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ABSTRACT

A new method for globallw reducing the amount of
unwanted Power radiated bv acoustic sourcesy bw means of
active devices, is Proposed. After examining PreviouslY
reported passive and active noise attenuating technioues, and
finding them to be unsuitable for some applications, a new
method is Proposed. The scheme involves Placin an
attenuating source close to the noise sourcer driven in such
a wav as to form a dipole out of the two sourcesy thus
reducing the acoustic Power radiated.

Eauations are derived relating the total Power radiated
to the volume velocities of acoustic Point sources.
Beginning with the simplest casey that of a single
attenuatin sourcer a swstem is derived which Produces the

reauired volume velocitv at the attenuating sourcey and an
electrical model of this swstem is created. The model is
used to verify svstem stability and to Predict the amount of

noise reduction that mav be obtained. A laboratorw
realization of the system is constructed having performance
closelv matching that of the model. When tested under ideal
conditionsy the svstem provides 16 db of noise reduction,
within 2 db of the calculated theoretical maximum. For
twpical noise sourcesy the reduction drops to 8 db.

The need for multiple noise attenuating loops is
discussed. Eautions are derived predicting the performance
of such a system. A computer model is built to answer
auestions of stability and performance. A laboratory system
is constructed which verifies the computer model. A second

attenuating loop increases the noise reduction from 8 to 12
db for one tvpical noise source.

Thesis supervisor' Prof. Amar G. Bose, Professor of
Electrical Engineerinr.
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Chapter 1

INTRODUCTION

As a result of the explosion in the uses and numbers of

machines in this Industrial Age, People have been Plagued bv

unwanted acoustical enersw in the environment, both indoors

and out. Onlv in this centurv have the necessarv scientific

and enrgineering disciplines been developed sufficientlv to

allow control of this noise energv. Yet, noise continues to

be a seripus problem, not onl in the working environment,

but in the home environment as well. The art of controlling

noise has riot kept Pace with the demand for better noise

control. Legislated limits to noise exposure continue to

become tighter in order to better protect the populace, but

noise control-schemes have generallw remained the same.

Noise exposure has manv detrimental effects on humans.

It can cause mental fatigue and discomforty and, over a

period of time, can increase hearing threshold levels,

resulting in all the discomfortsy costs, and inconveniences

associated with hearing loss.

In the course of a day, one can easily observe a variety
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of locations where noise reduction could be beneficially

applied. In the typical city environmenty traffic noise

(both wheel rumble and engine exhaust noise), could be

reduced. In the typical home or apartment, noise from

appliances, or from adJoining rooms or residences can be

objectionable, and might be amenable to better noise control.

In the workplace, the application of noise control would be

of great benefit for silencing a wide variety of machines--

from machine tools to air compressors.

Despite the wide variety of oPportunities to applv noise

control, the state of the art is not verv advanced.

Typicallvy Passive elements are used for noise control,

Although these methods work in a satisfactory manner at mid

and high freauencies, at low frecuencies thev reouire an

inordinate amount of mass in order to do an effective job,

Such Passive devices for low freauenc noise attenuation are

bulky, costly, and difficult to apply,

Since Passive methods seem incapable of satisfactorily

reducing low freauencw noise, an active method should be

investigated. Such a svstem might include a microphone or an

arraw of microphones, a loudspeaker, or an arraw of

loudspeakers, Plus associated electronics for signal

Processing. An active system might be developed having lower

cost, lower massy and greater ease of use than a Passive

svstem with similar reduction. Since Passive methods are

capable of mid and high freauencw attenuationy then it would
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seem reasonable to confine the examination of active svstems

to low frenuencies. Besides being better able to compete

with Passive systems at these freuencies, the associated

Processing electronics are likely to be much simpler at low

freauencies than high, due to the lower Phase shift

associated with time delavs in the svstem at low freauencies.

The discussion below will show that reasonable Passive

methods are not capable of adeauatelw supressin noise at low

freauencies. Some active methods of noi-se control which have

been reported in the literature will be examined, but these

methods will also be shown to be inadeauate for various

reasons. A new method of Sloballv reducing noise radiated

from a localized noise source through the use of a closed

loop swstem containing acoustical, mechanical, and electrical

elements will be Proposed. The theoretical limitations of

such a system will be examinedy followed bw an examination of

the Practical limitations# Finally, the Practical limits

will be verified experimentallv.
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Chapter 2

PREVIOUSLY REPORTED

NOISE CONTROL METHODS

I. PASSIVE METHODS

A widelv used method for reducinS unwanted acoustic en-

erSw is through the use of passive devices. These Passive

devices mav be used to reduce the amount of acoustic energw

Put out bv the sourcer or they mav attenuate the energv after

it has been generated as it Propagates through the air or

through solid members directly connected to the noise source.

In a number of industries, studies have been made of

Particular machines in order to reduce the noise generated by

those machines. Examples include the studs and redesign of

noisv sear trains in some machines, and the redesign of

Particularly noisw rotating or reciprocating members. This

redesign can significantly reduce the amount of noise gener-

ated bw the machine and reduce the difficulty of externally

muieting the machine. An inspection of the Patent Review

section of the Journal of the Acoustical Society of America

will usuallv turn up several Patents each month for passive

noise attenuators applied to specific machines.
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Ify, as is usuall the case, machine redesign can not

sufficiently Quiet the noise, noise reduction must be applied

external to the source. Such an application is not without

its problems, however.

Consider a model for a typical passive noise suppression

system, shown in figure 2-1.

Generator Passive Load
Network

Figure 2-1. Passive attenuator model.

A source of noise, modeled by the generator, is to be con-

nected to the listening environment, modeled by the

impedance, through some network of passive elements. This

network should be designed to prevent energy transfer from

the source to the load at freauencies of interest.

However, mechanical and acoustical circuits are

constrained by the fact that mass elements must be referenced

to ground. In an electrical model of acoustic or mechanical

circuits, all massesy which are represented by capacitors,

must have one end connected to ground, as discussed in

Beranek (1). This constraint limits the tvpes of filters

that can be constructed.
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A twsical filter might be modeled using lumped Parameter

elements as shown in figure 2-2.

Generator Passive Network Load

Figure 2-2. Passive attenuator model,

The generator is connected to the source through a series of

compliances and masses. Neglecting damping for the moment,

the freauenc below which the filter is no longer effective

in reducing enersw transmitted is proportional to the

reciprocal of the snuare root of the Product of the mass and

the compliance. If the desire is to reduce noise Propagation

at low frenuencies, either the compliance must be increased,

resulting in a weak, flexible mechanical structure, or the

mass must be increased,

Herein lies the problem with reducing noise transmission

using Passive structures# The onlv Practical wav to attenu-

ate airborne low freauencv noise Passivelw is to use large

masses, Large masses tend to be bulky, exPensive, and,

obviously, heavy. Such attenuators are inconvenient to use

in manr applications.

As an example, suppose a noise reduction of 20 db at 50
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Hz is desired. If a single walled, solid, damped partition

is used to enclose the noise source, figure 10-26 in Beranek

(1) shows that a surface densitw of 14 Pounds/sauare foot is

reauired. Thus, a Partition made from one inch thick

aluminum walls, or from one auarter inch thick lead walls

would be needed to give the renuired attenuation.

If the noise source is contained within a two foot cube,

then 336 Pounds of material are reauired to obtain the

desired noise attenuation. Such a weight would preclude this

noise attenuator from being used in anw portable application.

And even a small hole or leak in the Partition would Oreatlw

diminish the noise attenuation, so the structure must

completelv seal the noise source, eliminating anr access to

it and eliminating the possibility of ventilating it. At

current prices, the reouired aluminum stock would cost

approximatelv $700. And, if one wanted to decrease the

cutoff freauencw bw an octave to 25 Hz, the weight would

auadruple to over half a ton, and the price of materials

would increase to nearlv $3000. Additionallvp this noise at-

tenuator would onlw Quiet a machine enclosed in its small two

foot cube volume. Finallw, the eauation taken from Beranek

used in calculating these figures contains some

approximations and assumptions and wields a result which is

indicative of the best Performance one could expect.

TvpicallY, one would not obtain as great a noise reduction as

that calculated using this formula.
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Noise reduction mav also be achieved throuSh the use of

acoustic resistances which absorb energv. However, large

auantities of materials are reauired in order to obtain

significant low freauencY attenuation* For example, in order

to achieve 20 db of attenuation at 50 Hz, Beranek (1) shows

that 80 feet of 4 inch thick fiberglass baffles located on 8

inch centers are reauired.

If the noise energv is predominately at one freauencv,

an acoustic resonator could be used to reduce the noise level

at that freauency. However, such a structure would be large,

due to the high compliance, and thus large volume reauired.

The effectiveness of passive attenuation systems can be

improved bv using multiple walled svstems with air saps.

However, it is easw to see that if significant noise

reduction at low freauencies is reeuired, Passive svstems are

simply too expensive, too heavy, and too inconvenient+ The

importance of controlling low freauencw noise should not be

underestimated. Tempest (30) showed that noise below 100 Hz

was annoving far in excess of what its A weighted level would

predict. So, there exists a need to reduce low freauencv

noise which passive systems can not fulfill.

II. OPEN LOOP ACTIVE METHODS

Since Passive methods have been shown to be

unsatisfactory for attenuating low freauenc noise, active
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methods need to be investigated. The first reference to the

use of active methods to reduce unwanted sound seems to be a

Patent granted to LueS (17) in 1936. A search of the

literature shows that more recently two approaches have been

used: open loop methods, in which the amount of attenuation

is not monitored bw the system, and closed loop methods,

where feedback is utilized, so that noise reduction is

constantlw optimized bv the svstem.

Twpically, the open loop swstems divide space into two

regions, as shown in figure 2-3#

Imaginar -
Closed Surface

(Encloses noise
region) A "%Pickup microphones

covering surface

s Attenuating sources
I covering surface

Noise sources -

Observer a
(located in the
attenuation region)

Figure 2-3. Attenuation by Husens' Sources.

One region contains the noise sources, and the other contains

the listeners, It is in this second region that noise atten-

uation is desired. Separating these two reSions is an

imaginary closed surface. On this surface are placed the
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devices which Produce the noise reduction.

Such a swstem relies on Huyvens' principle, better known

in optics, but here applied to acoustics. The Principle

states that a wavefront produced by a primary source mav also

be considered as the sum of wavefronts produced bw an

infinite number of simple secondary sources. In noise atten-

uation devices, the acoustic sources on the closed surface

act as the secondary sources referred to by Huvgens. The

noise sources, which are the Primary source, are enclosed by

the surface, and create some wavefront on the surface. If

the secondary attenuatin9 sources on the surface are appro-

priately driven, thev can sum to create a wavefront having

the same magnitude but opposite sign to that generated by the

Primary noise sources. Thus, in the region outside the

surface, the two wavefronts sum to zero, and the noise

sources enclosed by the surface are Quieted.

This approach to the Problem has been used by a number

of investigators, Particularly in France and the Soviet

Union. Mangiante (18), and Canevet and Mangiante (4) in

Particular, along with Jessel and Mangiante (12) and Fedorwuk

(10), have investigated the twees of sources reauired on the

surface for optimal noise attenuation. Jessel and Mangiante

(12) determined that the renuired sources are directional,

with a cardioid Pattern, This Pattern is generated using

"tripole" sourcesy each consisting of a dipole source and a

monopole source. The sources are oriented so that thev
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radiate maximum Power to the outside region of space. Thew

are driven bv signals derived from the Pressure as measured

Just inside the surface. The Pressure measurement is made

using tripole microphones lvin inside the surface in the

region of the noise sources, and sensitive only in the

direction of the noise sources. Since the attenuating

sources Put out sound onlw in the noise attenuation region,

and since the Pressure microphones Pick up sound onlv from

the noise source region, the microphones are insensitive to

the output of the noise attenuating sources, and the svstem

operates in an open loop manner.

Mansiante (18) investigated the Problems encountered

when the infinite number of attenuating sources reauired to

cover the imaginarw surface are replaced with a finite number

of sources. This constraint limits the amount of noise

reduction and the bandwidth over which reduction maw be

obtained.

Mangiante (18) experimentallw examined this technioue.

Twentv attenuating sources were located on a O.8m diameter

imaSinarw sphere. Twelve noise sources were located on a

concentric 0.2m sphere. A far field reduction in sound

Pressure level of 15 to 30 db was obtained for sine waves in

the ranSe of 250 to 500 Hz, and a reduction of 10 to 15 db

for narrow band noise was measured in this same freauencw

ranse. The experiment was conducted in an anechoic chamber.

However, the signals fed to the attenuating sources were not



Page 18

derived from a microphone Pickup, but from the actual signal

exciting the noise sources, In practice, the fact that a

finite number of microphones would be used would tend to

decrease the amount of attenuation obtainable.

In air ducts, it is possible to treat the problem one

dimensionallw. The duct is divided bw an imaginarv Plane

normal to the air flow through which all air must flow. If

the noise sources are assumed to be upstream of this Plane,

then the noise source region maw be considered to be the

region upstream of this Plane and the noise attenuation

region to be downstream. Canevet (3) and Canevet and

Mangiante (4) used this approach and studied noise reduction

in air ducts. Acoustic waves were introduced bw means of a

loudspeaker into one end of a duct, 8cm in diameter and 3m

long. Halfwaw down the duct, a tripole source was arranged,

beaming downstream, fed bv a signal derived from the

electrical signal driving the noise source loudspeaker.

Upstream from the attenuating source, no change in sound

pressure was reported bv Canevet and Mangiante (4), but

downstream, a 50 to 70 db drop in level was observed for sine

waves* Since the swstem was operating in an open loop

manner, this reduction was criticallv sensitive to

temperature changes and drift in the electronics. Canevet

(3) refined the svstem bv using better tripole sources driven

bv an upstream microphone# Downstream, noise was reduced bv

40 db for sine waves and 15 db for narrow band noise.
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Swinbanks (27) examined the one dimensional Problem and

calculated that attenuations of up to 50 db were Possible

over a wide range of freauencies. Instead of using tripole

sources, Swinbanks determined that a unidirectional Plane

wave source made up of a small number of simple sources on

the surface of the duct could Produce this desree of attenu-

ation. A similar arrangement of microphones upstream could

detect the oncoming noise wavefront. Poole and Leventhall

(23) experimentallw verified this technioue and reported 50

db of noise reduction for sine waves.

Other open loop technioues have been reported for use in

situations where the noise waveform is sufficiently well

known that Pickup microphones are unnecessarw. Conover (6)

and Hawlew (11) have both discussed svstems in which the at-

tenuating sources are driven from a signal derived from the

electrical signal which excites the noise source. Such a

svstem could be used onlw where the noise is generated bv a

device excited by a known electrical signal. Conover (6)

described such a swstem which was tested using a high power

electrical transformer. Transformers and similar electrical

apparatus are excited bw the 60 Hz current flowing through

them and typically generate acoustical energv at freauencies

of 120 Hz and harmonics of 120 Hz.

Conover Placed a single loudspeaker next to a 15000 KVA

transformer. A microphone was Placed 30 to 60 feet awav, on

axis in the far field, to monitor the amount of noise attenu-
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ation obtained. The speaker was fed with sine waves at 120,

240, and 360 Hz, of adjustable amplitude and Phase. The amp-

litude and Phase of each freauencv sine wave was manuallv

adJusted to minimize the sound Pressure as measured bv the

far field monitor microphone. A polar Plot of noise attenu-

ation was then made. 20 db of attenuation was reported on

axis, but for most angles, significantlv less attenuation was

recorded. And, for mans angles, increased sound pressure was

measured. However, due to the changing nature of the

electrical load on the transformer and the changinS weather

conditions, the signal driving the attenuating source had to

be adJusted fretuentlY, bw as much as 6 db Per hour, to

maximize noise attenuation.

One can clearlw see the disadvantage of the oPen loop

svstems thus far reported, Once the noise attenuation swstem

is set up and optimized, performance is degraded bv changes

in the system which are certain to occur. Thus, in most

applicationst an open loop svstem does not suffice, and a

more complex sYstem is reauired.

III. CLOSED LOOP ACTIVE METHODS

Since open loop methods lack the ability to adJust to

meet changing conditions, the application of feedback to

active noise attenuation methods should be considered. Bw

utilizing feedback, the swstem can be made to monitor its own
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Performance, and the effects of changin operating conditions

can be minimized.

Several schemes have been reported in which closed loop

techninues were used for reducing vibration in solid objects

such as beams or Plates. Papers bw Tartakowski (29), Knwasev

and Tartakowski (13, 14), and Rockwell and Lawther (25) have

discussed the use of feedback to reduce vibration at audio

freauencies. These swstems typically measure the velocity or

force at a Point or arrav of points on the beam or Plate and

use a feedback loop with a velocity or force transducer to

minimize the disturbance measured. By setting the velocity

of a point on a beam to zero, Rockwell and Lawther (25)

reported a reduction of 30 db in vibration level over a wide

range of freauencies.

These systems have practical uses as noise abatement

devices in locations where sound transmission along solid

members, such as a beam or a Plate, is a problem, For

example, if such a svstem were applied to a mounting Plate

for a Piece of heavw machinery less noise would be trans-

mitted to the floor, and the overall noise level in the room

would be decreased.

An additional twpe of closed loop noise attenuation

svstem also exists. Such a svstem reduces airborne noise as

it travels from the noise source to the listener, using

closed loop techninues. However, little has been reported in

the literature on such a system, Olson (20, 21) and
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coworkers at RCA wrote about such a swstem in the earlv 50's.

Their svstem attempts to minimize the sound in a region

around a Point due to a distant noise source. This

minimization is accomplished bv using a feedback swstem to

set the incremental Pressure of a Point to zero. If anr

theoretical work was done to determine the desirabilitv of

this approach to the Problemp it was not reported. Figure

2-4 shows a schematic representation of the swstem.

nearbv observer
hears reduced distant noise

noise level sources scattered

loudspeaker 
in space

(attenuating
microphone source)
(and Point

of zero
incremental
Pressure) distant observer

hears no change
in noise level

signal
ProcessinS
electronics

Figure 2-4. Olson's active noise attenuation svstem.

A microphone is Placed in close Proximitv to a loudspeaker.

The microphone feeds electronic circuitrw containing a hiSh

sain amplifiery compensation electronics, and a Power

amplifier, which drives the speaker. This system forces the
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incremental Pressure at the microphone to become close to

zero for freauencies at which the loop operates. As a

result, an observer close to the microphone would hear a

reduction in noise from a distant noise source.

Olson (20) used an especiallv designed loudspeaker and

microphone which were separated bv a distance of

approximately one inch. The svstem decreased the sound

Pressure level at the microphone due to distant noise sources

by a maximum of 25 db, over a range from 20 to 200 Hz. Four

inches from the microphone, the maximum attenuation dropped

to 15 db, and at ten inches awav from the microphone, maximum

attenuation became 12 db.

Since this technieue works onlw when the listener and

microphone are separated bv a small fraction of a wavelength

of sound, the device uiets onlw a small volume of space

directlw around the microphone. However, even with this

limitation, the swstem can be useful. Simshauser and Hawlev

(26) Proposed that this techniaue be used in noise reducing

headsets, which could provide better ear Protection than

Passive headsets in noisw environments. Thew reported that

as much as 15 db of attenuation could be obtained at low and

midband frenuencies.

While these technieues are capable of Providing signifi-

cant noise attenuation, thew do so only over a limited volume

of space. There remained a need for a system which would

allow global noise reduction when a noise attenuating device
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was applied locall to a noise source. It was from this

Point that new work on the Problem of active noise attenu-

ation began.
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Chapter 3

A GLOBAL

NOISE ATTENUATION METHOD

The Proposed device would operate in a different manner

than those previouslv described in the literature. It would

be placed close to a noise source, and would activelw process

and modify the noise generated bw the noise source in such a

wav as to reduce the total Power radiated bv the combination

of the noise source and attenuating source when compared to

the noise source operating alone.

The general form that such a device would take is shown

schematically in figure 3-1. A microphone is Placed close to

both a noise source and an attenuating sourcey which could be

a loudspeaker. As will be shown below, if the attenuating

source is forced to have the same magnitude of volume

velocitv as the noise source, but with opposite signp then

the noise source and attenuating source effectively become a

dipole source, and the total Power radiated is reduced. This

situation maw be obtained by suitable design of the signal

Processing electronics. The Power reduction occurs onlv for

freauencies where the separation between the noise source and
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loudspeaker
( at tenuat ing

noise source)
source

microphone

signal distant observer
processing hears reduced
electronics noise level

Figure 3-1. Proposed attenuation system. Microphone, noise
source, and loudspeaker are all closelv spaced,

the attenuating source is small compared to a wavelength of

sound. Therefore, for low frenuencies, the sound Pressure

level heard bv a distant observer is much less for the

combination of noise and attenuating sources than for the

noise source alone.

At higher freauencies, where the separation between the

noise source and the attenuating source becomes comparable

to, or large compared to the wavelength of sound, no sound

attenuation can be expected. Stability constraints on the

feedback loop, however, reauire that the system gain be low,

and thus the output of the attenuating source is also be low

at these frenuencies. As a result, the noise attenuator has

little effect on the overall noise level at high freauencies.

This limitation need not be a problem in Practical

applications, since sound at these freauencies can be
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satisfactorily attenuated bv Passive devices.

This t-ae of device is capable of reducing the total

power radiated at low freauencies bw noise sources small

compared to a wavelength of sound. For noise sources

comparable to or larger than a wavelensth, several such

attenuating sources are renuired.

First, the form of the noise attenuation device must be

examined. The simplest possible problem is that of a simple

Point noise source and a simple Point attenuating source. If

the position and volume velocity of the noise source are

known, then it should be possible to determine a position and

volume velocity for the attenuating source which minimizes

power radiated.

In order to undertake this Problem, an expression for

the Power radiated bw two Point sources which are closelv

spaced compared to a wavelength must first be derived. The

geometrv of the Problem is shown in figure 3-2. The noise

source is located at the origin, and has volume velocity Vvr,

with a magnitude Vvn and zero Phase anale. (Throughout this

paper, the convention that underlined variables represent

complex auantities will be used.) The attenuating source is

located at a point (r , ) in Polar coordinates, and has
C C

volume velocity Vvc, of magnitude Vvc and Phase $.

The distance from the origin, and thus from the noise

source, to a distant observer is represented by r. Making

the assumption that r is sufficiently large compared to r y
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. (i',G)
distant
observer

Vv = Vvc ej*
OMO c

r

v = Vvn

Figure 3-2. Geometrw of the two point source attenuation
problem. Noise source with volume velocity vr is located at
the origin, and attenuating source with volume velocity Vvc
is located at (r ,9 ).

C C

the distance from the attenuating source to the noise source,

so that r and r are nearlv parallel, then the distance from
CO

the attenuating source to the observer can be written

r = r - r (cos(G-e )) (3.1)
Co C C

The pressure due to a point source having volume velocity Vv

and phase is (Beranek's (1) eauation 4-3)

Vv f p
= J--.........- exp (-Jkr + Jp)

2 r
(3.2)

I

9
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where f is the freauency, p is the densitv of airy and k is

the wavenumber. Superposition mas be used to write the far

field Pressure due to the noise source and attenuating source

as

J Vvc f p
P(r) = ----------- exp(-Jkr + Ji)

2 r Co
Co

J Vvn f p
+- ----------- exp(-Jkr) (3.3)

2 r

Again, making the assumption that r is large compared to r ,
C

rCo maw be replaced bv r in the denominator. Regrouping

terms gives

J f p0
P(r) = ------- exp(-Jkr){ Vvn +

2 r

+ Vvc exp(J($ + kr cos(-9 )))} (3.4)
C C

In order to find the total Power, the magnitude seuared

of the Pressure is needed. It maw be written

f 2 P 2

|!|= -_---{ (Vvn + Vvc cos($+kr cos(8-8 )))
4r 2  C C

+(Vvc sin($+kr cos(B-9 )))2} (3.5)
C C

Bw making the substitution

a = $+ kr cos(O-8 ) (3.6)
C C

and obtaining

f2 P2

JpJ2 = _ 2 - (Vvn + Vvc cosa) 2 + (Vvc sina) 2
4 r2 (3.7)

the expression reduces to
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2 2

2 = ______(Vvn 2 + Vvc2 + 2 Vvc Vvn cosa) (3.8)

The total Power radiated, P, bv this combination of

sources is Proportional to the integral of the magnitude

souared of the Pressure, evaluated over a surface enclosing

the two sources.

T 27
P c X X p 2 , 2 sin$ d8 d$ (3.9)

00 ~

Since the magnitude souared of the pressure is not a function

of y the integral becomes

27
P c r 2  2 d@ (3.10)

0

Substituting in the expression for Pressure gives

2w f 2 p 2

P c r 2 0 {Vvn 2 + Vvc 2 + 2 Vvc Vvn cosa}dB
0 4r 2  (3.11)

which reduces to

27
P 0 f {Vvn 2 + Vvc 2 + 2 Vvc Vvn cosa}d8 (3.12)

0

The problem now becomes one of integrating the expression for

the souare of the pressure magnitude with respect to theta.

This integration maw be done term bv term. The first two

terms are trivial.
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21T
f (Vvn2 + Vvc 2 ) dQ = 2n (Vvn2 + Vvc 2 ) (3.13)
0

The second term is of the form+ cos(cos 8)

21r
f 2 Vvc Vvn cos(4 + kr cos(G-9 ) d& (3.14)
0 C C

This integral can be rewritten as

2T
2 Vvc Vvn f {cos4 cos(kr cos(S-8 C

0

+ sinO sin(kr cos(8- C ))}dB (3.15)

Fortunatelw, because of the reauirement that the two point

sources be closel spaced in terms of wavelengths, the term

krC will be small at freauencies of interest. Thus, the

cosine term maw be expanded in a series

k2 r2 cos 2 (13_9
cos(kr C cos(B9O -~ ~ ~~ ~~I~ ~ + . .

2 (3.16)

and the sine term, similarlvy

sin(kr cos(B-9 )) kr cos(6-9 ) + ... (3.17)
C C C C

Dropping the higher order terms, the integral becomes

27 k 2 r cos2 (8-8 )
2 Vvc Vvn cos {1 ------------

0 2

2T
+ sin* f kr cos(4-B ) d8 (3.18)

0 C C

which reduces to
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n k 2 r 2

2 Vvc Vvn cos p (2 T - - C--- ) (3.19)
2

The final result is a Proportionalitv for total Power

radiated, PF of the form

k 2r 2
P , Vvn2 + Vvc 2 + Vvc Vvn cos (2 - ----. C-. )

2 (3.20)

From this expression, one can see that Power radiated

decreases as the spacing between the two sources decreases,

as their volume velocity magnitudes become more alike, and as

their Phase difference more closelv becomes 180 degrees+ In

the situation where the spacing becomes zero, and the volume

velocities become identical with a 180 degree Phase shift,

then the total Power radiated becomes zero.

Standard minimization techniaues show, as expectedy that

the more the two sources become like a dipole, the less Power

is radiated bv the Pair. This minimization can be confirmed,

and a determination made of how much Power reduction can be

expected bw using a computer simulation. Figure 3-3 shows

the reduction in Power radiated for two point sources. Zero

db is the level of the Power radiated bw a single Point

source having volume velocitv magnitude 1 and Phase 0. In

generating these curvest the noise point source was set to

Vvn = 1, and Phase = 0. The attenuating point source had a

variable magnitude and Phase, as shown on the Plot, The

sources were located one twentieth of a wavelength apart.

Note that maximum attenuation occurs for the dipole
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condition, that is, Vvn = -Vvc. For this dipole situation, a

plot of Power attenuation versus freauencY is shown in figure

3-4 when the noise and attenuation source are located 0.1m

apart. The Programs used to generate these plots are shown

in Appendix 4. Not surprisinolv, at low frenuencies, the

attenuation is greatest, where the spacing of the sources is

the smallest fraction of a wavelen th. As this fraction

becomes larger, less and less attenuation is observered. At

frenuencies near 500 Hz, the separation becomes significant

compared to a wavelength, and the approximations used in

deriving the power radiation eauations are no longer valid.

As a result, the results shown in the Plot can not be

regarded as reliable above 500 Hz. However, significant

attenuation can not be expected when the sources are

separated bv a large fraction of a wavelength. In addition,

the stabilitw constraints imposed on the svstem will Prevent

the attenuating source from having significant output at

these frenuencies, and so the addition of the attenuating

source will have little affect on Power radiated at midband

and high freauencies.

In general, acoustic sources are not Point sources. One

might expect, though, that bv using reasonablv sized

loudspeakers as attenuating sources, each maw be modeled

accuratelv as a Point source at freauencies where the

attenuator functions. However, mans noise sources can not be

modeled accuratelv using point sources. But, any noise
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source maw be regarded as a collection of Point sourcesy each

having a different location, and complex volume velocitw.

The total Power radiated bw M noise sources and one

attenuating source is shown in ecuation 3-21 below.

M M k2 r?
F "Vvc2 + r Vvn2 + Vvc Vvn. ( 2 -- cos

M M k 2 r?.
+ E Z Vvn Vvn (2 - 13 ) cos($. --. )

i=1 J=1 2
i J (3.21)

Power radiated bw M noise sources at distance r.* with
magnitude Vvn. and Phase *.y and one attenuatiotu source at
the origin habins magnitud Vvc and Phase O.

This expression is derived in Appendix 1 and follows steps

similar to those in the derivation shown in this chapter.

This expression turns out to be not Particularlw informative.

However, one can note that as noise source to attenuating

source spacings become smaller, the dipole situation causes

increased Power reduction. The goal again becomes making the

attenuating source and each noise source as much like a

dipole as Possible. By doins so, the total Power radiated

can be reduced.
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Chapter 4

SINGLE LOOP ATTENUATION

OF SINGLE SOURCES

From the derivations of the previous chapter, the

general form of the attenuation svstem is known. As was

shown in that chaptery the attenuating source, for a sinsle

point noise source, should take the form of a point sourcer

having volume velocity M(s) = -Vvn(s), and located as close

as possible to the noise source. The next Problem is to

develop a svstem that generates this volume velocitw.

It is expected that a closed loop systemp as shown in

figure 4-1, can fulfill the reeuirements. Vvr(s) is the

volume velocity of the noise sourcer and Vvc(s) is that of

the attenuating source. H(s) is the transfer function

between the Pressure at the microphone and the output device.

The transfer function between the volume velocity of the

noise source and sound Pressure at the microphone is

represented by nfn(s), the near field transfer function of

the noise source. Similarly, nfc(s) represents the transfer

function from the attenuating source volume velocity to the

sound Pressure at the microphone. The system is assumed to
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noise micro- attenuatini
source Phone source

Vvn(s)..... nfn s) + H(s) Vvc(s)

nVfc(s)

Figure 4-1. Closed loop attenuation svstem. Vvn(s) and
Vvc(s) are the volume velocities of the noise source and the
attenuating sourcer respectively, fri(s) and nfc(s) are the
near field transfer functions of the noise and attenuating
sources, respectively. H(s) is the transfer function of the
microphoner electronics, and speaker.

be linear and time invariant. The transfer function between

Vvc(s) and Vvr(s) can be written

H(s) nfn(s)
Vvc(s) = --.........--------------- Vv(s) (4.1)

1 - H(s) nfc(s)

When rfn(s) = nfc(s) , and when 1H(s) nfc(s) >> l then this

eauation reduces to Vvc(s) = -Vvn(s), which is Precisely the

transfer function desired. So, in order to obtain the Proper

attenuator action, H(s), and thus the open loop gain, of the

svstem must be large, and the near field Pressure transfer

function must be the same for both the noise source and the

attenuating source.

The practical restrictions on the near field transfer

functions, nfn(s) and nifc(s), and on the system transfer

function, H(s), must be determined to ensure that Vvn(s) =

-Vvc(s) in a practical system, Before investigating the

reauirements on H(s), the near field transfer functions
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should be examined. The simplest case, a Point noise source,

implies a point attenuating source at an eaual distance from

the microphone, so that inf(s) = ifc(s). For frenuencies of

interest, it is possible to build a loudspeaker swstem which

will act as a point source in both the near and far field.

The speaker enclosure must be sealed, and all dimensions of

the loudspeaker enclosure must be small compared to a

wavelength at the highest frenuencw of interest. If, for

example, the hishest freauencY of interest is 500 Hz, the

wavelength is 70cm, and all dimensions of the loudspeaker

must be small compared to 70cm.

In order to examine further the near field Properties of

a loudspeaker, some Pressure measurements were made of a

loudspeaker in an anechoic chamber. A loudspeaker,

consisting of a 6 inch diameter high displacement woofer

enclosed in a sealed box having approximate dimensions 20 x

23 x 30cm, was excited bw swept sine waves. At various

distances from the speaker, a microphone measured the on-axis

sound pressure. The amplitude and Phase of this Pressure

compared to the loudspeaker excitation is shown in figure

4-2. The top Plot shows the magnitude of the loudspeaker to

microphone transfer function for microphone to speaker

distances of 5cm and 100cm. The bottom Plot shows the phase

function for both distances. The onlY significant difference

at low freauencies between the two curves in each Plot is the

added frenuencw dependent phase term due to the transit time
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Figure 4-2. Magnitude arn d Phase measurements of the
experimental speaker in an anechoic chamber. Top plot:
magnitude curves. Top curve: 100cm microphone to speaker
spacing. Bottom curve: 5cm spacinry- scale shifted bw 30 db.
Bottom Plot+' phase curves. Top curve+ 5cm spacing. Bottom
curve* 100cm spacing.
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del.aw. These Plots indicate that like a Point source, the

loudspeaker has a far field transfer function which is the

same as its near field transfer function at low freauencies,

where dimensions are small compared to a wavelenigth.

The noise source, as discussed earliery mav not be

Particularly well modeled as a Point source. However, anY

noise source mav be considered as a collection of Point

sourcesy in which case, the effect of the attenuator is to

trv to make the collection of nearby point sources and itself

into a dipole. Siznificant attenuation can be attained even

when the noise source is not a point sourcer as is shown

theoretically in Appendix 2y and exPerimentally below.

Assumins,~ for the moment, that the noise source is a

point source, then in order to make nfn(s) and rnfc(s)

identical, the distance from the microphone to each of the

sources must be the same, as shown in Chapter 3. This

condition will ensure that the two transfer functions are

eaual.

The first condition, that nfn(s) = nfc(s), has been

satisfied. The next, that H(s) be large, must be examined.

H(s) is the transfer function from the Pressure at the

microphone Position to the volume velocity of the attenuatin

loudspeaker. It includes the freauency response of the

microphone, the electronicsy and the loudspeaker.

For the system under consideration, which is open loop

stable, and whose ma!rnitude curve Passes through unity only
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oncey or remains less than unity, each time the Phase curve

Passes through 180 desrees, the closed loop system is stable

if the loop gain is less than unity at the freauencies where

the phase Passes through 180 degrees. Both the microphone

and the loudspeaker contribute to the magnitude and Phase of

the system, so models of these two devices must be obtained

before the electronics can be designed.

The speaker used for the attenuator source was the same

one as used in the anechoic near field measurements discussed

above, As described in Appendix 3, measurements of the

loudspeaker were made, and an electrical model was

constructed, In order to verify the accuracv of the model,

the measured driving Point impedance was compared to that

predicted by the model. The computer circuit analysis

Program, TWEAK, developed at Bose Corporation, was used to

generate an impedance curve for this speaker model. This

computed impedance curve matches Quite well the measured

impedance curve of the actual speaker, as shown in figures

4-3 and 4-4. The Primarv region of disagreement is in the

high freauencY end, due to the skin effect in the speaker

Pole piece. Since this effect occurs onlw at freauencies

above those of interest, it was left out of the model.

The analysis Program was also used to generate a gain

and Phase curve for the transfer function of the loudspeaker.

The input parameter is the voltage driving the speaker, and

the output is the far field Pressure, which for freauencies
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Figure 4-3. Measured impedance curve of experimental
loudspeaker. Curve with higher freauencw Peak is the correct
curve. Second curve was used for calculatin model
Parameters as discussed in Appendix 3.
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Figure 4-4. Calculated impedance curve for experimental

loudspeaker.

of interest, is Proportional to the near field Pressure, as
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verified in the experiment used to generate figure 4-2. The

plots are shown in figure 4-5, Listings of the computer

files used as input to the circuit analwsis Program are shown

The zero db level of the magnitude Plot is

4.74
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in Appendix 5.
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Figure 4-5. Calculated magnitude and Phase curves for
experimental speaker. Voltage applied to the speaker is the
inputy and far field Pressure is the output.

relative and does not refer to anw Particular level of

interest.

The microphone used in the exPeriments was a small (7 x

7 x 5mm) electret microphone with an integrated Preamplifier,
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Knowles Electronics model CA-1832. The freauencv response of

the actual microphone used was measured to verifv its

performance. The low freauencv cutoff of the microphone was

found to be 25 Hz bv another investigator in the lab, and was

confirmed using open loop gain and phase measurements of the

completed svstem, A zero at the origin, and a real Pole at

25 Hz was added to the loudspeaker model to include the

effects of the microphone in the svstem. The computer

calculated magnitude and Phase response of these two elements

is shown in figure 4-6.

The onlY remaining non-electronic element in the svstem

was the air separating the microphone and loudspeaker. The

!ain of this element is a constant, depending on the

separation, but the Phase is a strong function of freauencv

due to the time delay. In order to model this delay, an

all-pass filter was added to the computer model which, over

the freauencies of interest, approximates the Phase response

of the delav correspondinc to Scm of air. This distance was

selected because it was thought to be representative of the

twPical distance that might be used in a Practical system+

The resulting calculated gain and Phase curves are shown in

figure 4-7. The all-pass filter adds 180 degrees of Phase to

the system that does not exist in the air Path. Thus, the

phase angle marked zero degrees actuallv represents a Phase

angle of 180 degrees. So, for stability, the electronics

must have a gain of less than one at the freeuencies where
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Figure 4-6. Calculated magnitude and Phase curves for
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a

the Phase curve crosses the zero degree line on these

computer Plots. This error continues for the remainder of

the computer generated Plots shown in this chapter.

In order to verifv the accuracv of the computer model,

open loop gain and Phase measurements were made on the actual
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Figure 4-7. Calculated magnitude and Phase curves for
speaker, microphone, and a 5cm air Path. Note that Phase
curve is incorrect bw 180 deSrees as explained in the text,

swstem. The results of those measurements are shown in

figure 4-8, and seem to match the computer model well,

Particularly the two important Parameters of crossover
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Figure 4-8, Measured magnitude and Phase curves for speaker,
microphone, and 5cm air path.

freauenc and maximum open loop gain.

The goal is to make the open loop gain as large as

Possible over as wide a freauencw range as possible while

keeping the gain less than one where the phase crosses
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throush 180 degrees. This goal can be achieved through the

use of compensation in the electronics Path. After some

calculation and a series of trials, it was found that a

single real Pole at 25 Hz, and a double lead/las network,

Providing two real Poles at 80 Hz, two at 3000 Hz, and two

real zeros at 160 Hz and two at 1500 Hz, seemed to Provide as

much open loop gain over as wide a freauencv as anv of the

other compensation schemes modeled on the computer. The open

loop magnitude and Phase plots as calculated bv the computer

are shown in figure 4-9. This compensation gives a maximum

open loop !ain which is 16 db above the sain at the crossover

freauency with crossover occurins at 15 and 500 Hz.

One disappointment is the fact that the maximum open

loop Sain is not as high as one might like, This open loop

Sain gives a measure of how much Pressure reduction at the

microphone can be expected, which in turn, indicates the

amount of power reduction that can be achieved. This maximum

open loop Sain is limited bv the fact that the svstem :ain

must fall off asvmptoticallv no faster than second order,

that is, 12db Per octavey at the crossover freauencies, in

order for the svstem to be stable. So, in order to increase

the maximum Iopen loop gain while keepinS a reasonable amount

of Sain throughout the region between crossover freauenciesp

the crossover frenuencies should be separated as much as

possible. Bw Putting the low end crossover freauenc as low

as possible and the high end crossover freauene as high as
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Possible, a higher maximum open loop gain can be achieved,

and significant gain, and thus significant attenuation, can

occur over a wider band of freauencies.
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improvement, On the hish end, the crossover freauencw can

not be extended too far, since the Phase shift due to the

time delav in air becomes significant and causes instabilitv.

500 Hz is a reasonable upper limit to the high end crossover

freauenc. (At 500 Hz, 0.1 meters corresponds to a Phase

shift of 50 degrees, alreadw a significant fraction of the

maximum allowable 180 degrees.) At the low end, however, it

might seem that there would be no limitation to how low the

crossover freauencv could be set. Unfortunatel-, this

thought is incorrect. The svstem attempts to set the

pressure at the microphone to be zero. Below loudspeaker

resonance, (which is approximatelv 80 Hz for the speaker used

in these experiments) the speaker displacement must auadruple

each time the freauencw is cut in half for constant Pressure

output. So for each octave the cutoff fretuencv is

decreased, the speaker must be able to move four times as

far. At some Point, the speaker becomes nonlinear, and

additional displacement can not be obtained. Thus, a limit

on the low freauencv cutoff is imposed bv the Practical

constraints of the loudspeaker. This Problem is exacerbated

bw the high level of verv low frenuencw noise Present in most

rooms, which sets picked up bw the microphone and fed to the

speaker. Thus, even in the absence of anv noise sources to

attenuate, the speaker maw be traveling bevond its linear

range.

Due to the large amount of ambient noise encountered
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between 5 and 10 Hz, the low freauenc cutoff freauencv had

to be held above 10 Hz for the speaker used in these

experiments in order to avoid saturatin the speaker

displacement in normal operation. The low freauencv cutoff

freauenc might be improved bv usinA a larger loudspeaker

enclosed in a larSer box,. The larder loudspeaker would not

have to have as lons a linear travel in order to obtain the

same volume velocity, and since its resonant freauencv would

be lower, the Problem of extendinA its response by increasin

displacement at decreasin freauencies would be less severe.

However, as the speaker system becomes larder, the

attenuating source looks less and less like a point source,

which violates previously stated assumptions. For this

reason, the smaller, six inch speaker was used.

Another solution to the speaker displacement Problem is

the use of a Port in the loudspeaker box# Such a port can

greatlv decrease loudspeaker displacement at the freauenc of

the Port. However, such a Port would complicate the design

of the servo-system, since below the Port resonance, the Port

radiates, adding an additional source which must be taken

into account in the servo analysis. Also, the Port

introduces an additional 12 db Per octave rolloff in pressure

response at low freauencies. AEain, this alternative was not

used in contrast to the simplicity of a sealed enclosurey

which helps to limit extreme low freauencw excursion and

decreases the Possibilitv of speaker damage due to excessive
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displacement.

When the loop is closed, the computer model Predicts a

decrease in Pressure at the microphone as shown in figure

4-10. If Point noise and attenuating sources are assumed,

the computer model Predicts a global decrease in Power as

shown in figure 4-11. Asain, due to the approximations used

in deriving an expression for Power radiated, the Power Plot

is not accurate above approximatelv 500 Hz.

Over the range of freauencies from 20 to 300 Hz,

according to the model, the Power radiated bv the noise

source is decreased significantlw bi the addition of the

attenuating svstem. This attenuation is maximum at 80 Hz,

having a value of 21 db, At the low and high end of the

operating range of the attenuating looP, the Power is

actuallv increased, due to the Peaking in the closed loop

response of the servo as the open loop phase Passes through

180 desrees. At low freauencies, this increase can be made

to occur well below audible freauencies, especiallv if the

operating range of the system is extended as described above.

At the hish end, the increase is at a sufficientlw high

freauencv that it could be attenuated Passively. Thust an

increase in Power radiated at these freauencies need not

necessarily be a problem.

In the laboratory, the desired electronic compensator

was constructed, as shown in Appendix 6. The attenuating

system was set up, and its abilitv to reduce noise was
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measured. In order to !et an idea of the Performance of the

svstem in a reasonable room, as opposed to an anechoic

chambery the system was set up in a room with the floor Plan

shown in figure 4-12.

ventilator opening

tvpical
noise source
1o cat i on

4'

monitor
Microphone
location

.- 6 '..-

5'I:
________________________________________________ U -L

12*5'

18.5'

Figure 4-12. Floor plan of room in which attenuation
experiments were conducted.

The room had been treated to reduce sound transmission from

the outside of the room and to optimize its interior for

these sorts of reverberant field sound measurements. The

noise source was excited with wide band Pink noise. The

attenuating system was located near-bv, with approximatelv a

5cm spacinl between the microphone and both the noise and

attenuatini sources. A monitor microphone measured the

ceil ing
hei -ht
8' 2"

a- a
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reverberant field sound Pressure, which is dependent on the

power radiated bw acoustic sources into the room. Thus, the

monitor microphone Save a measure of the Power radiated bV

the sources, The microphone signal was filtered bv a swept

tenth-octave filter, and the output of the filter was Plotted

on a Sraphic level recorder.

The amount of attenuation the svstem Provided is shown

in the nex<t four figures for various noise sources.
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Figure 4-14. Measured reverberant field Pressure for Bose
802 speaker noise source. Top curve* noise source operating

alone. Middle curve:l noise source and attenuating system
operating. Bottom curve: no sources operating.

away from the theoretical maximum. At freauencies below 80

Hz, the sound level of the attenuator and noise sources was

close to that of the room with no sources operating. Thus,

the additional attenuation Predicted bv the computer model at

these freauencies mav have been hidden b% the room noise.

For figure 4--14, the noise source was a Bose model 802

loudspeaker, a speaker measuring approximatela 50 x 25 x

30cm, containing eight full range four and one half inch

diameter drivers on one surface. The attenuating source was

located opposite this face. Although the measured

attenuation is not as great as the first experiment'

significant attenuation was realized over the band from 40 to

250 Hz, with a maximum of 8 db at 70 Hz.

The bottom trace in these two Plots is the sound level
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measured bw the monitor microphone with both the noise source

and the attenuating source turned off. There is significant

energv at 30 Hz, and at 60 Hz and its multiples. It is

likelv that a large Portion of the 60 Hz energv is due to

Power line hum Pickup in the instrumentation electronics, but

a lot of the 30 and 60 Hz enersw was introduced into the room

bv an open ventilation duct. Since the noise was troublesome

while making other measurements, an attempt was made to auiet

the duct using the attenuator svstem.

The duct opened into the room through the wall,

approximatelv 1.5m from the floor, and had dimensions of

roughlv 45 x 30cm. The attenuating loudspeaker was Placed

directlv below it, PointinS up into the air flow. The

microphone was Positioned halfwav between the speaker and the

center of the duct, and shielded from the direct flow of air

out of the duct bv a Piece of closed cell foam, to Prevent

wind noise from overloading the electronics. The reverberant

field Pressure measurements with and without the noise

attenuator operating are shown in figure 4-15. The Plots

show that significant noise attenuation was achieved, with a

maximum attenuation of 15 db at 50 Hz.

Finallv, in what was thought to be a most difficult test

of the attenuator's abilities, a small motor driven air

compressor was brought into the room. The compressor

consisted of a one third horsepower motor driving a two

cvlinder air compressor Putting out air directly into the
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Figure 4-16. Measured reverberant field pressure for
compressor noise source. Top curve: comFressor alone.
Eottom curve, cOmFresso r arnd attenuato r system operatinis.

considerably less tharn that F'redicted assuming point sources.

In the case of the Bose 802 loudspeaker, which at freauerncies

of interest can be modeled as a number of ini-Phase point

sources, the atten~uator system is most effective for those

point sources spaced the same distan~ce from the microPhorne as

the atternuator speaker. For an~ exten~ded noise source, such

as the 802, having sources with signiificanit volume velocities

at a variety of distances from the microphone, only those

sources spaced the correct distan~ce from the microF'hon~e would

be maximally atternuated, while the others would be attenuated

to a lesser desree. Thus, the observed rnoise reduction with

this roise source is less than that predicted.

These experiments irndicate that the noise atteniuatins

system constructed in, the lab performed at levels close to



Fage 60

the theoretical limits calculated earlier, when used under

ideal situations. But, even under nonideal situtations, much

more like those likelv to be encountered in practice, the

attenuator Performed surprisinolv well, reducing the noise

renerated bv several twPical noise sources.
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Chapter 5

MULTIPLE LOOP ATTENUATION

OF NOISE SOURCES

The work of the previous chapters has shown that it is

Possible to reduce the acoustic power radiated bv small

sources. However, there exist man noise sources whose

dimensions are not small compared to a wavelength. At 80 Hz,

the frenuencv for which the single loop attenuator has the

best Performance, a wavelength is approximatelv 4 meters, so

a noise source must have dimensions significantlv smaller

than this figure in order to obtain reasonable noise

attenuation. This restriction severelv limits the usefulness

of the noise attenuatinS scheme. However, for large noise

sources, it might be possible to use several attenuating

loops, located around the noise sourcey to provide better

attenuation than one loop alone could Provide, Additionallvy

there is the Possibilitv that there might be several discrete

noise sources in a roomy each having its own attenuating

loop. In either casey a multiplicitv of attenuating loops

might Provide better Performance than one. However, multiple

loops in close proximitw could create stabilitv difficulties.
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The simplest case to consider is that of a single Point

noise source, and two Point attenuating sources. A measure

of the increase in attenuation that this svstem can Provide

compared to a single attenuating source svstem is needed.

The eauation developed in Appendix 1 can Provide this

measure.

P Vvn 2 + Vvc2  + Vvc2
2

_" 12 r 2

+ Vvc1  Vvc2  (2 - - .. ... ... ) cos (IP 1 -P 2 )

k 2 r2

+ Vvn Vvc (2 - 1) cos9
2

k 2 r 2

2
+ Vvn Vvc2  (2 - ------ ) cos$ 2  (5.1)

2

The eauation assumes a noise Point source located at the

origin, with volume velocitv magnitude 1 and Phase 0. One

point attenuating source is located at (r Y,0), with manitude

Vvc1 and phase $ . The other is located at (r2 ,62 )y with

magnitude Vvc2 $ r12 is the distance between

attenuating source 1 and 2.

The Power radiated can be minimized bv setting Vvc1 and

Vvc2 to 0.5Y $, and $2 to 180 degrees, and r1 2 = 2 r1 . Under

these conditions, the eauation Predicts a total radiated

Power of zero. In fact, the small amount of Power actuallv

radiated bv the sources is hidden in the approximations used

in deriving eauation (5.1). If an additional term in both

the sine and cosine expansions is retained, as shown in
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Appendix 1, a more accurate measure of Power is obtained.

Under the geometric conditions used to generate figure 3-3, a

dipole vields a 14 db Power reduction, while a tripole

provides 26 db.

The addition of the third source increases the order of

the resulting multipole source. For three sourcesy it has

just been shown above that a tripole minimizes power

radiated. Using eauations derived in Appendix 1, it can be

shown for the four source case that a auadripole minimizes

power radiated. It is expected that in an n-source case. a

n-pole would minimize Power radiated.

The increase in noise attenuation that is achieved in

the three source case as the tripole condition is approached

is shown in the plots of figure 5-1. In each of the plots,

the volume velocity magnitudes and Phases are as described

above. In eachy r1 and r2 are set to 0.imr but r1 2 varies

from 0 to 0.2m. Zero db refers to the Power radiated by a

single Point source with a volume velocity magnitude of 1.

For the top Plot, the second attenuating source is located at

(0.1,0), so that it is superimposed upon the first

attenuating source+ This situation is identical to the

single attenuating source situation described in the Previous

chapter, In the middle Plot, the second attenuating source

has been moved to (0.1, w/2). Some increase in attenuation

is observed. In the bottom Plot, the second attenuating

source is located at (0.1, 7). The radiated power should be
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near zero, and the plot shows nothing other than the roundoff

error of the computer.

Even with a point noise source, a second attenuatin,

source can Provide siznificant reduction in radiated Power*

The next Problem is to determine the sort of svstem that is

needed to produce the reauired volume velocities.

Again a closed loop svstem is expected+ The most

general form of that svstem is shown in figure 5-2.

rVc (s)s)

M2E r1l2 (s),

Figure 5-2. Two loop atternuatins system diagram.

Referinj to the fiure' the transfer function from the volume

velacitsi of the noise source to the pressure at each of the

two microphones is rfn(s) ard rfr2(s), the near field sound

pressure due to the noise source. Lin~kins microF'hone i with

attenuatin, source J is the transfer function Hig(s), which

represents the freauencY response of the microphone, svstem

electronics, and loudspeaker volume velocitY. From the
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attenuating source i to microphone J is the transfer function

nfiJ(s), the near field Pressure of attenuating source i as

measured at microphone J.

Eauations can be written relatin9 the attenuating source

volume velocities with that of the noise source, but such

eauations do not provide anr insight to the Problem, In

addition, there is a much more sicrnificant problem to be

answered first, namely, the auestion of stability, The

conditions that make this entire svstem stable need to be

f ound.

Classical control theory, as used in the Previous

chapter, is unable to provide an answer to this auestion.

Although in theory it is possible to write the eauation

5overning the loop in the form 1 + F(s) = 0 and use this

eauation to studs stability, in Practice, this Job would be

extremelv difficult. It was hoped that modern control theory

could Provide some help. However, due to the time delavs in

the system, the Problem is an infinite dimensional Problem.

In order to completelv characterize the state of the system,

the pressure must be known for an infinity of Points between

each of the sources and the microphones. Several recent

Papers and texts on this topic, such as those by Willsky

(34), Wolovich and Ferreira (36), Wolovich (35), Davison and

Wand (8, 9), and Kwakernack and Sivan (15), Plus discussions

with several workers in this field, lead to the realization

that in order to solve the central problemy technioues still
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beins developed in the control theorw field would have to be

employed4 Such techniaues would reauire a significant

investment in time and effort in order to explore this new

field. Rather than turn this work into one Primarily

concerned with control theory, it was decided to see if some

other method of answering the stability auestion could be

found.

One method that could answer the auestion with a

reasonable effort was the use of a time domain computer

simulation of the system. It was decided to use this

approach to trv to gain some insight into the various aspects

of the multiple loop attenuation Problem. Although the

computer simulation could help answer the auestion of

stability, it was not intended that the model Predict

detailed behavior of the actual system, It was intended onlw

to give a comparative indication of stability and Performance

as the various loop ,ains were changed. As a result, the

model is an extremelw simple onep with a number of

approximations. Point noise and attenuating sources are

assumed. Blocks which model the microphone, electronics, and

loudspeaker of the actual svstem were simplified to the point

where thew contain only a single real Pole and an adjustable

gain. The model used is shown in figure 5-3, along with a

listing of conditions assigned to the model, In order to

implement this model on a computer, a second order Predic-

tor-corrector algorithm, as discussed in Chua and Lin (5),
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Vvn d/d Vvc I

GII Ps~l) d/dtE

rnaa I

A-r 2i1ld
Vvressure

AriJ/rij represents the delav and attenuation
rij. GiJ represents the Sain, and P(siJ) the
feedforward Path iJ.

in Path length
Pole, in

r11 = 0.2m
r12 = 1.0
r21 = 1.0
r22 = 0.2

Figure 5-3.

rnl = 0.2m
rn2 = 1.0
rnO = 4.0
rci = 4.1

s1l = -600
s12 = -600
s21 = -600
s22 = -600

rad/sec

rc2 = 4.2

Two loop attenuating svstem computer model.

was used. A second order Adams-Bashforth predictor was used,
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3
n =- + h{ - f(x , t
n+1 n 2 n n

:1
- f(x 1 , tn )} (5.2)

and a second order Adams-Moulton corrector,

1
x = x+ h{ f(x ,t )n+1 n 2 n+1 n+1

1
+ - f(x , t )} (5.3)

2 n f

Since it was desired that each time delav in the system be

represented by at least several time samples, the time

between samples was set to 0.0001 seconds. This rate

Provided for 3 to 4 samples in the shortest delay.

The computer model was checked for correct operation by

comparin.1 its Prediction to the known behavior of some simple

systems, with satisfactory results. In order to examine

svstem stability with the model, the svstem impulse response

was found, With the system at rest, the noise source volume

velocity was assigned to be an impulse function. The system

output was the far field Pressure. Usinr the bounded input,

bounded output criterion for stability, the svstem was

considered stable if the far field Pressure tended toward

zero.

Plots of the far field Pressure for an impulse noise

source are shown below for a number of different conditions

of svstem -ain. When G11 is set to -5000, and all the other
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gains to 0 the output is that shown in the top'plot of

figure 5-4. This svstem is the single loop, sinIle noise

source caser discussed in the Previous chapter, where the

noise source, microphone and attenuating source are all

closelv spaced. The middle Plot of figure 5-4 shows the far

field pressure when G22 is set to -5000, and the remaining

gains set to 0. This situation is again the single

attenuatins loop svstem, with the microphone to attenuating

source spacing the same, but located a distance from the

noise source. The margin of stability should remain the

same, but the attenuation should be much less. The Plot

shows that stability is unchanIed, but does not give an

indication of the amount of attenuation achieved. That

auestion is addressed later in the chapter,

Wher both G11 and G22 are set to -5000, and the other

gains to 0 the curve shown in the bottom Plot of figure 5-4

results. Using the number of oscillations renuired for the

system output to return to zero as a criterion for stability,

this svstem seems to have a smaller margin of stability than

the single loop systems, This system corresponds to the

situation in which two attenuating svstems are Placed in

close proximity to one another, with no electrical connection

between them. The curves indicate that the brinSinS toSether

of two stable attenuatinS loops tends to make them less

stable.

There exists the Possibility that by cross connectins
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the two systems, better Performance.and stability might

result. This cross connection is Provided bv means of G12

and G21. This possibility can be tested usin, the computer

model. First examining the cross loops individually, G12 is

set to -25000, which gives the same loop gain as the previous

loops, due to the additional attenuation in the longer cross

loop air Paths. The svstem is clearlw unstable, as shown bv

the top Plot in figure 5-5. This instabilitv is not

surprisin, considering the additional Phase introduced in

the loop by the longer air Path lengths. If G12 is reduced

to -5000, the svstem impulse response is shown in the middle

plot of figure 5-5. The svstem is now stable. When 621 is

set to -5000, with the other gains set to 0, again, a stable

system results. However, if both G12 and G21 are set to

-5000, the the two Previously stable loops become unstable,

Even when both G12 and G21 are reduced to -1750, the svstem

remains unstable, as shown in the bottom Plot of figure 5-5.

If all four gains are made non-zero, a better idea of

the effect of the cross connections on stability can be

obtained. Figure 5-6 shows a series of impulse responses for

this system. G11 and 622 are held at -5000, while G21 and

612 are set at values from -1000 to +2000. In each case, the

effect of adding the cross loop gain is to reduce stability,

So, while the cross connections do not help stability,

there is the Possibility that thev might improve the amount

of attenuation realized. In order to answer this auestion,
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the noise source excitation was changed to a sine wave at a

freauencv of 300 radians/second.

Plots of the far field Pressure are shown in figures 5-7

and 5-8. The top Plot in figure 5-7 shows the output with

all system gains set to zero. resulting in no attenuation.

The middle plot shows the far field pressure when G11 =

-5000, which represents one attenuating loop operating on the

noise source. The bottom Plot in fisure 5-7 shows the output

when G22 = -5000, again a single loop situation, but one in

which the noise and attenuating source are separated. In the

first casey a reduction of 15 db is obtainedr while in the

second, only 1 db. Due to the source separation, little

attenuation is achieved.

When both G11 and G22 are set to -5000, the far field

Pressure is shown in the top Plot of figure 5-8. The

addition of the second attenuating loop has a significant

effect on the far field Pressurer increasing the amount of

attenuation from 15 to 18 db. With G11 and G22 set to -5000,

and Positive gains assigned to the cross loopsy less

attenuation is obtainedy as seen in the middle plot of figure

5-8. If negative gain is used in the cross loops, some

additional attenuation is achieved, but at the cost of

Ireatlv reduced stabilitwr as shown in the bottom Plot of

figure 5-8. Nearly 20 db of attenuation can be realized with

612 and G21 set to -1000, but even a small amount of

additional gain causes the svstem to become unstable.
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In summarv, the addition of a second attenuating loop

tends to make the complete svstem more unstable while

improving the amount of attenuation that can be Provided. If

a single loop swstem is designed using classical control

methods, as described in the Previous chapter, and then

Placed in operation near a similar loop, the stability of the

two svstems will be impaired. If the individual loops are

designed with a reasonable stability margin, however, this

impairment need not be a Problem.

The model also shows that the addition of cross

connections between the two loops Provides little additional

attenuation. These results are riot unexpected, As shown

earlier, a second attenuating loop can Provide a substantial

improvement in attenuation. However, the cross gains create

loops with long time delaws, resulting in less stability and

less potential for attenuation. Therefore, there seems to be

little reason to emplov the cross loops,

So far, the auestion of locating the attenuatins sources

has not been discussed. A detailed answer depends completelv

on the geometrv of the problem at hand, as can be seen from

the eauation for radiation from sources developed in Appendix

1. However, the closer the attenuating source can be Placed

to the noise source, the better the attenuation that can be

Provided.

To verify that two attenuating loops can be stable and
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effective with larse noise sourcesy a second attenuating

svstem was built in the lab, identical to the one described

in Chapter 4. Together, these two loops were used to

attenuate noise from several sources. The experiments were

done in the same room as described Previouslv, with the same

sources, and in an identical manner.

The first noise source was the Bose model 802

loudspeaker. One attenuating source was Placed 0.1m in front

of one group of four drivers in the loudspeaker, and the

other 0.1m from the other group of four drivers. The

measured reverberant field pressure is shown in figure 5-9.

A maximum of 12 db of attenuation was attained, at 60 Hz, as

compared to the 8 db of attenuation obtained with a single

attenuation loop# Noise reduction was observed over a wider

freauenc band as well, with attenuation from 40 to 200 Hz.

The air compressor was also measured aSain. One

attenuating source was Placed next to each cylinder head,

approximately 0*1m from the surface of the machine. The

measured reverberant field Pressure is shown in figure 5-10.

In this casey the attenuation increased from 5 db using one

attenuator to 8 db usinS two. ASain, attenuation was

observed over a wider band of frecuencies.

In the laboratory, experimental results tend to back up

the results predicted by the derivations and computer models

used in this chapter. The addition of a second attenuating

source can siSnificantly improve the amount of attenuation
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Chapter 6

SUMMARY

AND CONCLUSIONS

A new method for globallv reducing the Power radiated by

a noise source has been examined. Eauations governing this

method were derived. For a simple system, a model was

developed in order to predict svstem Performance. Based on

this model, a device was constructed and tested in the lab,

which performed to within 2 db of the theoretical maximum for

this svstem. A more complicated system, usin multiple

attenuating loops, was Proposed, and a model developed to

studs system stability and Performance. Based on this model,

a multiple loop system was built and tested, showing that a

multiple loop system could be stable and could improve

Performance.

A number of Practical limitations which could limit the

Possible applications for this svstem have been noted

throughout this work. The first is the limited amount of

noise reduction this system can Provide. Under ideal

conditions, this svstem is limited to about 20 db of

attenuation at 50 Hz for a 0.1m source spacin, While this
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amount of attenuation is hardlv insignificant, especially

when one considers how difficult it is to attenuate noise to

this degree passivelv, it does represent an absolute maximum.

Typical systems, such as the ones built in the lab, onlv

approach this limit for typical noise sources, due in large

part, it is suspected, to the size and acoustic complexity of

the noise source,

Another difficulty that was experienced in the lab was

the limitation that loudspeaker displacement Places on the

system. If a loudspeaker with either greater displacement

capabilities, or with the capability to create more volume

velocity with the same displacement, could be used,

attenuation could be obtained to a much lower freauency,

increasing the usefulness of the system,

Also, both speaker displacement and available amplifier

power limit the intensity of sounds that can be attenuated.

In the exPeriments Performed with the system, the noise

sources used created sound Pressure levels of 70 to 80 db in

the reverberant field. Obtainin! noise attenuation usini the

experimental speaker and Power amplifier described above was

not a problem at these sound levels. As discussed, most of

the loudspeaker displacement was caused by the system

attempting to reduce the 5 to 10 Hz noise Present in the room

not due to any localized noise source. So speaker

displacement due to the level of the noise source being

attenuated was riot a serious difficulty. However, for the
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case of the air compressor, amplifier power was. When the

compressor was turned on, the power amplifier would

freauently clip while trvin to drive the attenuating

loudspeaker sufficientlw to attenuate the noise. The ten

watt amplifier being used had to be replaced with an

amplifier capable of approximately 30 watts in order to

complete the experiment.

If the noise source were Producing in the range of 90 to

100 db SPL in the reverberant field, a not unreasonable level

for man applications, significantly higher Power amplifiers,

and loudspeakers capable of higher volume velocities would be

needed. Fortunately, these reouirements can be reduced bw

usin a number of attenuatin loops. Not only would they

Probablv provide better attenuation for a typical sourcer but

the reauirements on Power and displacement for each loop

would be relaxed.

Another factor which limited the amount of attenuation

realized in the lab was the svstem compensation used. No

claim is made that the compensation used is optimal. Better

compensation might exist which could provide significantly

more open loop gain. Whereas this gain might not increase

the maximum amount of attenuationy which already approaches

the theoretical maximump it could increase the amount of

attenuation for freauencies above and below that for which

the maximum occurs, thus improving the overall system

Performance. In addition, no reallv good method of
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developinIs a compensation scheme for multiple loop svstems

was developed. This step will Probablv have to await further

developments in the control theorv field. But it seems

likel that improved Performance is Possible bv developin a

compensator especiallv for multiple loop svstems.

Despite these limitst it is believed that the svstem

Proposed here could have practical applications for

attenuatin! low freauenev noise.
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Appendix 1

MULTIPLE SOURCE

RADIATED POWER DERIVATION

In Chapter 3, an eauation for the Power radiated from

two arbitrary Point sources was derived. In this appendix,

the Power radiation eiuations for three Point sources will be

derived, and then cgeneralized to N Point sources.

The seometrv of the Problem is shown in figure Al-l, and

follows that of the Problem of multiple attenuatini sources

discussed in Chapter 5. A noise point source is located at

the oriin, having volume velocity Vvn, of maEnitude Vvn and

Phase anrle zero. One attenuatinst Point source is located at

(r 1,O) in Polar coordinates, and the other at (r2 e 2). The

sources have volume velocitv magnitudes of Vvc Iand Vvc2

respectivelv, and Phase anrles $, and *2 A distant

observer is located at (r,8).

As before, the Pressure at the observer can be written

as the sum of Pressures due to the three sources,
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J 

j f p 0

Vvn exF P(-Jkr)

r

Vvc ex(JP ) exF(-Jk(r-r cos6))
+ 1 11

r - r cose

Vvc 2 exp (jl 2 ) ex r-Jk-(T-r 2cos (8-8 2)

r - r 2 2

Vvri, 0
(0, 0)

(Al I1)

to distant
observer located
at (r, S)

r

Vvc
(ri, 0)

Figure A1-1, Geometrv of the three Point source r'roblem.

Approximatinrg the denominator terms bw ry and resroupin9

dives

Vvc 
Cr , )2

2 2

I
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J f p 0 ex (-Jkr)
{Yvni + Yvc exp(J($fkrjcos9))

2r

+ Vvc 2 exp(j( 1 2 +kr 2 cos(@-f 2 ))} (A1.2)

Separatin into real and imaginarv Parts and snuaring to f ind

magnitude sauared yields

fZ 2.

2 = -_-_-{ {Vvn + Vvc 1 cos(,+kr cos@)
4r2

+ Vvc2 cos(V 2 + kr 2cos(8-6 2 ))12

+ { Vvc 1 sin(* I + kr cosR)

+ Vvc2 sin(2 + kr 2cos(8-e2 12 } (Al.3)

Making the substitutions

x = k r cos@ (A.4)

and

= P. r 2 Cos(8-B 2 ) (A1 .5)

gives

2 2 2

2 0-- {(Vvn + Vvc 1 cOs( p 1+t)

+Vvc2 cos(V2+a))
2 + (Vvc sin($ +1- )

+Vvc2 sin( V2 +a))
2} (AI.6)

which reduces to
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f 2 p2
40

4rT,2
{ Vvn 2 + VVC21

+2 Vvc Vvc2 coS41~92 0

+ 2 Vvn Vvc cos($yd

+ 2 Vvn Vvc2 cos( 2+a)

Power is related to the surface inteEgral of the Pressure

ma:rnitude snuared

Tr 2 r
P c f f |2 r 2 sin d@ d$

0 0

Since there is rno dep'erderncer this reduces

2 Tr

0
Ip12 dG

(A1.8)

to

(Al .9)

which becomes

2Tr
P f0

0
{Vvn 2 + Vvc 2 + Vvc2}

2Tr
+ f 2 Vvc Vvc 20

dO

d0

27T
+ f

0
2 Vvn Vvc 1

2r
+ f 2 Vvn Vvc 20

cos ($5+a)

cos(* 2 +a)

This integral can be evaluated term bw term. The first

term reduces to

1L-1 2 = + Vvc2

(Al.7)

de) (Al * 10)

d 0
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f (Vvn 2 + VvC2 + Vvc2 ) de
0 2

= 2 r (Vvn 2 + Vvc 2 + Vvc 2 )
1 2

The second term

271
f 2 Vvn Vvc cos($ ta) do
0 1

(Al.11)

(Al .12)

mav be rewritten

2 7
2 Vvn Vvc { f cos $ycosa de -

0

2 7T
f sin *1 sina d@}
0 (A1.13)

Substituting for a !gives

2 7
2 Vvn Vvc { cos 1 f'

0

2 i
-sin f sin(

0

cos(Ikr cosG) d8

kr ycos@) da I (Al.14)

As in Chapter 3y the term kr is always small at frecauencies

of interest, so the series expansions for sine and cosine mav

be used, and the higher order terms dropped.

IA r 2 cos 23
cos(kr cosS) =1 - -------- + ... (A1.15)

sin(kr cos8) = kr cos6 +

This substitution dives

(Al .16)



Page 90

2w k 2 ri cos2 S
2 Vvn Vv{ cos$ f (1 ----------- ) de

0 2

27T
- sin f (kr cos8) dS } (A1.17)

0 1

which reduces to

2w Vvn Vvc 1 cos 1 ( 2 -
k2r2

1- - -- ) (Al.18)

The third term

27r
f 2 Vvn Vvc2 2+ ) d@
0

(Al *19)

Maw be handled in an identical manner, and reduces to

2

2w Vvn Vvc 2 Cos (2 -r2_)
2

The fourth term

2w
f 2 Vvc1 Vvc 2 cos((i 1 - 2 )+(a- )) d@
0

can be rewritten

2w
2 Vvc Vvc2 {Cos(ip 1- 2 ) f cos(a-S) dO

0

(Al .20)

(Al .21)

- sin(p
1 -Y 2 )

2Tr

f
0

sin(x-S) d& I (Al.22)

These two integrals can be evaluated independentlv. The

first one
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2 Tr
f cos(X-$) die

0
(Al.23)

expands to

f cos(k(r cosQ - r cos(8-8 ))) d8
I2 2 2

(A1.24)

when the substitutions are made. Using the series expansion

for cosine and dropping higher order termsy

2 2

f 1. - _ ( r cos 2 9 + r 2  cos 2 (E-92
0 2 12 2

- 2r 1r2 cos2 cos(G-82)) do

This integral becomes

2K -1T - r 2 + r 2 7 - 27 r r2 CoBss)
2

(Al.25)

(A1.26)

which reduces to

Tr k 2
2ir - ---- (r 2 ) ( A1 .27)

where r 1 2 is the distance between the first and second

attenuating source.

The second integral in the fourth term is

2 7
j sin(krI cose - kr2 cos(-8 2)) do
0

Using the series expansion for sine gives

f
0

k (r cose - r2 cos(B-2 )) d@1 2 2

(Al .28)

(Al.29)

which has the solution zero. Thus, the entire fourth term

becomes

6
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Tr k r 1
2 Vvc 1  2 cos(*1 -p 2 ) (Al.30)

Putting all four terms together, the final expression

P F Vvnr 2 + Vvc2 + Vvc2
1 2

k 2 r 2

+ Vvc Vvc (2 - 12) cos( 1 -)
1 2 2 91 2

[2 r 2

+ Vvn Vvc (2 - ----- L....-) cos
1 2

k2 r 2

+ Vvn Vvc 2(2 - Cos 2 (A1.31)
2- -22

This Proportionalitv solves the Problem of chapter 5,

with two attenuating sources and one noise source. A Problem

in chapter 3, however, involved N noise sources and one

attenuating source. The expression Just derived mav be

expanded to solve this Problem.

Consider an attenuating source at the origin with volume

velocitv magnitude Vvc and zero Phase angle. Throughout

spacey at distances r are noise sources, having volume

velocitv magnitude Vvn and Phase By examining the three

point source solution and expanding it to M Point sourcesy

the Power radiated can be written
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M M
P :Vvc 2 + I Vvnr 2 + VVC - E Vyn. (

i=1 i=1

M M k 2 r 2

+ r I Vvn .Vvn. (2 - ---
i=1 J=1 2

i j J

k 2. 2

2 - ----- ) cosV
2

)cos($. -$.V

(A1.32)

This solution mav also be expanded to include additional

attenuatin9 sources bv relabelina some -of the noise sources

as attenuatin sources.

In Chapter 5y the accuarac of some of the

approximations used in the derivations above was Guestioned+

If, in the derivation of the three source Power radiated

enuation, an additional term is retained in both the sine and

the cosine expansionst the expression for Power radiated

becomes



P age 94

P a Vvn 2 + Vvc2

+ Vvn Vvc1

+ Vvn Vvc 2

+ Vvc: Vvc2

+ VVC2
2

k2 r 2
(2 1 -- ..

21

k 2 r 2
(2- 2

2

k4 r4
+ -----1--) cos *

16

+ --- ....- ....... ) cos
16 2

k2 r2
12

(2 - ... .... .....

r4 r4  r2 r
+ k {+ ( --- + Cos 2

16 16 4 4 L 2

3 rz r2 cos 2B2
+ --------- (- ---. +1) 1) cos(_ -ip )

8 2 (A2.33)

In reneraly the additional terms Provide little

improvement in accuracvt but for some situations, such as the

5eometr; discussed in Chapter 5y those terms are essential.
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Appendix 2

ATTENUATION OF MORE

COMPLEX SOURCES

Throughout much of the discussiony Point acoustic

sources have been assumed, It was shown that a loudspeaker

can be reasonably modeled by a point source for freauencies

over which the attenuator svstem operates. However, noise

sources mav not be so convenientlv modeled, The device

Producing the noise mav be much larger than a wavelenthy in

which case a single attenuating svstem can not produce much

attenuation. A more interesting situation is one in which

the noise source maw be modeled by a number of Point sources

at varving small distances, and with varvin Phases and

magnitudes.

To get an indication of the amount of noise attenuation

that can be expected for some collections of Point sources,

the eauation developed in Appendix 1 mav be used.
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M M
P a Vvc 2 + E Vvnr + Vvc - E Vvn. (2 -

i=1 i=1

k 2 r
cosp.

2

M M k 2 r.2
"I

+ E Z Vvn. Vvn. (2 - -.... ) cos(*. -* P
i=1 j=1 2 (A2,

i f j

Power radiated bv M noise sources at distance r , with
ma!nitude Vvn. and Phase ., and one attenuation source at
the orisgin haain margnitudi Vvc and Phase 0.

)
1)

This eauation will be applied first to a dipole source. The

dipole consists of two Point sourcesy each havin volume

velocity masnitude eaual to one, but with a Phase difference

of 180 degreesp separated bv one twentieth of a wavelenth.

Substituting these values into enuation (A2.1), a radiated

Power of -13 db is obtained, where zero db refers to the

Power radiated by a single Point source havin a volume

velocity of one. If an attenuating source having volume

velocity magnitude Vvc and Phase $ is placed eauidistant from

both of the sources making up the dipole, the Power radiated

becomes

1 + 1 + Vvc 2 + Vvc (2 - 20
-...-.. ) cos(180- )
200

- (2 - -2) + Vvc (2 ---- _2.) cosip
200 200

(A2.2)

which reduces to
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Vvc + _72 (A2*3)
200

The minimization in this case results in setting Vvc = 0. So

in the situation where an attenuating source is Placed at the

midpoint between two sources makin up a dipoley no

attenuation can be expected using this swstem.

A different attenuation source Position mad provide more

interesting results. Assume that the dipole remains

unchanged, but that the attenuator source is Placed one

twentieth of a wavelength away from one of the sources making

up the dipole such that the three sources form a line. Now,

the eauation for Power radiated becomes

1 + 1 + Vvc 2 - Vvc (2 - 2) COS
50

-(2 -2) + Vvc cos (2 -- .. ) (A2.4)
200 200

which reduces to
3T2 72

Vvc cos* (---) + + Vvc (A2.5)
200 200

Minimizing this eauation gives a volume velocitv

3w 2

Vvc = .
400

and a phase of 180 degrees, which vields a Power of -13.1 db,

or one tenth of one db less than the Previous case.

From these calculationsy it becomes apparent that using

this attenuation scheme on dipole sources will riot Produce

anv significant attenuation. Since the attenuator svstem
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attempts to make a dipole out of the noise source and the

attenuatini source, then if the noise source is a dipole,

this scheme will not significantlv reduce the Power radiated

be the dipole.

A collection of Point sources for which the attenuator

is effective is a set of four in phase Point souces, each

eauidistant from the origin, and eauallv spaced about it. If

each source has a volume velocity magnitude of 1 and a Phase

anile of 0, and each is located one twentieth of a wavelen-th

from the next, then the total power radiated is

6f2
4 + 12 - ___ (A2.6)

200

which is 12.0 db. If an attenuating source of ma-rnitude Vvc

and Phase is located at the origin, the Power radiated is

6 .r 2  11.2

Vvc 2 + 4 + 12 + - ___ + 4 (2- ___) Vvc cosp (A2.7)
200 400

Minimizin_ this eauation gives a volume velocitv

2
Vvc = 4 - -

100

and Phase of 180 desrees, vielding a total Power radiated of

-13.1 db. Thusy in this situation, a power reduction of 25

db can be attained.

These calculations show that the attenuation scheme

Proposed can effectivel reduce acoustic power radiated for

at least some non-point sources of noiset but that for

othersy such as a dipoley little or no attenuation can be
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expected, due to the method of attenuation that is used.
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Appendix 3

ELECTRICAL MODELS

OF LOUDSPEAKERS

In order to model the attenuation svstem so that its

Performance mav be Predicted, an electrical model for the

various elements of the svstem must be developed. For the

loudspeakery the model developed in Beranek (1) Y as shown in

figure A3-1, will be used.

Re Le B-l**1 Ma

v(t) M C R fRa p(t)

Figure A3-1. Loudspeaker model,

Re and Le represent the electrical resistance and

-inductance of the speaker's voice coil and electrical wirin,

My Cy and R represent the mechanical mass, compliance, and

resistance of the loudspeaker coney spider, and air loadin

due to the enclosure. Ra and Ma represent an approximation

to the acoustic impedance seen bv the speaker. A transformer

with a turns ratio of B-1 to 1 the Product of the masnetic
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flux times the length of voice coil wire in the air 5apy

connects the electrical and mechanical sections of the model.

The acoustic Parameters mav be calculated using

Beranek's (1) table 5-I, but the others must be measured.

Measurement of some of the Parameters might be difficulty but

fortunatelv, all of them mav be derived from two simple

electrical measurements. First, the model can be redrawn as

shown in figure A3-2, removing the acoustic elements and the

transformer, and scaling the other elements as needed.

Re Le

M
v(t) ------ C (B-1) R (B-1) u(t)

Figure A3-2. Simplified loudspeaker model.

For the experimental loudspeaker used as the attenuatin,

source, a DC resistance of 3.5 ohms was measured. Thus, Re

can be immediatelv set to 3.5 ohms. An impedance curve was

run, which is shown in figure A3-3. (The curve with the

higher freauene Peak is the one of interest at the moment.

The other curve will be used later in these calculations*)

The impedance Peaks at the resonant freauency, f0 = 74 Hz.

At some freauencv, the curve begins to rise with a slope of

approximatelv 4 db Per octave. (The slope is 4, rather than

6 db Per octave, due to the skin effect in the Pole Piece.



Pace 102

4.1I4.m
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Figure A3-3. Measured impedance curves for the experimental
loudspeaker.

This effect was ne!lected in makinrg the electrical model

since the model was used onlv at freauencies below those for

which the effect is important.) The rise in impedance is due

to the interaction between Re and Le. The break freauencv

can be read off the impedance curve as being 500 Hzr and Le

can be calculated to be 1.23 mH.

The resonant Peak is due to the interaction between M

and C. The freauencv of this Peakr fa mav be written

1
f = -------- (A3.1)

2Tr VIC

If additional mass is added to the cone, the resonant

freauencv will decrease to
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:1
= ------------- (A3.2)

0 27r /(M + Am)C

These two eauations mat be combined to give an expression for

mass which depends only on the two resonant freauencies and

the added mass.

(f ')2

M = m 0M A ------------- (A3.3)
(f )2 - (f ) 2

0 0

The second curve in figure 3-3 is the impedance of the

speaker with an additional ten grams of mass added to the

cone. From the two curves f 0 is found to be 74 Hz, and f '

56 Hz. These values result in a mass of 13.4g. Substituting

this value back into the expression for resonant freauencv

gives a compliance value of 3.45 x 10-4 m/nt,

The Q of the loudspeaker can be written as

Re f0
Q =------------------- (A3.4)

Rpeak (f-3 ~ f-3

Rpeak is the value of the impedance at the resonant

freauencv, which is 41.98 ohms according to the impedance

curve. The freauencies f-e 3 re those for which the impedance

is 3db below that at resonance. For this speaker, the

freauencies are 66 and 80 Hz. Substituting these values into

the expression gives a value of 0.490 for Q. Since 0 mav

also be written
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27 f0 M Re
S=---------- (A3.5)

(B -1) 2

the B -1 Product sauared is be found to be 49.5. The Peak

resistance maw be written

RPeak = R (B-1) 2 + Re (A3.6)

So, the value of Ry mechanical resistance, maw be calculatedr

which is 0.77 mechanical ohms,

Lastlv, the values for acoustical elements maw be

calculated using Beranek's (1) table 5-1. Summarizin, the

values for the electrical model of the attenuator loudspeaker

are:

Re = 3,89
Le = 1.23 x 10

B 1 = 7.03

R = 0.77 -2
M = 1.34 x 104
C = 3.45 x 10

Ra = 1.17 x 10~1
Ma = 6.74 x 10~4

If this electrical model is analvzed using the computer

circuit analvsis Prosram, the impedance curve shown in figure

A3-4 is obtained. This curve verw closelv matches the

measured impedance curve for this loudspeaker, indicating

that the model accuratelv reflects the actual speaker.

At extreme low freauenciest air leaks in the speaker

enclosure become important. In order to determine if the box

leak was at a sufficientlv high freauencw to be significant,

some additional measurements were made.
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Figure A3-4. Calculated impedance curve for the experimental
loudspeaker.

The experimental speaker was excited mechanicallv, then

releasedy and allowed to relax to its neutral Position with

its electrical terminals open circuited. The displacement

was measured and displaqed on an oscilloscopey resulting in

the displacement curve shown in figure A3-5. The horizontal

scale is 0.5 seconds Per division, and the vertical is 1mm

Per division. Zero displacement is one division from the

bottom. The time constant for the box leak can be seen to be

approximatelv 2 secondsp corresponding to a box leak

freauencv of 0.08 Hz. This freauencw was sufficientlv low

that the box leak was left out of the model,

(I
10

.. .... . ..... ..--. ..- - - ..- - - -- -0



Pa!e 106

Figure A3-5. Displacement curve for exPerimental
loudspeaker.
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Appendix< 4

COMPUTER PROGRAM

SOURCE LISTINGS

C PROGRAM TO VERIFY THE MINIMIZATION OF ATTENUATOR OUTPUT.
C CALCULATES THE POWER OUT FOR A NOISE SOURCE AND ATTENUATING
C SOURCE OF VARYING MAGNITUDE AND PHASE.

DIMENSION PSI(101),A1(101),A2(101),A3(101),A4(101),A5(101),VV(5)
PI=3.14159
RK2=2.-PI*PI/200
VV(1)=0.5
VV(2)=0.89
VV(3)= .0
VV(4)=1.12
VV(5)=2.0
DO 100 I=1,101
PSI(I)=2.*PI*FLOAT(I)/101.
AI(I)=10.*ALOG1O(ABS(1.+VV(2)*VV(1)+COS(PSI(I))*VV(l)*RK2))
A2(I)=10.*ALOG1O(ABS(1.+VV(2)*VV(2)+COS(PSI(I))*VV(2)*RK2))
A3(I)=10.*ALOG1O(ABS(1.+VV(3)*VV(3)+COS(PSI(I))*VV(3)*RK2))
A4(I)=10.*AL0G10(ABS(1.+VV(4)*VV(4)+COS(PSI(I))*VV(4)*RK2))
A5(I)=10.*ALOG10(ABS(1.+VV(5)*VV(5)+COS(PSI(I))*VV(5)*RK2))

100 CONTINUE
PRINT 112

112 FORMAT ('PLOT=1, CRT=0')
READ (1,*) IP
CALL ATPL(101,PSIA1,A2pA3pA4tA5y'PHASE (RAD)"''POWER * DB"',IP)
STOP
END
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SUBROUTINE
C SUBROUTINE

DIMENSION
0(1)=0.13
0(2)=0.1
DX=0.85
DY=0.85
PTX=0.0
PTY=0.0

ATPL(NXY1,Y2,Y3,Y4,Y5yLXYLYPIP)
TO PLOT 5 CURVES ON SAME SET OF A
X(N),Y1(N),Y2(N),Y3(N),Y4(N),Y5(N)

CALL REST
IF (IP .EQ. 1) CALL V1OU(1,0)
CALL BOUND(NXSXBXPUXPTX)
CALL BOUND(NyY1SB(1),SB(2),UYPTY)
CALL BOUND(NY2,SB(3),SB(4)tUYrPFTY)
CALL BOUND(NYY3?SB(5),SB(6),UYF'TY)
CALL BOUND(NPY4ySB(7),SB(8),UYPTY)
CALL BOUND(NY5,SB(9),SB(10),UYPTY)
CALL BOUND(10,SBSYYBYYUYPTY)
CALL AX(,OiDXSXBXUXrDYYPTX)
CALL LABEL(0,DXYLX)
CALL AX(1,ODYSYBYUYYDXYPTY)
CALL LABEL(1,ODYLY)
CALL XYDAT(NYXYYSXPBXYUXYSYYBYPUY,0,DXY
CALL XYDAT(NYXPY2pSXPBXYUXtSYYBYPUYPOPDXY
CALL XYDAT(NXY3,SXBXUXSYBYUYODX,
CALL XYDAT(NPXPY4pSXYBXYUXSYYBYYUYPOPDXP
CALL XYDAT(NYXPY5pSXPBXYUXSYPBYPUYYOPDXY
CALL DRAW(0.0P1.070)
IF (IP *EQ. 1) CALL V1OU(-1,O,'CRPLOT')
RETURN
END

XES
,O(2),SB(10)

DYPTXYPTY)
DYFPTXPTY)
DYPF'TXPTY)
DYPTXYPTY)
DYtPTXYPTY)
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C PROGRAM TO PLOT TOTAL POWER RADIATED BY TWO POINT SOURCES
C RADIATING WITH SAME VOLUME VELOCITY BUT OPPOSITE SIGNS,
C LOCATED 0.1 AND 0.2 M APART, COMPARED TO ONE POINT SOURCE
C HAVING SAME VOLUME VELOCITY*

DIMENSION FREQ(200),PWR1(200)PPWR2(200)
DO 100 I=1,200
FREQ(I)=10**(1.+(FLOAT(I))/100.)
PWR1(I)=10.*ALOG10(ABS(2.-2.*(1.-8.30E-7*FREQ(I)**2)))
PWR2(I)=10.*ALOG1O(ABS(2.-2.*(1.-3*32E-6*FREQ(I)**2)))

100 CONTINUE
PRINT 110

110 FORMAT ('i=PLOT, 0=CRT')
READ (1,*) IP
IF (IP *EQ. 1) CALL V1OU(1,0)
CALL PLOT2(200,FREQ, PWR1,PWR2,'FREQUENCY"','POWER*DB"')
IF (IP *EQ. 1) CALL V1OU(-1,0,'CRPLOT')
STOP
END
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C PROGRAM TO DETERMINE TOTAL POWER RADIATED BASED
C VELOCITY OUTPUT OF TWEAK
C ***CURRENTLY SET UP FOR SP201 FILES. NOTE THAT
C FILES MUST BE USED FOR TWEAK.

DIMENSION FREQ(250) ,AMAG(250) ,PHASE(250) ,FWR1(250
READ (7,*)
READ (7,*)
N=0

100 READ (7,*, END=200,ERR=300) FREQ(N+1), AMAG(N+1),
N=N+1
GOTO 100

300 WRITE (1,310) NFREQ(N),AMAG(N),PHASE(N)
310 FORMAT ('ERROR 'vI5,3F8.2)

GOTO 500
200 PI=3.14159

ON SPEAKER

SPECIAL

)PPWR2(250)

PHASE(N+1)

M=N
DO 400 N=1,M
PHASE(N)= (PHASE(N) )*PI/180.
VV=10**((AMAG(N)+19.28)/20.)
PWR1(N)=10.*ALOG10(ABS(1.+VV**2+(COS(PHASE(N))*VV*
1 2*(1.-8.30E-7*FREQ(N)**2))))
PWR2(N)=10,*ALOG10(ABS(I.+VV**2+(COS( PHASE(N) )*VV*

2 2*(1.-3.32E-6*FREQ(N)**2))))
400 CONTINUE

PRINT 110
110 FORMAT ('PLOT=1CRT=0')

READ (1,*) IP
IF (IP.EQ.1) CALL V1OU(1,0)
CALL PLOT2(NPFREQFPWRIF'WR2, 'FREQUENCY", 'POWER*DB"')
IF (IP.EQ.1) CALL V1OU(-1v0p'CRPLOT')

500 CONTINUE
STOP
END
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C PROGRAM TO PLOT TOTAL POWER RADIATED BY THREE POINT SOURCES
C LOCATED 0.1 M APART, COMPARED TO ONE POINT SOURCE
C HAVING SAME VOLUME VELOCITY.
C VOLUME VELOCITY AND PHASE OF TWO SOURCES ADJUSTABLE.

DIMENSION FREQ(200),PWR1(200)
PRINT 109

109 FORMAT ('ENTER VVClVVC2,PSI1,PSI2,R12')
READ (1,*) VVC1PVVC2,PSI1 ,PSI2,R12
DO 100 I=1,200
FREQ(I)=10**(1.+(FLOAT(I))/100,)
PWR1(I)=1.+VVC1*VVC1+VVC2*VVC2+VVC1*VVC2*(2.-1 .66E-4*(FREQ(I)*

1 R12)**2)*COS(PSIl-PSI2)+VVC*(2.-1466E-6*FRE(I)*FRE(I))*
2 COS(PSI1)+VVC2*(2.-1.66E-*FREQ(I)*FREQ(I))*COS(FSI2)
PWR1(I)=10.*ALOG10(ABS(PWRI(I)))

100 CONTINUE
PRINT 110

110 FORMAT ('1=PLOT, O=CRT')
READ (1,*) IP
IF (IP *EQ. 1) CALL V1OU(1,0)
CALL PLOT(200,FREO, PWR1, 'FREQOENCY"', 'POWER*DB"')
IF (IP *EQ. 1) CALL VIOU(-1,0,'CRPLOT')
STOP
END
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10
20
30
40
50
60
70
80
90

110
120
122
124
130
140
142
160
170
180
190
195
200
205
210
215
220
225
230
235
237
239
241
243
245
247
249
251
252
254
255
256
258
259
260
261
262
265
270
275
280
285

REM NOISE ATTENUATOR SIMULATOR USING TWO CANCELLING LOOPS
DIM R(2p2),S(2,2)YG(2,2)
DIM W(1000),X(1000),Y(1000),Z(10OO)
DIM V(1000)PL(1000)
MAT W=ZER
MAT X=ZER
MAT Y=ZER
MAT Z=ZER
MAT V=ZER
MAT S=CON
MAT S=(-600)*S
DEFINE FILE #1='FFOUT', BIN
DEFINE FILE *2='TIME', BIN
PRINT 'G(1,1), G(1,2), G(2,1), G(2,2)'
INPUT G(1,1),G(1Y2),G(2,1),G(2,2)
MAT G=(.094)*G
PRINT 'INPUT STEP SIZE, LIMIT'
INPUT HM
LET C=344.8
LET R1=.2
LET R2=1
LET R3=4
LET R4=4.1
LET R5=4.2
LET R(1,1)=.2
LET R(1,2)=1
LET R(2,1)=1
LET R(2p2)=.2
LET D1=INT(R(1,1)/(C*H))
LET D2=INT(R(1,2)/(C*H))
LET D3=INT(R(2,1)/(C*H))
LET D4=INT(R(2,2)/(C*H))
LET D5=INT(R1/(C*H))
LET D6=INT(R2/(C*H))
LET D7=INT(.1/(C*H))
LET D8=INT(.11/(C*H))
LET D9=INT(.12/(C*H))
PRINT DlD2,D3,D4vD5pD6pD7,D8,D9
PRINT 'INPUT STARTING TIME, IMPULSE TIME'
INPUT ON
LET V(N)=1/H
LET M1=0
LET M2=0
FOR N=O TO M
LET L1=M1
LET L2=M2
LET A=(W(N-D1))/(R(1,1))
LET B=(X(N-D3))/(R(2,1))
LET C=(Y(N-Dl))/(R(11))
LET D=(Z(N-D3))/(R(2p1))
LET M1=A+B+C+D+(V(N-D5)/R1)



P-ae 113

A=(W(N-D2))/(R(1,2))
B=(X(N-D4))/(R(2,2))
C=(Y(N-D2))/(R(1,2))
D=(Z(N-D4))/(R(2,2))
M2=A+B+C+D+(V(N-D6)/R2)
Ql=3*(G(1p1)*Ml+S(lp1)*W(N)
Q1=W(N)+H*Q1/2
Q2=3*(G(1t2)*M1+S(1v2)*X(N)
Q2=X(N)+H*02/2

)-G(1,1)*L1-S(1,1)*W(N-1)

)-G(1P2)*Ll-S(1t2)*X(N-1)

290
295
300
305
310
315
320
325
330

335
340
345
350
360
365
370
375
380
385
390
395
400
405
410
415
420
425
430
435
440
445
455
460
465
472
474
480

WRITE #1L(N+1)
WRITE #2,(H*N)
NEXT N

LET
LET
LET
LET
LET
LET
LET
LET
LET

LET
LET
LET
LET
LET
LET
LET
LET
LET
LET
LET
LET
LET
LET
LET
LET
LET
LET
LET
LET
LET
LET
LET
LET
LET

03=3*(G(2,1)*M2+S(2,1)*Y(N))-G(2,1)*L2-S(2y1)*Y(
Q3=Y(N)+H*Q3/2
Q4=3*(G(2,2)*M2+S(2,2)*Z(N))-G(2,2)*L2-S(2,2)*Z(
Q4=Z(N)+H*Q4/2
A=(W(1+N-Dl))/(R(ir1))
B=(X(1+N-D3))/(R(2,i))
C=(Y(1+N-D1))/(R(1,1))
D=(Z(1+N-D3))/(R(2,1))
M3=A+B+C+D+(V(1+N-D5)/R1)
A=(W(1+N-D2))/(R(1,2))
B=(X(1+N-D4))/(R(2p2))
C=(Y(1+N-D2))/(R(1P2))
D=(Z(1+N-D4))/(R(2v2))
M4=A+B+C+D+(V(1+N-D6)/R2)
W(N+1)=G(1,1)*M3+S(1,1)*Q1+G(1,1)*M1+S(1,1)*W(N)
W(N+1)=W(N)+H*W(N+1)/2
X(N+1)=G(I,2)*M3+S(1,2)*02+G(1,2)*M1+S(1,2)*X(N)
X(N+1)=X(N)+H*X(N+1)/2
Y(N+1)=G(2,1)*M4+S(2,1)*Q3+G(21)*M2+S(2,1)*Y(N)
Y(N+1)=Y(N)+H*Y(N+1)/2
Z(N+1)=G(2,2)*M4+S(2,2)*Q4+G(2,2)*M2+S(2,2)*Z(N)
Z(N+1)=Z(N)+H*Z(N+1)/2
L(N+1)=(W(N+1-D7)+Y(N+1-D7))/R3
L(N+1)=(X(N+1-D8)+Z(N+1-D8))/R4+L(N+1)
L(N+1)=V(N-D9)/R5+L(N+1)

N-1)

N-1)
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Appendiix 5

CIRCUIT MODEL

SOURCE LISTINGS

Model of' experimental loudspeaker,

NODES 4
INPUT 1
OUTPUT
1
1
2
3
3
3
3
4

0
2
3
0
0
0
4
0

R1
R2
Li
L2
C1
R3
C2
R4

4
1E-3
7.86E-2
2.48E-5
3.45E-4
1.34E-2
7.70E-1
6.74E-4
1 . 17E-1
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NODES 5
INPUT 1
OUTPUT 5
1 0 R1 1E-3
1 2 R2 7*86E-2
2 3 Li 2.48E-5
3 0 L2 3.45E-4
3 0 Cl 1.34E-2
3 0 R3 7.70E-1
3 4 C2 6.74E-4
4 0 R4 1.17E-1
0 5 I5 1 4 0
5 0 R5 1
5 0 L5 6.37E-3

Model of loudspeaker and microphone*
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NODES 8
INPUT 1
OUTPUT 8
1 0 RI 1E-3
1 2 R2 7.86E-2
2 3 Li 2.48E-5
3 0 L2 3.45E-4
3 0 C1 1.34E-2
3 0 R3 7.70E-1
3 4 C2 6*74E-4
4 0 R4 1.17E-1
0 5 I5 1 4 0
5 0 R5 1
5 0 L5 6*37E-3
6 7 16 1 5 0
6 7 R6 1
7 8 R7 1E3
6 0 R8 1E3
7 0 C7 I*5E-7
6 8 C8 1.SE-7

Model of loudspeakery microphone, and air Path.
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NODES 16
INPUT 1
OUTPUT 15
1 0 Ri 1E-3
1 2 R2 7.86E-2
2 3 LI 2.48E-5
3 0 L2 3.45E-4
3 0 Cl 1.34E-2
3 0 R3 7.70E-1.
3 4 C2 6.74E-4
4 0 R4 1.17E-1
0 5 15 1 4 0
5 0 R5 1
5 0 L5 6.37E-3
0 6 16 1 5 0
6 0 R6 1
6 0 C6 0.006
0 7 17 1 5 0
7 0 R7 1
7 0 C7 0.006
8 9 18 1 7 0
8 9 R8 1
9 10 R9 1E3
8 0 RIO 1E3
8 10 C8 1.5E-7
9 0 C9 1.5E-7
0 11 Ill 1 10 0
11 0 R11 1
11 12 R12 2.7E4
11 12 C11 4*7E-9
12 13 R13 2.7E4
13 0 C13 4.7E-8
0 14 114 1 12 0
14 0 R14 1
14 15 R15 2*7E4
14 15 C14 4.7E-9
15 16 R16 2.7E4
16 0 C16 4.7E-8

Model of complete open loop swstem.
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NODES 16
INPUT 6
OUTPUT 6
0 1 I1 0 15 0
1 0 RI iE-3
1 2 R2 7.86E-2
2 3 LI 2.48E-5
3 0 L2 3.45E-4
3 O;C1 1.34E-2
3 0 R3 7.70E-1
3 4 C2 6.74E-4
4 0 R4 1.17E-1
0 5 I5 1 6 0
5 0 RS 1
5 0 L5 6.37E-3
0 6 16 1 4 0
6 0 R6 1
0 7 17 1 5 0
7 0 R7 1
7 0 C7 0.006
8 9 18 1 7 0
8 9 R8 1
9 10 R9 1E3
8 0 RIO 1E3
8 10 C8 1.5E-7
9 0 C9 1.5E-7
0 11 Ill 1 10 0
11 0 R11 1
11 12 R12 2.7E4
11 12 CII 4.7E-9
12 13 R13 2.7E4
13 0 C13 4*7E-8
0 14 114 1 12 0
14 0 R14 1
14 15 R15 2.7E4
14 15 C14 4.7E-9
15 16 R16 2.7E4
16 0 C16 4.7E-8

Model of complete closed loop swstem.
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APpendix 6

ATTENUATOR SYSTEM

CIRCUIT DIAGRAMS

100K

%OK

044E-1

1 4003

r4E

to I

Power amplifier circuit.
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