximately -24dB/octave, somewhat parallel to the threshold of hearing)
below 63Hz and then below 31.5Hz, a positive slope of approximately 5dB/octave.
From this we can conclude that is quite clearly energy below 80-100Hz that
results in the impression of subjective annoyance. The question that remains to be
answered is whether the annoyance is due to to the overall level in itself or some
other characteristic of this low frequency energy viz. its temporal characteristic.
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Figure 5 : Comparison of average of Ly, spectra for most annoying and least annoying sites.
Also shown is the line representing the —-5dB/octave slope for neutral sites as found by Blazier
(1981)
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DISCUSSION

The research to date confirms that the NR/NC curves that are currently being used
for specifying maximum background noise levels due to HVAC systems do not
adequately account for the low frequency rumble that is present in many
installations.

The research indicates that a simple metric such as the (Linear—A) sound pressure
level difference could be used to set acceptability criteria and that metrics can be
derived based on third-octave band analysis which could also provide diagnostic
information

With respect to the simple assessment approach, it currently appears that a
(Linear-A) difference of 30 dB or more would result in an environment which is
considered "rumbly"and unacceptable. This result is in accordance with the
findings of Broner and Leventhall (1983) that for A-weighted SPL's greater than
30 dBA, the overall Linear SPL should be limited to 30 dB greater so as to avoid
complaints of low frequency noise annoyance. For A-weighted SPL's less than 30
dBA, they recommended an upper limit of 55 dB overall Linear SPL.

Such criteria will allow the derivation of the maximum acceptable background
noise levels due to HVAC system noise and will ensure that occupied spaces are
more often acceptable acoustically.
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ABSTRACT

This paper presents an acoustic boundary element model for the numerical solution of a two-
dimensional sound field above an infinite flat plane and exterior to a barrier of arbitrary shape
and surface sound-absorption. Careful treatment of integration involved in setting up the system
of equations enables a sufficiently accurate solution to be obtained in an efficient computational
scheme. The validity of the model has been confirmed by comparing its predictions with those
obtained from analytical or approzimately analytical solutions. The model has been used to
investigate the effectiveness of barrier height, width and absorbent cover for various geometri-
cal configurations. All of the predictions appear reasonably good and the trends observed are
consistent with those indicated by other researchers.

1 Introduction

It is common to use road barriers as a means of reducing exposure to noise from road traffic.
Numerous investigations have been carried out for the purpose of predicting the performance of
barriers. A variety of theoretical prediction models is now available, in which the effects of both
diffraction by a barrier and reflection from the ground are taken into account. Most of these
models are based on the geometrical theory of diffraction and determine the sound field at a
receiver behind the barrier by the summation of the sounds from four possible ray paths from
a source and its image to the receiver and its image. Whereas these theoretical models provide
useful predictions for simple barriers, they are incapable of modelling barriers of complicated
shape and arbitrarily located absorbent-cover. '

In our previous work on this subject, we have used the finite element method to approx-
imate the solution of the Helmholtz equation, which governs the linearized sound field exterior
to a road barrier, and hence to predict the performance of the barrier. An extensive com-
parison between predictions obtained using our finite element model and those obtained from
the existing theoretical models has been presented [1]. The comparison shows that, within the
frequency range up to 1000 Hz and the source-receiver distance up to 50 m, the finite element
method does provide reliable predictions. Beyond the above ranges of frequency and distance,
however, it is cumbersome to employ the finite element method for this kind of calculation,
owing to the excessive computing time and the large amount of computer storage required.
Therefore we have been exploring the use of the boundary element method to solve the sound
field exterior to a barrier. -

The boundary element method is a very suitable technique for the numerical solution of
exterior acoustic problems. It has been applied to predict the performance of barriers by Seznec
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Figure 1: Geometry of the problem to be solved

[2], Hothersall et al. [3,4], and Antes [5]. Like the finite element method, the boundary element
method has a distinct a.dvantage over the methods based on the geometrical theory of diffraction
in that it can, in principle, accommodate barriers of arbitrary shape and arbitrary treatment
of surface sound-absorption. However, the boundary element method is more effective than the
finite element method since, with this numerical method, only the boundary of the acoustic
domain under consideration needs to be discretized to obtain a numerical solution. This permits
a considerable reduction in the resulting linear algebraic equations, together with a reduction
‘in the amount of computing time and computer storage.

2 The Boundary Element Model

The problem to be solved is shown in FIG.1. It is a two-dimensional acoustic scattering problem

in which a scattering body (barrier) of arbitrary shape sits on an infinite, flat and locally reacting’

ground surface. An infinite coherent line source of sound (e*™* time dependence) is located at
S above the ground. B denotes the barrier which is assumed to be infinitely long and to have
a uniform cross-sectional shape I' (I' = [, + I';) and uniform acoustical pxopermes along its
length. © denotes the acoustic domain above the ground and exterior to I's. n is a unit normal
on I', directed away from Q.

The boundary element method for solving steady-state acoustic problems consists in
transforming the Helmholtz equation plus appropriate boundary conditions into a boundary
integral equation, and then determining the numerical solution of this integral equation. The
boundary integral equation for bodies sitting on the ground in a three-dimensional space has
been developed by Seybert et al. [6]. It can be written for two-dimensional problems as follows,

cpap) = [ (62D @32 )T + #(P) (1)

In Eq.(1), 4 is the velocity potential satisfying the Helmholtz equation in 2 and the Sommerfeld
radiation condition in the far-field. Q is any point on I',, and P may be in Q, in B, or on T,.
¢!(P) is the prescribed incident wave potential at P, determined by the source at S and its
image at S’ in the absence of the barrier. C(P) is a constant determined by the location of the
point P. C(P) is 1, 0, and 0.5 for P in Q, in B and on a smooth boundary I',, respectively. A
scheme of ca.lculatmg C(P) when P is at the corners of T', has been proposed by Seybert et al.
[6]. G is the half-space Green function satisfying both the Helmholtz equation and Sommerfeld
condition. The two-dimensional form of the half-space Green function is

G = %H},l)(h) + RH%Hg‘)(kr') 2)
where k is the wave number, r the distance between P and Q, r’ the distance between Q and

P', H! the Hankel function of the first kind and zero order, Ry the reflection coefficient of the
ground. It is noted that in Eq.(1) only T, a part of the barrier boundary, is used to define
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the path of the integration as I';, the bottomn boundary of the barrier, is no longer a part of
the boundary of . The contribution from the far-field boundary of 2 has been removed by
invoking the Sommerfeld radiation condition and that from the ground has also been removed
by using the half-space Green function.

Eq.(1) is the starting point for building our boundary element model. Assume that the
barrier surface is locally reacting and the boundary condition on it is of the mixed form

ikfg = 22

(3)
where 3 is the normalized specific acoustic admittance ratio. Substitution of Eq.(3) into Eq.(1)
gives

cPP) = [ 486 - Tra@ur +41(p) o

To obtain the numerical solution of Eq.(4), the boundary ', must be discretized into elements.
In order to avoid problems with the corners of the domain when determining the constant C(P)
and to easily treat the singularities in the case of P close to Q, we use the straight line element,
with the node being at the middle of the element , and assume that ¢ is constant within each
element. Thus Eq.(4) can be discretized as follows

N
CPI(P) = 3 0(Q,) [, (58G — 1)L +¢'(P) (5)

j=1

where T'; is the jth element ( j=1,..,N ). Notice that, in Eq.(5), (QJ) is taken out of the
integral as the value of ¢(Q);) is assumed to be constant over I‘ C(P) is always 0.5 for P on
I, as the boundary is always smooth at the nodes.

The application of Eq.(5) to our problem begins with the placemént of Pon I',. By
placing P at each node from 1 to N, we obtain N linear algebraic equations, which can be
expressed in matrix form as :

[Al{¢} = {¢r} | (6)

In Eq.(6), [A] is an NxN matrix, containing NxN integrals as in Eq.(5). { ¢} is a vector of
unknown values of ¢ and { ¢; } a vector of the values of ¢!. After solving Eq.(6) for {¢}, P is
placed in 2 and Eq.(5) is used, as a formula, with C(P)=1 to calculate the velocity potential
at any desired point P in 2. F mally, the barrier insertion-loss IL is calculated by

¢'(P)
¢(P)

where ¢/(P) and #(P) denote the velocity potential at the point P behind the barrier in the
presence of the ground, without and with the barrier present, respectively.

IL = 20log | | | (7)

While the above precedure for the application of the boundary element method to our
problem is maintained, careful treatment of the integrals in Eq.(5) is needed to obtain the
required accuracy of the solutions in an efficient computational scheme. In the case of Q; # P,
standard Gaussian quadrature is employed to numerically implement the integrals; however,
two modifications have been made to avoid excessive computations for numerical integration.
As mentioned before, the half-space Green function involves the Hankel function, whose series
expansion converges very slowly. One modification lies in the replacement of the infinite se-
ries expansion for the Hankel function by the finite polynomial approximations for the Bessel
functions [7]. ( Notice that H}(z) = Ju(z) + i¥,(z).) The other modification is to tailor the
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number of the quadrature points according to the distance between P and @Q;. The larger the
distance, the fewer points needed. These two modifications are similar to those proposed by
Yoon et al. [8].

. In the case of P = Q;, where two points are on the same element, the presence of the
singularity due to the first term of the half-space Green function requires a more accurate inte-
gration. Instead of still using the standard Gaussian quadrature and choosing more quadrature
points as Yoon et al. did, we use a logrithmic Gaussian quadrature for the numerical integra-
tion of the first term in the half-space Green function as it has a logrithmic singularity. Our
calculations have shown that in this way the inaccuracies involved are efficiently minimized.

It is well-known that the boundary element method for external problems fails to provide
a unique solution at certain frequencies corresponding to the eigenvalues of the enclosed internal
region. This difficulty is overcome by using the CHIEF method proposed by Schenck [9]. The
resulting overdetermined system of equations is solved by a least squares procedure in which
the orthogonal decomposition of the M x N matrix (M > N) is implemented by applying a
sequence of the Householder transformations.

3 Numerical Results

The validity of our boundary element model has been confirmed by comparison of its predictions
with those obtained from some existing analytical or approximate analytical models. Two
test cases are presented below. FIG.2 (a) shows a comparison for a grass-covered barrier of
semi-circular section sitting on a flat rigid ground. The configuration of the source, barrier
and receiver is indicated in the figure. Notice that it is one of the few cases in which the
exact analytical solution for two-dimensional diffraction problems is available [10]. The barrier
insertion-loss spectra presented are determined at each one-third octave centre frequency in the
frequency range of 100 to 2000 Hz. Excellent agreement between the two predictions is observed,
with the difference being always less than 0.5 dB within the frequency range considered.

FIG.2 (b) shows the case for a thin rigid barrier on a flat rigid ground and for the ge-
ometrical configuration indicated. The insertion-loss spectrum obtained using an approximate
analytical solution is given by Isei et al. [11]. Whereas the model of Isei et al. assumes a point
source of sound, our boundary element model assumes a coherent line source. However, the two
predictions agree well and undergo similar marked variations due to interference effects. This
confirms the conclusion given by Hothersall et al. [3], who stated that predictions provided by
the two-dimensional boundary element model can be related to those for a point source.

Our model has been applied to predict the performance of barriers for various geometrical
configurations. In our computation, no account is taken of the influence of wind, temperature
gradients and atmospheric absorption. This is one of the limitations of the boundary element
method. To obtain a meaningful comparison of the performance of different barriers, however,
the hypothesis of a neutral quiescent atmosphere is highly desirable. In this way, the effects of
the barrier noise reduction can be separated from those of outdoor parameters.

The ground surface is assumed to be perfectly reflecting. Such a ground can be regarded
as an asphalt surface for practical purpose. When the source or receiver is located above the
ground, the predicted insertion-loss spectrum presents marked variations, as shown in FIG.2
(b), due to interference effects. In practice, it is obvious that the interference pattern is not
particularly interesting since traffic noise is broadband. In order to remove interference effects
while keeping the ground present, both the source and receiver are set on the ground surface in
our computations. Under this consideration, the configuration of source, barrier and receiver is
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indicated by two parameters, i.e., the source-barrier distance (the horizontal distance between
the source and the centre line of the barrier.) and the barrier-receiver distance. Since the
performance of barriers is, in general, dependent on both distances, different combinations of
them have been considered in our computations.

The acoustic admittances of the absorbent surfaces are calculated using the Bies and
Hansen model [12]. The flow resistivity is assumed to be 20 cgs Rayls.

It was found that 10-12 elements/wavelengh gave a sufficiently accurate solution. Com-
puting time is of the order of less than 10 minutes on an Apollo 10000 computer for a boundary
(T,) of length 8 m and a frequency range up to 1000 Hz.

Effect of Barrier Height In FIG.3 are shown the effect of barrier height for a thin rigid
barrier on a flat rigid ground. In every geometrical configuration considered, the performance of
the barrier is improved by the increasing barrier height, but the rate of improvement decreases
with the increase in height. The improvement in insertion-loss produced by increasing the
height from 2 to 3 m is around 4 dB, while that obtained by increasing the height from 4 to 5
m is only around 2 dB. The former is approximately double the latter. Furthermore, in every
case, the insertion-loss increases with frequency at the rate of about 3 dB/octave. These trends
have been predicted by Hothersall et al.[3]. We note that these trends are independent of the
configuration of the source, barrier and receiver within the distances considered.

FIG.3 (b) shows insertion-loss spectra for the geometry in which the source-barrier dis-
tance is 10 m and the barreir-receiver distance is 30m. On the other hand, FIG.3 (d) shows
the case in which the source-barreir distace is 30 m and the barrier-receiver distance is 10 m.
these two sets of spectra are approximately the same, which is what we anticipated because of
the reciprocity principle. This indicates that our model does in fact respect this principle.

Effect of Barrier Width FIG.4 shows the effect on performance of barrier width for a
rigid barrier of rectangular cross-section on a flat rigid ground. Any great improvement can
be obtained only for sufficiently wide barriers. The improvement obtained by increasing the
width is greatly dependent on the geometrical configuration. When the source and receiver
are far from the barrier, the improvement is negligible. In addition, unlike the trend observed
in the effect of barrier height, the insertion-loss increases with frequency at different rates for
different barrier widths. In each geometry considered, the larger the width, the more quickly
the insertion-loss increases with frequency. This trend is more accentuated for small source-
barrier and barrier-receiver distances. The similarity between two sets of spectra, as shown in
FIG.4 (b) and (d), due to the reciprocity principle is also observed.

Effect of Surface Absorbent Cover From spectra presented in FIG.5, it is obvious that, in
the case of a vertical thin barrier on a flat rigid ground, the effect of covering the barrier surfaces
with absorbent material is not significant. However, when both the source and receiver are
close to the barrier, covering the surfaces with absorbent material does offer an improvement in
insertion-loss of a few decibels. In traffic noise control practice, it is believed that improvements
in insertion-loss of even a few decibels could well be worthwhile. Moreover, it is more efficient
to place the absorbent cover on the surface associated with the smaller of the source-barrier and
barrier-receiver distances. When the two distances are the same, the improvement in insertion-
loss obtained by covering both side surfaces will double that obtained by covering only one side
surface, as shown in FIG.5 (a). This confirms the conclusion given by L’Esperance et al. {13].
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4 Conclusion

The boundary element model has been developed for the numerical solution of the sound field
around a barrier. Its predictions have been successfully compared with those of some existing
theoretical solutions. The model has been applied to predict the performance of barriers for
various geometrical configurations but only for a rigid ground. The predictions are reasonably
good and the overall trends observed comfirm those indicated by other researchers. This in
turn contributes to confirmation of the validity of the model. The case in which a barrier sits
on a ground with a finite impedance is being considered for inclusion in our model.
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NUMERICAL ACOUSTICS - WHAT ARE ITS APPLICATIONS?

Joseph C.S. Lai
Acoustics & Vibration Centre
University College, The University of New South Wales
Australian Defence Force Academy
Canberra, ACT 2600.

ABSTRACT

Since the 1970s, advances in computer technology and numerical techniques have
seen an almost exponential increase in the use of computational methods in
engineering applications such as computational fluid dynamics. It is, however, only until
recently that commercial finite element/boundary element software have been made
available and numerical techniques have been used more widely for solving acoustics
problems. In this paper, the principles of these numerical methods are briefly described
and their potentials are illustrated by some examples. The advantages, accuracies and
limitations of these methods are discussed.

1.0 INTRODUCTION

In acoustics, the propagation of sound is governed by the wave equation. Although the
Helmholtz equation was first given by Euler in 1759 and then by Helmholtz in 1860, it
was difficult to obtain analytical solutions with complex geometries and/or complex
boundary conditions. With the advent of powerful desktop computers/workstations,
numerical techniques based on geometrical acoustics (primarily ray tracing for high
frequencies) have been applied to problems in room acoustics and environmental
acoustics. While commercial finite element software has been available for over two
decades for engineering applications such as stress analysis, it is only until recently that
commercial software utilising advanced numerical techniques such as finite element and
boundary element methods (primarily more suitable for low frequencies) have been
made available. It has often been claimed that the most effective noise control method is
the control of the source through engineering means but this is often very difficult to
achieve unless prior considerations have been given to the design of a product. With the
use of computational methods for acoustics, it is now possible to incorporate ‘numerical'
acoustic analysis in the design process so that the effects of noise radiation can be
analysed even before prototypes are built and innovative engineering techniques in
reducing noise radiation may be examined.

In this paper, the advantages and disadvantages of finite element and boundary
element methods, their accuracies and limitations will be discussed. Their potentials in
solving a range of acoustics problems will be illustrated with examples on acoustic cavity
analysis and external radiation problems.

2.0 GOVERNING EQUATION AND BOUNDARY CONDITIONS
The propagation of sound waves in a medium is governed by the familiar wave equation:

1 02
vep-55h =0 (2.1)
where c is the speed of propagation of sound waves; p is pressure, t is time:; and

V is the Laplace operator.

By assuming a steady state harmonic motion of the form p(x,y,z) = f:(x,y,z)e‘mt, (i is the
imaginary number), equation (2.1) can be reduced to the Helmholtz equation (2.2)

VZp +k2p=0 (2.2)
where k is wavenumber = w/c and w is the circular frequency in radians/sec.
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The Helmholtz equation can be solved by imposing appropriate boundary conditions on
some boundary surfaces which involve prescribing usually (a) the surface pressure (ps);
(b) the normal surface velocity(v,); or (c) the normal surface admittance(A) or.impedance
as follows:

P = Ps on surface S,
-éE = -Ip(DVn on surface S, (2.3)
59 = -IpcoAp on surface Sj

where n is the coordinate normal to the surface.

Furthermore, for external radiation problems, the acoustic field vanishes at points farther
than c(t-t,) because a wave disturbance initiated at time (t,) would not have reached that
distance in the time (t )of interest. This condition is known as the Sommerfeld radiation
condition (see ref.[6]) and may be expressed in spherical coordinates as

. op .
lim ra[—ég +|kp} 50 (2.4)
where r is the distance from the surface of source excitation and o is 1/2 for 2-D

problems and 1 for 3-D problems.

The boundary-valued problem as described by equations (2.2)-(2.4) is difficult to solve
analytically except for very simple geometries and boundary conditions. Approximate
analytical solutions can be obtained for high and low frequencies using perturbation
methods (see ref. [3]). Consequently, numerical methods have to be sought for general
problems.

3.0 NUMERICAL METHODS

Numerical methods available for solution of equation (2.2) are finite difference, finite
element and boundary element methods. While finite difference techniques have been
used for some acoustic problems (see ref. [4]), they are basically only suited for simple
and bounded geometries and require large number of calculation points compared with
finite element methods. Hence only finite element and boundary element methods will
be considered here.

3.1 Finite Element Method

Finite element methods have been applied to interior problems which involve applying
the weighted residual formulation to incorporate the field and boundary residuals into a
set of weighted equations (see [3], [4]). The whole solution domain has to be discretised
as shown in Figure 1(a). The system of discretised equations can be written as a matrix
equation of the form (3.1):

{[K] - ip[C] - w?[MIHp} = -ipef{F} (3.1)

where [C] is an acoustic damping matrix;
{F} is an acoustic forces vector;
[K] is an acoustic stiffness matrix;
[M] is an acoustic mass matrix; and
{p} is the unknown acoustic pressure vector.

Eigenfrequencies and eigenmodes can be obtained from equation (3.1) by setting
{F}={0} and the response at a given frequency can be expressed as a linear combination
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of the eigenmodes. While the finite element method has been well established and
equation (3.1) can be solved efficiently due to the banded nature of the matrices, it is not
suitable for solving exterior radiation problems which would require an ‘infinite'
expansion of the finite element mesh. Nevertheless, 'infinite' elements and 'wave
envelope’ elements are being developed to solve exterior radiation problems.

Node Element Node\

Element

(a) Finite element (b) Boundary element
Figure 1 Discretisation of solution domain.

3.2 Boundary Element Methods
A good description of various boundary element methods is given in [1]. Only the direct
boundary integral formulation based on Kirchoff-Helmholtz theorem ([6}) is given here.
The pressure at a field point X in the interior (V,) or the exterior (Vo) volume can be
expressed in terms of the pressure p(Y) and the normal velocity v, at a boundary point Y
on the related closed boundary surface S as given in equation (3.2).

: aG(X,)Y) .
c(p0) = [ {p055 + pova(me ) s 32)
where Ny is the normal at the boundary point Y directed into the fluid domain:

G(X,Y) is a Green's function satisfying the Helmholtz equation; and
c is a coefficient dependent on the location of the field point X and on
whether the problem is an interior or exterior problem.

Unlike the finite element method, only the boundary surface of a boundary element
model has to be discretised as shown in Figure 1(b). The resulting discrete set of
equations relate nodal pressures {p} to nodal velocities {v} by:

[Al{p} = [B{v} (3.3)

While boundary element methods are most suited for solving interior or exterior radiation
problems, the matrices [A] and [B] are fully populated and sometimes nonsymmetric.
Furthermore, for exterior problems, the solution may not be unique at frequencies that
correspond to the interior cavity resonant frequencies but this can be overcome by using
an overdetermination procedure (see ref. [2]).

4.0 NUMERICAL EXAMPLES

All the calculations reported here were made on a SUN SPARC workstation using a
finite element/boundary element package SYSNOISE version 4.4a. The pre- and post-
processor used is ANSYS version 4.4. For the highest frequency of interest, a minimum
of at least 6 elements per wavelength was used.

4.1 Car compartment problems -
Figures 2(a) and (b) display respectively a finite element model and a boundary element
model for a car compartment. In the finite element model, 258 elements and 287 nodes
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were used, giving an upper frequency limit of about 440 Hz. In the boundary element
model, 111 elements and 111 nodes were used, giving an upper frequency limit of about
400 Hz. The first 5 acoustic modes calculated with the finite element model occur at
frequencies 75, 124, 132, 177 and 232 Hz and the acoustic modes corresponding to
75 Hz and 123 Hz are shown in Figures 3(a) and (b) respectively. The response near
the driver's ear due to vibration excitation of the panel near the driver's feet has been
calculated with the boundary element method and is shown in Figure 4 for both rigid and
absorptive interior roofs. The reduction of sound pressure level due to the addition of
absorptive linings is clearly seen from Figure 4(a). The advantage of being able to
examine the influence of material properties on the sound pressure level cannot be
underestimated.
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(a) Finite element model . (b) Boundary element model.

Figure 2 Discretisation of a car compartment.

(a) at 75 Hz. (b) at 123 Hz.
Figure 3 Car compartment acoustic modes.

4.2 Radiating sphere

In this example, the radiation efficiency of a spherical shell with radius a of 1 m and
thickness t of 200 mm was calculated for three different types of excitation, namely (a)
uniform radial velocity pulsation; (b) velocity pulsation on one meridian plane; and (c)
force excitation on two meridian planes, as shown in Figures 5(a)-(c) respectively.
Boundary element method has been used for the calculations and the problem has been
assumed to be axisymmetric with 46 elements and 47 nodes, giving an upper frequency
limit of about 900 Hz. It has been shown analytically (see ref. [6]) that the radiation

efficiency (o) of a pulsating sphere is given by

(ka)2
%=1+ (ka)2 (4.1)
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Figure 4 Response near driver's ear for rigid and absorptive boundaries.

(a) uniform pulsation (b) Single plane excitation (c) Force excitation
Figure 5 A spherical shell subject to three different types of excitation.
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Figure 6 Radiation efficiency of a spherical shell.

The variation of the radiation efficiency with ka for the three types of excitation is shown
in Figure 6 for air as the medium and for water with type (a) excitation. It can be seen
that the numerical results for type (a) excitation with air or water as the medium agree
very well with the analytical solution given in equation (4.1). There are, however,
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significant differences between the radiation efficiency results for types (b) and (c)
excitation compared with type (a) excitation, thus indicating that the radiation efficiency of
a radiating structure not only is dependent on the geometry but also is dependent on
how the excitation is introduced. To illustrate this point further, the directivity diagrams
at 10 m from the centre of the sphere for the three different types of excitation at 500 Hz
have been calculated and displayed in Figure 6. Figure 6(a) clearly shows that the
source is omnidirectional as to be expected from an uniform radial excitation while the
other two types of excitation result in directional radiation patterns that have lower
radiation efficiency at this frequency.

Odeg

270deg 270deg 270deg

(a) uniform pulsation (b) Single plane excitation (c) Force excitation
Figure 7 Directivity diagrams at 500 Hz due to the three types of excitation in Figure 5.

4.3 Vibrating plate ,

While computational techniques are useful in assessing the effects of design changes
such as changes in material properties, it is important to establish the accuracy of
numerical prediction by comparison with experimental measurements. In this example,
a circular steel plate with radius 200 mm, thickness 1.2 mm and mass of 1.16 kg was
driven at its centre by an electromagnetic shaker with a broad band signal in the
frequency range 0 - 1600 Hz.
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Figure 8 Comparisons between numerical and experimental results for
the radiated sound power level.
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The radiated sound power level was measured by the sound intensity technique and
predicted using the boundary element method with 1220 quadrilateral plate bending
elements (typical dimension 14 mm). Details of the measurement technique and
numerical calculations are given in ref. [5]. The agreement between the numerical and
experimental results is generally quite good, being within about 5 dB except in the
frequency range 900 - 1000 Hz. It should be noted that no structural damping has been
included in the calculations.

The circular plate was subsequently modified by the addition of two masses, one of 0.1
kg at the centre and one of 0.05 kg at a point 50 mm from the centre: this configuration is
referred to as the 'modified plate'. Both the experimental measurements and numerical
predictions were repeated for the modified plate. The discrepancies between the
experimental and numerical results are greater for the modified plate than for the original
plate, as shown in Figure 8(b). This is understandable because unless the original plate
has been modelled accurately, any modification made to the plate is going to amplify the
discrepancies. It must be pointed out that the modified plate has been modelled as an
inhomogeneous plate with three regions of different material density; however, due to
the coarseness of the elements used, the two additional masses are distributed over
larger areas in the numerical model than in the experimental set-up.

4.4 Barriers

absorptive absorptive

reflective
surface

(a) simple barrier (b) spherical top  (c) hemispherical top
Figure 9 Schematic of barrier models.
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~ Figure 10 Difference in sound pressure levels at receiver points for
barriers with spherical top and hemispherical top compared with the simple barrier.

In this example, boundary element methods have been used to assess the insertion loss
of barriers of three different designs. As shown in Figure 9(a), a simple reflective barrier
of height h (2 m) is used as a base reference for the other two barriers, namely one with
a spherical absorptive top with a height H (1.5 m) and another with a hemispherical
absorptive top with a height H of about 1.25 m, as shown in Figures 9(b)-(c) respectively.
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A spherical source at a height y of 0.5 m and a distance x of 1.5 m from the barrier was
used. The ground surface has been assumed to be reflective. Two receiver points R1
and R2 at the same height of 1 m above the ground and 1 m and 3 m respectively from
the barrier were used. The differences in sound pressure levels at R1 and R2 between
barrier (b) and barrier (a) and between barrier (c) and barrier (a) are displayed in Figures
10(a)-(b). While the performance of the barriers depend on the frequencies, it can be
seen that for the frequency range of 100-1000 Hz, the overall performance of both
barriers (b) and (c) is almost comparable to that of the simple barrier with a greater
height. ‘

5.0 CONCLUSIONS

Commercially available finite element/boundary element packages have been used to
solve acoustic cavity and external radiation problems. The car compartment example
has illustrated how resonant frequencies and the response due to vibration excitation
can be calculated. The ability of numerical acoustic analysis to study the effect of
changes in material properties on the sound pressure level has been highlighted. The
agreement between numerical results and the analytical solution of a pulsating sphere is
excellent and the influence of the type of excitation on the radiation efficiency and
directivity has been clearly illustrated by the numerical solution. Comparisons of
experimentally measured sound power level radiated from a circular plate with
numerical predictions indicate that provided a structure is modelled properly, reasonable
agreement can be expected. The potential and power of numerical acoustic analysis as
part of the design process is illustrated by the example on barrier design which shows
that a barrier with an absorptive top performs almost as well as a simple reflective barrier
of much greater height.

The accuracies of finite element/boundary element methods greatly depend on the
number of elements used per wavelength of the highest frequency of interest. As the
highest frequency of interest increases, the number of modes within a given frequency
bandwidth (modal overlap) increases. Consequently, the number of elements used for
modelling increases very fast and virtually limit these techniques to analysis at low
frequencies.  For analysis at high frequencies where the modal overlap is high,
techniques based on geometrical acoustics (such as ray tracing) or statistical energy
analysis have to be used.
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