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Part 1. Lumped Acoustical Systems
Simple Oscillation

Solving for the Position Equation

For a simple oscillator consisting of a masto one end of a spring with a spring constaiihe
restoring forcef, can be expressed by the equation

f=—sx

wherex is the displacement of the mass from its rest position. Suirsgitthe expression fdr
into the linear momentum equation,

d’r
f=ma= mE
wherea is the acceleration of the mass, we can get

d’x
mE = —5T
or,
d’r s
Pl ET =0
Note that
2 S
Wy = -

To solve the equation, we can assume
r(t) = Ae™

The force equation then becomes

(A +wi)Ae™ =0,

Giving the equation

N +wp =0,



Solving fori
A = tjwyg
This gives the equation afto be
T = Cye?Pt L CheJwnt
Note that
j=(=D"
and thatC; andC; are constants given by the initial conditions of the system
If the position of the mass &t 0 is denoted as, then
Cy +Ch =1y
and if the velocity of the masstat O is denoted a%, then
—j(ua/wy) = C1 — Cy
Solving the two boundary condition equations gives
1

Cy = E(Tn —j(uD/wﬂjj
1
Ch = E'fl*u + j(ug/wn))

The position is then given by

r(t) = roeos(wot) + (ug/wy)sin(wyt)

This equation can also be found by assumingxisbf the form
r(t) = Ajcos(wgt) + Azsin(wgt)

And by applying the same initial conditions,

A]_ = Iy
Up
Ay = —
o

This gives rise to the same postion equation

r(t) = roeos(wot) + (ug/wy)sin(wyt)



Alternate Position Equation Forms

If A; andA; are of the form

Ay = Acos(¢) A; = Asin(¢)

Then the position equation can be written

r(t) = Acos(wpt + ¢)

By applying the initial conditionsx(0)=Xo, u(0)=Uup) it is found that
rq = Acos(o)

T Asin(¢)

Lp

If these two equations are squared and summed, then it is found that

—_—
. (7
A= [22 4 (2)
[Ch
And if the difference of the same two equations is found, the result is that
. 1, —U
¢ = tan™Y( = )
Il

The position equation can also be written as the Real part of the imaginarmgrpegiiation
Re[z(t)] = z(t) = Acos(wpt + ¢)
Due to euler's rule {&= cosg + jsing), x(t) is of the form

z(t) = AedWottd)



Forced Oscillations(Simple Spring-Mass System)

Recap of Section 1.3

In the previous section, we discussed how adding a damping compongné (@ashpot) to an
unforced, simple spring-mass system would affect the responke sf/$tem. In particular, we
learned that adding the dashpot to the system changed the naturatdyeqlithe system from
to a new damped natural frequency , and how this change madesgfense of the system
change from a constant sinusoidal response to an exponentially-desayisoid in which the
system either had an under-damped, over-damped, or critically-damped response.

In this section, we will digress a bit by going back to theptenfundamped) oscillator system of
the previous section, but this time, a constant force will be ap@i¢ig system, and we will
investigate this system's performance at low and high freqeeasiavell as at resonance. In
particular, this section will start by introducing the chagastics of the spring and mass
elements of a spring-mass system, introduce electrical gm&bo both the spring and mass
elements, learn how these elements combine to form the mechampsdance system, and
reveal how the impedance can describe the mechanical systenal @sponse characteristics.
Next, power dissipation of the forced, simple spring-mass systdnbevdiscussed in order to
corroborate our use of electrical circuit analogs for theefbrsimple spring-mass system.
Finally, the characteristic responses of this systembwiltliscussed, and a parameter called the
amplification ratio (AR) will be introduced that will help in ploiy the resonance of the forced,
simple spring-mass system.

Forced Spring Element

Taking note of Figs. 1, we see that the equation of motion for mgsgirat has some constant,
external force being exerted on it is...

F=syAz (1.4.1)

whereS M is the mechanical stiffness of the spring.
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Figs. 1

Note that in Fig. 1(c), forchIows constantly (i.e. without decreasing) throughout a spring, but

the velocity of the spring decrease frol1to Uzas the force flows through the spring. This
concept is important to know because it will be used in subsequent sections.

In practice, the stiffness of the spri© s, also called the spring constant, is usually expressed as
1
Cau=—
SM or the mechanical compliance of the spring. Therefore, thegsisrivery stiff if
SMis large = Chris small. Similarly, the spring is very loose or "bouncy'SAfis small

= Curis large. Noting that force and velocity are analogous to vol@geg current,
respectively, in electrical systems, it turns out that theachanistics of a spring are analogous to
the characteristics of a capacitor in relation to, and, so wencalel the "reactiveness" of a

spring similar to the reactance of a capacitor if wC = Ciras shown in Fig. 2 below.
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sM
1F
Fig. 2
. , 1
Reactance of Capacitor : Xgo = T (14.2a)
Jw

Reactance of Spring : Xys = (1.4.2b)

JwCir

Forced Mass Element

Taking note of Fig. 3, the equation for a mass that has constant, exteredbdarg exerted on it
is...

F = Myi= Myi= Myi  (14.3)
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If the mass Vs can vary its value and is oscillating in a mechanical systemaa amplitude
Ay such that the input the system receives is constant at freqiv nesg My increases, the
harder it will be for the system to move the massi at Ay until, eventually, the mass
doesn?tm)t oscillate at all . Another equivalently way to look at it ig i’ heary and hole Mar
constant. Similarly, ai’ increases, the harder it will be to (;M.Mto oscillate alw and keep
the same amplitudAM until, eventually, the mass doesn?tm)t oscillate at all. Thereds

increases, the "reactiveness" of m Mar decreases (i.eﬂfﬂf starts to move less and less).
Recalling the analogous relationship of force/voltage and velagitefat, it turns out that the
characteristics of a mass are analogous to an inductor. Tleeref@ can model the

"reactiveness"” of a mass similar to the reactance afductor if we IetL = My as shown in
Fig. 4.
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Reactance of Inductor: Xp = jwL (1.4.4a)

Reactance of Mass : Xy = jwLyy (1.4.4b)

Mechanical Impedance of Spring-Mass System

As mentioned twice before, force is analogous to voltage and welscnalogous to current.
Because of these relationships, this implies that the mechanjatlance for the forced, simple
spring-mass system can be expressed as follows:

. F
Zy=— (145
(s

In general, an undamped, spring-mass system can either be "gpglhgrl'mass-like". "Spring-

like" systems can be characterized as being "bouncy” and eéhdytd grossly overshoot their
target operating level(s) when an input is introduced to the sysSikese type of systems
relatively take a long time to reach steady-state statamveZsely, "mass-like" can be
characterized as being "lethargic" and they tend to not reachdesired operating level(s) for a

14



given input to the system...even at steady-state! In terms of eprfggte and velocity, we say
that " force LEADS velocity" in mass-like systems and "vieyobtEADS force" in spring-like
systems (or equivalently " force LAGS velocity" in mass-l&gstems and "velocity LAGS
force" in spring-like systems). Figs. 5 shows this relationship graphically.

lass-like Mectanical S ystetm Spnng-like Mectanical System

Im Im

Re Re

Figs. 5

Power Transfer of a Simple Spring-Mass System

From electrical circuit theory, the average complex po',P,Edissipated in a system is
expressed as ...

Py — %Re {vir} (148

where V'and I* represent the (time-invariant) complex voltage and complex conjogatent,
respectively. Analogously, we can express the net power dissipztthe mechanical system

Pein general along with the power dissipation of a spring-likaeﬂyspﬂfs or mass-like

systemFirisas...
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. %Re {Fu*} (14.7a)

¥

Pys = ‘Re { B[ 1Y (1.4.7b)
2 Ear
1 o\
Piivr=-Rel F 1.4.7c
MM 5 Jw My ( "3:3

In equations 1.4.7, we see that the product of complex force and veloeipurely imaginary.
Since reactive elements, or commonly called, lossless elentamisot dissipate energy, this
implies that the net power dissipation of the system is zero. This rtiednis our simple spring-
mass system, power can only be (fully) transferred back ard bettveen the spring and the
mass. Therefore, by evaluating the power dissipation, this correbotia¢ notion of using
electrical circuit elements to model mechanical elements in our spasg-system.

Responses For Forced, Simple Spring-Mass System

Fig. 6 below illustrates a simple spring-mass system with a foer¢eelxon the mass.

MM Forced, Simple
[ Spring-Mass
System
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This system has response characteristics similar to ththeafndamped oscillator system, with
the only difference being that at steady-state, the sysisailates at the constant force
magnitude and frequency versus exponentially decaying to zero untbeced case. Recalling
equations 1.4.2b and 1.4.4b, letting be the natural (resonant) frequency sjfrithg-mass
system, and lettind“n be frequency of the input received by the system, the chasticter
responses of the forced spring-mass systems are presented graphi€igiéy v below.

Casel: @ 55 @, = |Fuge| = | R |

Cased: @<ca, :>|F~m |<|Fus|

Case3: w=a, :>|Fu~ ‘=|FMS|

Im Im Im
hi F ’F
me :f
- FMM
FMM
Re Re Re
FNS
FMS ﬁ‘MS
Tu all “af
Fy

mass effects > spnng effects at @

(mass-like systerm = overdamped system)

{a)

Figs.7

Amplification Ratio

mass effects < spring effects at @
(spring-like system = underdamped systen)

{e)

mass effects = spring effectsat @
(springlike system = criticdly-damped systent)

fe)

The amplification ratio is a useful parameter that allowsoysldt the frequency of the spring-
mass system with the purports of revealing the resonant frig system solely based on the
force experienced by each, the spring and mass elements gktemsin particular, AR is the
magnitude of the ratio of the complex force experienced by thegspnd the complex force

experienced by the mass, i.e.

Sﬂff

AR =

Sﬂff

Sﬂ[f

Myra

My

My

17
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(=

Wn | be the frequency ratio, it turns out that AR can also be expressed as...

If we let

1
AR= =5 (149

- - 2
AR will be at its maximum whe |}LMS| = |}"LMM| . This happens precisely wh ("= 1.

An example of an AR plot is shown below in Fig 8.

Amplifi cati on Ratio Plot

£ e

Fig. 8
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Mechanical Resistance

Mechanical Resistance

For most systems, a simple oscillator is not a very accanatkel. While a simple oscillator

involves a continuous transfer of energy between kinetic and potemntial With the sum of the

two remaining constant, real systems involve a loss, or dissipatisapa of this energy, which

is never recovered into kinetic nor potential energy. The mechatishsause this dissipation
are varied and depend on many factors. Some of these mechanitidg idiag on bodies

moving through the air, thermal losses, and friction, but there arey mthers. Often, these
mechanisms are either difficult or impossible to model, and mesham-linear. However, a

simple, linear model that attempts to account for all of thesgedom a system has been
developed.

Dashpots

1x

L | RNI

The most common way of representing mechanical resistance mpedaystem is through the
use of a dashpot. A dashpot acts like a shock absorber in a pasdlices resistance to the
system's motion that is proportional to the system's velocityfadter the motion of the system,
the more mechanical resistance is produced.
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Force

Welocity

As seen in the graph above, a linear realationship is assumed meéhseerce of the dashpot
and the velocity at which it is moving. The constant that relhiese two quantities Ry, the
mechanical resistance of the dashpot. This relationship, known asebasvidamping law, can
be written as:

F=R-u
Also note that the force produced by the dashpot is always in phase with the velocity.

The power dissipated by the dashpot can be derived by looking abtkalane as the dashpot
resists the motion of the system:

1 ra - 2k
PD=§§R [F-u*] = 2|R|3|,;

Modeling the Damped Oscillator

In order to incorporate the mechanical resistance (or dampiioghe forced oscillator model, a
dashpot is placed next to the spring. It is connected to the Ma¥®K one end and attached to
the ground on the other end. A new equation describing the forces must be developed:

F— Sﬂ;I‘ — R‘UH = ﬂ']rﬂ;ﬂ- — F = Sﬂ;I‘ —I— Rﬂfi —I— ﬁhfﬂlf.f
It's phasor form is given by the following:

Felwt — spiut [S.-‘u + jwRar + (—Q_}E) ﬂfﬂ;]
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Mechanical Impedance for Damped Oscillator
F

Previously, the impedance for a simple oscillator was defincll .adsing the above equations,
the impedance of a damped oscillator can be calculated:

M

X F S -
Zy = 7= Ry + 7 (Diﬁirﬂ: — —> = | Zys|e’®-

wt

1

For very low frequencies, the spring term dominates because &' thl&ationship. Thus, the

—r
L]

phase of the impedance approac 2 for very low frequencies. This phase causes the velocity
to "lag" the force for low frequencies. As the frequency iregeathe phase difference increases
toward zero. At resonance, the imaginary part of the impedamsshes, and the phase is zero.
The impedance is purely resistive at this point. FBr very high freies the mass term

ik

dominates. Thus, the phase of the impedance approg,aed the velocity "leads"” the force for
high frequencies.

Based on the previous equations for dissipated power, we can sdbethaial part of the
impedance is indeeldy. The real part of the impedance can also be defined as the obsiee
phase times its magnitude. Thus, the following equations for the power can be obtained.

i 1 - 1 9 1 |F|2 1 |F|2
Wg=-R|Fu*|=-Rylt|" = s——=Ry = s -—5—cos(Pz)
2 [ ] 2 2| Zxr|? 2| Z|
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Characterizing Damped Mechanical Systems

Characterizing Damped Mechanical Systems

Characterizing the response of Damped Mechanical Oscillatstgrsycan be easily quantified
using two parameters. The system parameters are the resdremeency (Wresonance™ and
the damping of the systemQ(qualityfactor)orB(Temporal Absorption™). In practice, finding
these parameters would allow for quantification of unkwnown systemslkwd you to derive
other parameters within the system.

Using the mechanical impedance in the following equation, notice tbataginary part will
equal zero at resonance.

(Zm=F/u=Rm+j(w* Mm?s/w))

Resonance case/t Mm=s/w)

Calculating the Mechanical Resistance

The decay time of the system is related to 1 / B wheretligiFemporal Absorption. B is related
to the mechancial resistance and to the mass of the system by the followitigrequa

B=Rm/2*Mm

The mechanical resistance can be derived from the equation byrkholme mass and the
temporal absorption.

Critical Damping
The system is said to be critically damped when:
Rc=2*M* sgrt(s/Mm) = 2 *sgrt(s* Mm) =2 * Mm™* wn

A critically damped system is one in which an entire cycleerger completed. The absorbtion
coefficient in this type of system equals the natural frequéraysystem will begin to oscillate,
however the amplitude will decay exponentially to zero within the first atoil.

Damping Ratio
DampingRatio = Rm/ Rc

The damping ratio is a comparison of the mechanical resistdreesystem to the resistance
value required for critical damping. Rc is the value of Rm fhictv the absorbtion coefficient
equals the natural frequency (critical damping). A damping exjual to 1 therefore is critically
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damped, because the mechanical resistance value Rm is equalvéautheequired for critical
damping Rc. A damping ratio greater than 1 will be overdamped, eattbdess than 1 will be
underdamped.

Quality Factor

The Quality Factor (Q) is way to quickly characterize thape of the peak in the response. It
gives a quantitative representation of power dissipation in an oscillation.

Q =wresonance / (wu ?wl)

Wu and WI are called the half power points. When looking at the respbmassystem, the two
places on either side of the peak where the point equals halbwer of the peak power defines
Wu and WI. The distance in between the two is called the half-pbasdwidth. So, the
resonant frequency divided by the half-power bandwidth gives you thetyquattor.
Mathematically, it takes Q/pi oscillations for the vibration t@adeto a factor of 1l/e of its
original amplitude.

23



Electro-Mechanical Analogies

Why analogs to circuits?

Since acoustic devices contain both electrical and mechanical centppane needs to be able
to combine them in a graphical way that aids the user's intuitionmélieod that is still used in
the transducer industry is the Impedance and Mobility analobi&s dompare mechanical
systems to electric circuits.

Two possible analogies

i) Impedance analog

if) Mobility analog

Mechani cal El ectrical equival ent
iJimpedance analog
Pot ent i al Force F(t) Vol t age V(t)
Fl ux Velocity u(t) Current i(t)
i)Mobility analog
Pot ent i al Vel ocity u(t) Velocity u(t)
Fl ux Force F(t) Current i(t)

Impedance analog is often easier to use in most accoustical systelien mobility analog can be
found more intuitively for mechanical systems. These are gemesaliowever, so it is best to
use the analogy that allows for the most understanding. A cotoite analog can be switched
to the equivalent circuit of the other analog by using the dutileo€ircuit. (more on this in the
next section).

The equivalent spring

Mechanical spring

_f\‘,f\N\M\}"\/_Fzsfrdf

Impedance analogy of the mechanical spring

[ — v- 1/C/z'df
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Mobility analogy of the mechanical spring

—C0000,—¢ = /L f Udt
The equivalent Mass

Mechanical mass

du
= F— B u = W —
F=Mx =M o

Impedance analogy of the mechanical mass

di

U= L—

——v =1Lz
Mobility analogy of the mechanical mass

M %
I_I E—Cdf

The equivalent resistance

Mechanical resistance

_WV\NV\/_F:RmU

Impedance analogy of the mechanical resistance

MWW= g,

Mobility analogy of the mechanical resistance

N
AN~ = B,
Review of Circuit Solving Methods
Kirchkoff's Voltage law

"The sum of the potential drops around a loop must equal zero."

This implies that the total potential drop around a series ofegieis equal to the sum of the

25



individual voltage drops in the series.

eotal =drop; + drop; + drops

Kirchkoff's Current Law

"The Sum of the currents at a node (junction of more than two elements) must be zero"
Using the pipe flow analogy of circuits, this can be thought of as the contiguigyien.

For example if there was a node with three elements conneciteghttmbered 1,2 and 8) + i,
+i3 =0 From the current law, their sum would equal zero.

Hints for solving circuits:

-Remember that certain elements can be combined to simplifgirthet (the combination of
like elements in series and parallel)

-If solving a circuit that involves steady-state sources, uspsdances! (This reduces the circuit
down to a bunch of complex domain resistor elements that can be combisadptify the
circuit.)

Additional Resources for solving linear
circuits:

Thomas & Rosa, "The Analysis and Design of Linear Circuits”, Wiley, 2001
Hayt, Kemmerly & Durbin, "Engineering Circuit Analysis", 6th ed., McGidil, 2002
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Methods for checking Electro-Mechanical
Analogies

After drawing the electro-mechanical analogy of a mechhsysdem, it is always safe to check
the circuit. There are two methods to accomplish this:

1. Low-Frequency Limits:

This method looks at the behavior of the system for very large rgr sreall values of the
parameters and compares them with the expected behavior of thamual system. The basic
formula to spot an error in the electro-mechanical circuit is as follows:

Very | arge val ue: Very smal | val ue:
Capacitor (O Short circuit Qpen circuit
Resi stor (R Qpen circuit Short circuit
I nductor (L) Qpen circuit Short circuit

2. Dot Method: (Valid only for planar network)

This method helps obtain the dual analog (one analog is the dualath#r® The steps for the
dot product are as follows: 1) Place one dot within each loop and ondeoalisthe loops. 2)
Connect the dots. Make sure that only there is only one line throebheésament and that no
lines cross more than one element. 3) Draw in each line thaesras element its dual element,
including the source. 4) The circuit obtained should have the same catibguas the dual
analog of the original electro-mechanical circuit.
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Examples of Electro-Mechanical Analogies

Example 1

Draw the mobility analog representation of the mechanical system shown below.

MmB

Mm2 M2

CmT cmT

ON
=

Example 1 Solution

Using the fact that flux is equivalent to force and potential tocisi, the following is the
mobility analog representation of the mechanical system given in example

28



CmT Cms Cms CmT

1 1URm —L 1REm | —

Mmz2 MmB Mm2

Using the Low-frequency limits method to check the accuracy ofrtbkility analog circuit
drawn, we have:

i) If we make the Cms (inductor) very small, the Cms becoengisort circuit. This agrees with
the mechanical system.

i) If we make the Mm2 (capacitor) very large, the Mm2 becomehort circuit. No motion is
transmitted to the rest of the system and this agrees by inspecting thaiced@estem given.

Example 2

Draw the mobility analog representation of the following axisytnimédevice. Does your circuit
make sense if you consider behavior at low-frequency?

29



Fo

Example 2 Solution

The mobility analog representation of this system would be as follows:
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|
A0

A
AN

H—
3
]
|
S
it
W

Mm2 i cmi A2

Example 3
Draw the mobility analog representation of the mechanical syls&onv. Consider the behavior

of the circuit at low frequency to check for validity. Then drae impedence equivalent circuit
using the dot method.
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MM‘.' Lfl
X1t
[
= = B
|
MM2 *‘ _L.LZ
’ : X2

The mobility analog representation of the mechanical system is shown as:
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1/Rm2 Cml

F Q} M ML % 1/Rm

The impedance analog representation of the same mechanical system isshown a

’ @ Cm2 T Cml
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Primary variables of interest

Basic Assumptions

Consider a piston moving in a tube. The piston starts moving at #neith a velocity us,.
The piston fits inside the tube smoothly without any friction or gae. fition of the piston
creates a planar sound wave or acoustic disturbance travelingtllewurbe at a constant speed
c>>U,. In a case where the tube is very small, one can negletintheit takes for acoustic
disturbance to travel from the piston to the end of the tube. Hencesabnassume that the
acoustic disturbance is uniform throughout the tube domain.

u

| \pgtp) pyte’t Tyt T
Assumptions

1. Although sound can exist in solids or fluid, we will first consitier mmedium to be a fluid at
rest. The ambient, undisturbed state of the fluid will be designated sisbscript zero. Recall
that a fluid is a substance that deforms continuously under the ajgpliczit any shear
(tangential) stress.

2. Disturbance is a compressional one (as opposed to transverse).

3. Fluid is a continuum: infinitely divisible substance. Each fluid prgpassumed to have
definite value at each point.

4. The disturbance created by the motion of the piston travelsoaistant speed. It is a function
of the properties of the ambient fluid. Since the propertiess@reed to be uniform (the same
at every location in the tube) then the speed of the disturbande hasconstant. The speed of
the disturbance is the speed of sound, denoted by dgttath subscript zero to denote ambient
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property.

5. The piston is perfectly flat, and there is no leakage flow bettheepiston and the tube inner
wall. Both the piston and the tube walls are perfectly rigid. Tighafinitely long, and has a
constant area of cross section, A.

6. The disturbance is uniform. All deviations in fluid properties laeesame across the tube for
any location x. Therefore the instantaneous fluid properties areadiyction of the Cartesian
coordinate x (see sketch). Deviations from the ambient will be denoted by primedalessri

Variables of interest

Pressure (force / unit area)

Pressure is defined as the normal force per unit area actiagyonontrol surface within the
fluid.

For the present case,inside a tube filled with a working fluid spress the ratio of the surface
force acting onto the fluid in the control region and the tube areaprEssure is decomposed
into two components - a constant equilibrium componp#t,superimposed with a varying
disturbancep(x). The deviatiorpis also called the acoustic pressure. Note ghedin be positive
or negative. Unitkg / ms”. Acoustical pressure can be meaured using a microphone.
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Density is mass of fluid per unit volume. The density, p, is also decomposed into the sum of
ambient value (usually around pO= 1.15 kg/m3) and a disturbance p?tm)(x). The disturbance can

be positive or negative, as for the pressure. Wgit:m

Acoustic volume velocity

Rate of change of fluid particles position as a funtion of time. Itsvétleknown fluid mechanics
term, flow rate.

= fﬁ.ﬁ-ds

In most cases, the velocity is assumed constant over the en8gesection (plug flow), which
gives acoustic volume velocity as a product of fluid velcit gnd cross section S.

U=1.5
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Electro-acoustic analogies

Electro-acoustical Analogies

Acoustical Mass

Consider a rigid tube-piston system as following figure.

deal

massless .5‘\‘
S N —
| N |
A% | ; I
1
ks,
— P B \
| |
1 | 'y
1 | x
(open)
X x=L
- Rigid tube

C

Piston is moving back and forth sinusoidally with frequencly éfssuming [ or \/’E

— l'lll"""'
(wherecis sound velocit\,c V FRTD), volume of fluid in tube is,

o,=51

Then mass (mechanical mass) of fluid in tube is given as,

ﬂirj,; = Hrpl:l = I.OUSE

For sinusoidal motion of piston, fluid move as rigid body at same vglasitpiston. Namely,
every point in tube moves with the same velocity.

Applying the Newton's second law to the following free body diagram,
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S(P,+P) Pl —— sp,

‘x\.i\.‘x

x(1) = Re{xe’"}

f du - N pnf T
SP = (paSl) o P = pol(jw)u = juw(~5-)b

Where, plug flow assumption is used.

"Plug flow' assunption:

Frequently in acoustics, the velocity distribution along the nornal surface
of fluid flow is assuned uniform Under this assunption, the acoustic vol ume
velocity Uis sinply product of velocity and entire surface. U = Su

Acoustical Impedance

Recalling mechanical impedance,
Iy = P jw(paSt)

acoustical impedance (often termedaaoustic ohn) is defined as,

- P Zﬂ; . pDI |:;\'T.5i|
da=p= e =g
where, acoustical mass is defined.

;o pal
My = 5

Acoustical Mobility

Acoustical mobility is defined as,
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Impedance Analog vs. Mobility Analog

Impedance analog Mability analog
/Jr U + P
F My

Acoustical Resistance

c
|
|
=

Acoustical resistance models loss due to viscous effectstiqfficand flow resistance
(represented by a screen).
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Impedance analog Mobility analog

ra is the reciprocal oRp and is referred to agsponsiveness.
Acoustical Generators

The acoustical generator components are pred3aned volume velocityJ, which are analogus
to force,F and velocity,u of electro-mechanical analogy respectively. Namely, for irapeé
analog, pressure is analogus to voltage and volume velocity is analogu®td, @md vice versa
for mobility analog. These are arranged in the following table.

Irmpedance [Mability

voltage mechanical F u
acoustic P Ll

current mechanical 1] F
acoustic L F

Impedance and Mobility analogs for acoustical generators of am@nptessure and constant
volume velocity are as follows:
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Impedance analog

Mobility analog
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Acoustical Compliance

Consider a piston in an enclosure.

ldeal
massless
piston

IG 0 -P'“

‘ ;KEnclﬂsure

When the piston moves, it displaces the fluid inside the enclosure. Acoastpliance is the
measurement of how "easy" it is to displace the fluid.

Here the volume of the enclosure should be assumed to be small ¢nautite fluid pressure
remains uniform.

Assume no heat exchange 1l.adiabatic 2.gas compressed uniformly me ipri cavity
everywhere the same.

PIT! = contst

from thermal equitatior it is easy to get the relation between disturbing

F ES n 1 E.*
P'Z—Z':VD .}'.':}P:_—(':V D}U
pressure and displacement of the pis S H“ Jo L, where U is
volume rate, P is pressure according to the definition of the impedamd mobility, we can
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C, = —5 ,compliance
P
Z,= L Impedance
a4 . »
JoC,

get

Mobility Analog VS Impedance Analog

Mobility Analog |Impedance Analog

L)
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Examples of Electro-Acoustical Analogies

Example 1: Helmholtz Resonator

e
Feg

Assumptions - (1) Completely sealed cavity with no leaks. (2) Cadts like a rigid body
inducing no vibrations.
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Solution:

- Impedance Analog -

— S

M,
_|_
O
L
Ry
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Example 2: Combination of Side-Branch Cavities

Jwi
Pe

Ca1

Caz

Caz

Ilay

Ilaz

Mlas

Ilgg

Fa1
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Solution:
- Impedance Analog -

a day Fai W Rz M Fas

T T M

O R O a3

Termination
Trpedance

a7



Transducers - Loudspeaker

Acoustic Transducer

The purpose of the acoustic transducer is to convert electriagglyeinéo acoustic energy. Many
variations of acoustic transducers exists, although the most commtre isnoving coil-
permanent magnet tranducer. The classic loudspeaker is of the noouipgrmanent magnet

type.

The classic electrodynamic loudspeaker driver can be divided into three key catspone
1) The Magnet Motor Drive System

2) The Loudspeaker Cone System

3) The Loudspeaker Suspension

This illustration shows a cut-away of the moving coil-permanent magnet lokéspea

Woofer Picture here

Magnet Motor Drive System
Loudspeaker Cone System

Loudspeaker Suspension

An equivalent circuit can be used to model all three loudspeaker comp@ser@idumped
system. This circuit provides a model of the loudspeaker and itsageEab-components and
can be used to provide insight into what parameters alter the loudspeaker's pedgorma

Moving Resonators

Moving Resonators

Consider the situation shown in the figure below. We have a typeahtbltz resonator driven
by a massless piston which generates a sinusoidal préksurewever the cavity is not fixed in
this case. Rather, it is supported above the ground by a springamigblianceCy. Assume the
cavity has a maddy.
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Recall the Helmholtz resonat@ele Module #P The difference in this case is that the pressure
in the cavity exerts a force on the bottom of the cavity, whictovs not fixed as in the original
Helmholtz resonator. This pressure causes a force that acts upmavitlyebottom. If the surface
area of the cavity bottom &, then Newton's Laws applied to the cavity bottom give

X

Y F=pcSc— = =Myi=pcSc= [
Char

jw M
iwCo; + 7 J.J’] U

In order to develop the equivalent circuit, we observe that we simgay to use the pressure
(potential acros<C,) in the cavity to generate a force in the mechanical tirdiie above
equation shows that the mass of the cavity and the spring compdiaogkel be placed in series
in the mechanical circuit. In order to convert the pressure doca,fthe transformer is used with
a ratio of 1.
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M, M,,

§ — ——

A practical example of a moving resonator is a marimba. Amftar is a similar to a xylophone
but has larger resonators that produce deeper and richer tonessdhators (seen in the picture
as long, hollow pipes) are mounted under an array of wooden bars whislrurk to create
tones. Since these resonators are not fixed, but are connectedgtouhd through a stiffness
(the stand), it can be modeled as a moving resonator. Marimbastdraable instruments like
flutes or even pianos. It would be interesting to see how the tone oidhimba changes as a
result of changing the stiffness of the mount.

For more information about the acoustics of marimbas see
http://www.mostlymarimba.com/technol.html
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Part 2: One-Dimensional Wave Motion
Transverse vibrations of strings

Introduction

This section deals with the wave nature of vibrations constramede dimention. Examples of
this type of wave motion are found in objects such a pipes and tulbea wmall diameter (no
transverse motion of fluid) or in a string stretched on a musical instrument.

Streched strings can be used to produce sound (e.g. music instriikeegtstars). The streched
string constitutes a mechanical system that will be studiedhi® chapter. Later, the
characteristics of this system will be used to help to understand by anaogpestical systems.

What is a wave equation?

There are various types of waves (i.e. electromagnetic, meahagic)that act all around us. It
is important to use wave equations to describe the time-space behavior of thievafianterest

in such waves. Wave equations solve the fundamentals equations of motioway that
eliminates all variables but one. Waves can propagate longitudipalrallel to the propagation
direction or perpendicular (transverse) to the direction of projeagdtio visualize the motion of
such waves clickere(Acoustics animations provided by Dr. Dan Russell,Kettering University)

One dimensional Case

Assumptions :

- the string is uniform in size and density

- stiffness of string is negligible for samll deformations
- effects of gravity neglected

- no dissipative forces like frictions

- string deforms in a plane

- motion of the string can be described by using one single spatial coordinate

Spatial representation of the string in vibration:
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The following is the free-body diagram of a string in motion in a spatial cooedsiyatem:

Yrjl

y+dy

1
1
"

\

S —

L 3

¥+ dx S

e

From the diagram above, it can be observed that the tensions in eachtk&lstring will be the
(Teosf) _, —(TeosF) =10
same as follows

Using Taylor series to expand we obtain:

c[fmsﬁ'jdx={]
&
doosf

%—Tmafﬁ'—f =
&x gx

since & is very small then,
Ly

osf =1-=6" =1
2

Therefore, a7 =g
2x
T is constant through the string
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Characterization of the mechanical system

A one dimentional wave can be described by the following equation (called theguaateon):

(22)-(2)(3)

where,

yla,t) = &)+ 9(n)is a solution,

Withé =¢t — T gpqn =ct +

This IS the D'Alambert solution, for more information see:[1]
http://en.wikibooks.org/wiki/Acoustic: Time-Domain_Solutions

Another way to solve this equation is the Method of separation ofblesiaThis is useful for
modal analysis. This assumes the solution is of the form:

y(z,t) = f(x)g(t)

The result is the same as above, but in a form that is more conveniant for modas anaylsi

For more information on this approach see: Eric W. Weisstein et al. "Separatianaifl¥s."
From MathWorld--A Wolfram Web Resourd@]
http://mathworld.wolfram.com/SeparationofVariables.html

Please se®/ave Properties
http://en.wikibooks.org/wiki/Acoustic:Boundary_Conditions_and_Forced_Vibrations for
information on variable c, along with other important properties.

For more information on wave equations see: Eric W. Weisstein. "Wave Equatiom.” Fr
MathWorld--A Wolfram Web Resourcg8] http://mathworld.wolfram.com/WaveEquation.html
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Example with the functiof(?/4) :

f
'JI.

i
1]
—t+

gy N
f fi’i‘This image has been released into the public domain by the copyright holder, its
W 4= /S copyright has expired, or it isineligible for copyright. This applies worldwide.
f, -
X t=t-
x [ 3

ol
’("? This image has been released into the public domain by the copyright holder, its
¥ J'copyright has expired, or it isineligible for copyright. This applies worldwide.
e

Example:Java String simulatiohttp://www.kw.igs.net/~jackord/bp/n1.html

This show a simple simulation of a plucked string with fixed ends.

54



Time-Domain Solutions

d'Alembert Solutions

In 1747,Jean Le Rond d'Alembgublished a solution to the one-dimensional wave equation.

The general solution, now known as the d'Alembert method, can be founddguaig two
new variables:

E=ct—zqn=ct+z

and then applying the chain rule to the general form of the wave equation.

From this, the solution can be written in the form:

y(&m) = f&) +gn) = flz+ct) +g(x —ct)
where f and g are arbitrary functions, that represent two waves trawebpgosing directions.

A more detailed look into the proof of the d'Alembert solution can dend here.
http://mathworld.wolfram.com/dAlembertsSolution.html

Example of Time Domain Solution

If f(ct-x) is plotted vs. x for two instants in time, the twowsa are the same shape but the
second displaced by a distance of c(t2-t1) to the right.
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The two arbitrary functions could be determined from initial conditions or boundary values
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Boundary Conditions and Forced Vibrations

Boundary Conditions

The functions representing the solutions to the wave equation previously discussed,

are dependent upon the boundary and initial conditions. If it is assumiedhéhavave is
propogating through a string, the initial conditions are related teghkeific disturbance in the
string at t=0. These specific disturbances are determinémtatyon and type of contact and can
be anything from simple oscillations to violent impulses. The &ffetboundary conditions are
less subtle.

The most simple boundary conditions are the Fixed Support and Free Emactloep the Free
End boundary condition is rarely encountered since it is assumed thate aansverse forces
holding the string (e.g. the string is simply floating).

For a Fixed Support:

The overall displacement of the waves travelling in the stringhe support, must be zero.
Denoting x=0 at the support, This requires:

y(0,t) = flct —0) 4+ glct4+0)=10

Therefore, the total transverse displacement at x=0 is zero.
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The sequence of wave reflection for incident, reflected and combiawdsware illustrated
below. Please note that the wave is traveling to the left (wegadirection) at the beginning.
The reflected wave is ,of course, traveling to the right (positidieection).

incident
0 ¥

reflected

>

®

total

t=0
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- total
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t=t1
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incident
0 %

reflected

t=t3
For a Free Support:
Unlike the Fixed Support boundary condition, the transverse displacméet aifgport does not

need to be zero, but must require the sum of transverse forcex#d. ¢hit is assumed that the
angle of displacement is small,

sin(f) = # = (%)

and so,

. dy
Y F,=Tsin(@)=T (Q) =0

But of course, the tension in the string, or T, will not be zero laisdéquires the slope at x=0 to
be zero:

)
i.e. Ox
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Again for free boundary, the sequence of wave reflection for incideffécted and combined
waves are illustrated below:

A4 -
,f"'f
o incident
0 X
reflected
Y
A T -
L~
e
rd total
¥

t=0
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incident
0! %

reflected

¥

X x

total
! X

t=t1
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reflected
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total
i 4
I

t=t2
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incident
0 %

reflected

ZA .

t=t3
Other Boundary Conditions:

There are many other types of boundary conditions that do not tatbhumtsimplified categories.
As one would expect though, it isn't difficult to relate the attarsstics of numerous "complex”
systems to the basic boundary conditions. Typical or realistic boundadytions include mass-
loaded, resistance-loaded, damped loaded, and impedance-loaded stngdurtRer
information, see Kinsler, Fundamentals of Acoustics, pp 54-58.

Here is a website with nice movies of wave reflection ateifit BC's:Wave Reflection
http://www.ap.stmarys.ca/demos/content/osc_and_waves/wave_reflectionfefiaetion.html

Wave Properties

To begin with, a few definitions of useful variables will be diseas These include; the wave
number, phase speed, and wavelength characteristics of wave travetiughthrstring.

The speed that a wave propogates through a string is giverma of the phase speed, typicaly
in m/s, given by:
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— ./
=y T’/pL where PL is the density per unit length of the string.

The wavenumber is used to reduce the transverse displacemenbredoiati simpler form and
for simple harmonic motion, is multiplied by the lateral position. It is given by:

)
¢ ) wherew = 27 f

Lastely, the wavelength is defined as:

- (- ()

and is defined as the distance between two points, usually peaks, of a periodic waveform

These "wave properties" are of practical importance whemlasiltg the solution of the wave
equation for a number of different cases. As will be seen Idterwave number is used
extensively to describe wave phenomenon graphically and quantitatively.

For further information: Wave Properties
http://scienceworld.wolfram.com/physics/Wavenumber.html

Forced Vibrations

1.forced vibrations of infinite string suppose there is a string kery , at x=0 there is force
exerted on it.

F(t)=Fcos(wt)=Real{Fexp(jwt)}

F)= —r(g),_..

use the boundary condition at x:

neglect the reflect wave

f(x__t)z]tnd{i Uy
. F7
it is easy to get the wave for
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where w is the angular velocity, k is the wave number.

according to the impedance definition
8 F
. L

o Flpe

it represent the characteristic impedance of the string. obyjats$ purely resistive, which is
like the restance in the mechanical system.

The dissipated power

Nl

i 2@

2

.
oss
2t

Note: along the string, all the variable propagate at same speed.

link title a useful link to show the time-space property of the wave.
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Some interesting animation of the wave at different boundary conditions.

1.hard boundary( which is like a fixed end)

2.soft boundary ( which is like a free end)

o
=)
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3.from low density to high density string

/\

4.from high density to low density string
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Part 3: Applications
Room Acoustics and Concert Halls

Introduction

From performing on many different rooms and stages all over thedJBitates, | thought it
would be nice to have a better understanding and source about the rooricsacdimss
Wikibook page is intended to help to the user with basic to technicalianstanswers about
room acoustics. Main topics that will be covered are: whatyreadlkkes a room sourgbod or

bad, alive or dead. This will lead into absorption and transmission coefficients, decay of sound in
the room, and reverberation. Different use of materials in roothbevimentioned also. There is

no intention of taking work from another. This page is a switchboardestmtwelp the user find
information about room acoustics.

Sound Fields

Two types of sound fields are involved in room acoustics: Direct Sound and Reverberant Sound.

Direct Sound

The component of the sound field in a room that involves only a direct patbdrethe source
and the receiver, before any reflections off walls and other surfaces.

Reverberant Sound

The component of the sound field in a room that involves the direct patihenxhth after it
reflects off of walls or any other surfaces. How the walefkect off of the mediums all depends
on the absorption and transmission coefficients.

Good example pictures are showrCatitchfield Advisor
http://akamaipix.crutchfield.com/ca/reviews/20040120/roomacousticslaRjifysics Site from
MTSU http://physics.mtsu.edu/~wmr/reverb1fl.gif, anmiceteacher.com
http://www.voiceteacher.com/art/bounce.qif

Room Coefficients

In a perfect world, if there is a sound shot right at a wallsthend should come right back. But
because sounds hit different materials types of walls, the soundhaioleave perfect reflection.
From 1, these are explained as follows:

Absorption & Transmission Coefficients

The best way to explain how sound reacts to different mediumsaoiggthracoustical energy.
When sound impacts on a wall, acoustical energy will be refleateshrbed, or transmitted

70



through the wall.

' |
/
- /
a
4
/
;
Y
WALL
g=b=T
Absorption Coefficient I
-
Transmission Coefficien 1i

If all of the acoustic energy hits the wall and goes throhghwall, the alpha would equal 1
because none of the energy had zero reflection but all absorptionwdiits be an example of a
dead or soft wall because it takes in everything and doesn't reflechemgyback. Rooms that are
like this are called Anechoic Rooms which looks like this froAxiomaudio
http://www.axiomaudio.com/archives/22chamber.jpg.

If all of the acoustic energy hits the wall and all reielbaick, the alpha would equal 0. This
would be an example oflave or hard wall because the sound bounces right back and does not
go through the wall. Rooms that are like this are called Rerarb&ooms like thiddcintosh
http://www.roger-russell.com/revrm3.jpg room. Look how the walls havkimptattached to
them. More room for the sound waves to bounce off the walls.
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Room Averaged Sound Absorption Coefficient

Not all rooms have the same walls on all sides. The room avesagad absorption coefficient
can be used to have different types of materials and areas of walls avegegbdrt

" =i = area of ith surface
Z oS ¢ = absorption coefficient of ith surface
g =_1 5= total surface area of room =" 5

RASAC: ZSI 7= total number of abszorptive surfaces in a room

Absorption Coefficients for Specific Materials

Basic sound absorption Coefficients are shown hefe@tstical Surfaces

Brick, unglazed, painted alpha ~ .01 - .03 -> Sound reflects back
An open door alpha equals 1 -> Sound goes through

Units are inSabins

Sound Decay and Reverberation Time

In a large reverberant room, a sound can still propagate afteouhd source has been turned
off. This time when the sound intensity level has decay 60 dBlexdddle reverberation time of
the room.

7= Volume of the room
T 04917 English units A= Area (Sabing) of idea absorber
A+ dml” m = Attenuation constant for air

Great Reverberation Source
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Great Halls in the World

Foellinger Great Hall

Japan
Budapest

Carnegie Hall in New York

Carnegie Hall

Pick Staiger at Northwestern U

Concert Hall Acoustics

References
[1] Lord, Gatley, Evensemoise Control for Engineers, Krieger Publishing, 435 pgs

Created by Kevin Baldwin
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Bass Reflex Enclosure Design

Introduction

Bass-reflex enclosures improve the low-frequency response of lokds@yatems. Bass-reflex
enclosures are also called "vented-box design" or "ported-cadesgn”. A bass-reflex
enclosure includes a vent or port between the cabinet and the asrignhment. This type of
design, as one may observe by looking at contemporary loudspeaker prasiwstill widely
used today. Although the construction of bass-reflex enclosureslysdianple, their design is
not simple, and requires proper tuning. This reference focuses toectirécal details of bass-
reflex design. General loudspeaker information can be foarel

Effects of the Port on the Enclosure Response

Before discussing the bass-reflex enclosure, it is impornane familiar with the simpler sealed
enclosure system performance. As the name suggests, theé sedl@sure system attaches the
loudspeaker to a sealed enclosure (except for a small airnelakled to equalize the ambient
pressure inside). Ideally, the enclosure would act as an acousticplance element, as the air
inside the enclosure is compressed and rarified. Often, howeverpastiaanaterial is added
inside the box to reduce standing waves, dissipate heat, and otlugrsredss adds a resistive
element to the acoustical lumped-element model. A non-ideal mod#ieokffect of the
enclosure actually adds an acoustical mass element to compgletesalumped-element circuit
given in Figure 1. For more on sealed enclosure design, s&e#hed Box Subwoofer Design

page.
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RHB M AB CAB
| |
|

\—/\/Wi_w

Figure 1. Sealed enclosure acoustic circuit.

In the case of a bass-reflex enclosure, a port is added to theucbas. Typically, the port is
cylindrical and is flanged on the end pointing outside the enclosurebdssareflex enclosure,
the amount of acoustic material used is usually much less thiaa se&led enclosure case, often
none at all. This allows air to flow freely through the port. ladtehe larger losses come from
the air leakage in the enclosure. With this setup, a lumped-+eiesceustical circuit has the

following form.

A RAD |

UD @ MAP CAB T RAL ;

M,, |
VYTV |

Figure 2. Bass-reflex enclosure acoustic circuit.

In this figure, Zrap represents the radiation impedance of the outside environment on the
loudspeaker diaphragm. The loading on the rear of the diaphragm maedhahen compared

to the sealed enclosure case. If one visualizes the movemenathan the enclosure, some of

the air is compressed and rarified by the compliance of thieseme, some leaks out of the
enclosure, and some flows out of the port. This explains the paraitédination ofMap, Cag,
andRa.. A truly realistic model would incorporate a radiation impedarfcé® port in series

with Map, but for now it is ignored. FinallyMag, the acoustical mass of the enclosure, is
included as discussed in the sealed enclosure case. The formitascalculate the enclosure

parameters are listed Appendix B

It is important to note the parallel combination Mipr and Cas. This forms a Helmholtz
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resonator ¢lick here for more informatign Physically, the port functions as the "neck" of the
resonator and the enclosure functions as the "cavity." In thés ttees resonator is driven from
the piston directly on the cavity instead of the typical Helmhodize where it is driven at the
"neck.” However, the same resonant behavior still occurs at thesare resonance frequency,
fs. At this frequency, the impedance seen by the loudspeaker diaplwdarge (see Figure 3
below). Thus, the load on the loudspeaker reduces the velocity flolioggh its mechanical
parameters, causing an anti-resonance condition where the dispiaadntiee diaphragm is a
minimum. Instead, the majority of the volume velocity is actualyitted by the port itself
instead of the loudspeaker. When this impedance is reflected tdettteical circuit, it is
proportional to 1 Z, thus a minimum in the impedance seen by the voice coil is.daglire 3
shows a plot of the impedance seen at the terminals of the loudsgdeatkes examplefs was
found to be about 40 Hz, which corresponds to the null in the voice-coil impedance.

Acaoustic Impedance Seen by Loudspeaker Diaphragm Electrical Impedance Seen by Loudspeaker Vaice Cail
10000 - - N R
Lt o 121 Real Part RRERREr R ELE b B - - -
anon b---- Real Part Lot : — — Imaginary Part 1
— — Imaginary Part | 1+ 1/ 1} : 10 p-mm NSRS R R N N ——
OO -t A o | i
4000 |- - e e = OSRE-JUPES E-
2000 f--neeeden s b Fomobodhododo L 1 L e S R i e i
o[ == —— [
Pl P 0 preeeeriee S——
2000 [--oocdee e bt |
oo [ L S R N N L.1JJ_______L___,__J___JI_{_:jIIL:L ______
-4000 L L - . L : /;
10 10 10 10 10 10
f(Hz) flHz)

Figure 3. Impedances seen by the loudspeaker diaphragm and voice coil.

Quantitative Analysis of Port on Enclosure

The performance of the loudspeaker is first measured by itsityelesponse, which can be
found directly from the equivalent circuit of the system. As thé gioaost loudspeaker designs
is to improve the bass response (leaving high-frequency productionveeter), low frequency

approximations will be made as much as possible to simplify tHgseaFirst, the inductance

of the voice coil Lg, can be ignored as long % < REK"LE. In a typical loudspeakekg is
of the order of 1 mH, whil&g is typically 8?c), thus an upper frequency limit is approxingétel
kHz for this approximation, which is certainly high enough for the frequency rangeiefst.

Another approximation involves the radiation impedar&gp. It can be shown [1] that this
value is given by the following equation (in acoustical ohms):

poC [(1 B Jll[Qkafl) _I_jHll[QkafJ]

LZRAD = —
’ Tl ka ka

il

WhereJ;(x) andH(x) are types of Bessel functions. For small valudsapf
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8(ka)? 8 pt
S S Zpap R
3T RAD =] 3rla

Ji(2ka) = ka 3" Hy(2ka) = = jMay

Hence, the low-frequency impedance on the loudspeaker is represatfiteah acoustic mass
Mai [1]. For a simple analysife, Mup, Cus, andRus (the transducer parameters, Tdnele-
Small parameters) are converted to their acoustical equivalents.c@iersions for all
parameters are given #ppendix A Then, the series mass&4,p, Ma1, andMpg, are lumped
together to creat®lac. This new circuit is shown below.

R,, M, Cs Ry
U, W "Wy
F Y UP UD v UL &
Bl <>
|/ 8aw 1
‘S:?RE . M AP CAB T RA;L §
I U

Figure 4. Low-Frequency Equivalent Acoustic Circuit

Unlike sealed enclosure analysis, there are multiple soureseduohe velocity that radiate to the
outside environment. Hence, the diaphragm volume velddiyis not analyzed but rathelp =

Up + Up + U. This essentially draws a "bubble™" around the enclosure andtlreatgstem as a
source with volume velocityo. This "lumped™” approach will only be valid for low frequencies,
but previous approximations have already limited the analysis kofeegquencies anyway. It can
be seen from the circuit that the volume velocity flowimtp the enclosurelUsg = ? U,
compresses the air inside the enclosure. Thus, the circuit modeyok 3 is valid and the
relationship relating input voltag¥,y to Uy may be computed.

In order to make the equations easier to understand, severalepenrsaare combined to form
other parameter names. Fireg andws, the enclosure and loudspeaker resonance frequencies,
respectively, are:

1 1

BT /MapCag °  /MacCas

Based on the nature of the derivation, it is convenient to defineatta@npterso, andh, the
Helmholtz tuning ratio:

wp = +/Wpllg h

A parameter known as tlwempliance ratio or volumeratio, a, is given by:
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Other parameters are combined to form what are knownahisy factors:

| Cag 1 [ Mac

— R f — ]
Gr=Ranhr, 9T BT RG Cus

This notation allows for a simpler expression for the resulting transfer funition [
Yo = G(s) = (s*/wp)
/ T (s/wo)t + aa(s/we)® + as(s fwg)? + ai(s/wp) + 1

v IN

1 1
o — 1 +vﬁ S Y 1 vh
Qrvh Qs

h + Qs = Qrsvh + Qr

Development of Low-Frequency Pressure Response

It can be shown [2] that fdta < 1 / 2, a loudspeaker behaves as a spherical source.aHere,
represents the radius of the loudspeaker. For a 15" diameter |okelspeaair, this low
frequency limit is about 150 Hz. For smaller loudspeakers, thig imesreases. This limit
dominates the limit which ignores, and is consistent with the limit that mod&jgp by Mas.

Within this limit, the loudspeaker emits a volume velodily as determined in the previous
section. For a simple spherical source with volume veldagitythe far-field pressure is given by

[1]:

E—jkr

Axr

It is possible to simply let = 1 for this analysis without loss of generality becauseamist is

only a function of the surroundings, not the loudspeaker. Also, becausarikéeitrfunction

magnitude is of primary interest, the exponential term, which hastya magnitude, is omitted.
Hence, the pressure response of the system is given by [1]:

p(r) = jwpalUp

P _ Pos Ug _ poBl
I’FIN A7 L’}N 4?(SDREﬂirAS

H(s)
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WhereH(s) = sG(s). In the following sections, design methods will focus Bifs) | 2 rather than
H(s), which is given by:

QS

H(s)|* =
() = 5 (@ 20y 0 + (@ 42— 2a1;) P & (@ — 2a3) P+ 1

Lt

0= —

n

This also implicitly ignores the constants in front f($) | since they simply scale the response
and do not affect the shape of the frequency response curve.

Alignments

A popular way to determine the ideal parameters has been thiteeigise of alignments. The
concept of alignments is based upon filter theory. Filter developsiannhethod of selecting the
poles (and possibly zeros) of a transfer function to meet aydartibesign criterion. The criteria
are the desired properties of a magnitude-squared transfer function, whichcasthis H(s) | .
From any of the design criteria, the poles (and possibly zerdsj(ef | ? are found, which can
then be used to calculate the numerator and denominator. This is timealbptansfer function,
which has coefficients that are matched to the parametek(s)f||* to compute the appropriate
values that will yield a design that meets the criteria.

There are many different types of filter designs, each whale trade-offs associated with
them. However, this design is limited because of the structyte(sf | %. In particular, it has the
structure of a fourth-order high-pass filter with all zeros at 0. Therefore, only those filter
design methods which produce a low-pass filter with only polesbailbcceptable methods to
use. From the traditional set of algorithms, only Butterworth andoydhev low-pass filters
have only poles. In addition, another type of filter called a quaseBuarth filter can also be
used, which has similar properties to a Butterworth filter. Thisse algorithms are fairly
simple, thus they are the most popular. When these low-pass diteexonverted to high-pass

filters, the® — 1/ yransformation produces in the numerator.

More details regarding filter theory and these relationshipseafound in numerous resources,
including [5].

Butterworth Alignment

The Butterworth algorithm is designed to haveaximally flat pass band. Since the slope of a
function corresponds to its derivatives, a flat function will have déves equal to zero. Since
as flat of a pass band as possible is optimal, the ideal funstibhave as many derivatives
equal to zero as possible @at= 0. Of course, if all derivatives were equal to zero, then the
function would be a constant, which performs no filtering.
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Often, it is better to examine what is called libss function. Loss is the reciprocal of gain, thus

1

H(s)| = 5
The loss function can be used to achieve the desired propertiethehdesired gain function is
recovered from the loss function.

Now, applying the desired Butterworth property of maximal pass-thamess, the loss function
is simply a polynomial with derivatives equal to zercsat 0. At the same time, the original
polynomial must be of degree eight (yielding a fourth-order function).extewy derivatives one
through seven can be equal to zero if [3]

. 1
2 s 2 _
[HQP =14+ = [HQ = 73 o
With the high-pass transformatit? — 1/9,
QS
2 —

2
It is convenient to defin€c) = o / wsgs, sinceQ =1= |H'f3:]| =094 .3 dB. This

defintion allows the matching of coefficients for theH(s) | > describing the loudspeaker
response whetsgs = ®o. From this matching, the following design equations are obtained [1]:

a.1=a.3=1.!,-’#4—|—2\/§ a.g=2+\/§

Quasi-Butterworth Alignment

The quasi-Butterworth alignments do not have as well-defined oligarnitm when compared
to the Butterworth alignment. The name "quasi-Butterworth" cofrms the fact that the
transfer functions for these responses appear similar to thevBurtie ones, with (in general)
the addition of terms in the denominator. This will be illustratedveeWhile there are many
types of quasi-Butterworth alignments, the simplest and most paputee 3rd order alignment
(@QB3). The comparison of the QB3 magnitude-squared response adansttit order

Butterworth is shown below.

5 'fid/b-?a.-.iB)J‘

Hops(w)]” = 2 2
|Hgpa(w)| (w/wagp)® + B?(w/wigs)? + 1

|z _ 'fOJ/D-fde}S
(w/wagg)® + 1

|HB4'be:J

Notice that the casB = 0 is the Butterworth alignment. The reason that this QBakent is
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called 3rd order is due to the fact thaBascreases, the slope approaches 3 dec/dec instead of 4
dec/dec, as in 4th order Butterworth. This phenomenon can be seen in Figure 5.

Gain (dE)

) [rédfs]l
Figure 5: 3rd-Order Quasi-Butterworth Response for 01<B <3

Equating the system respond#($) | 2 with | Hoss(S) |2, the equations guiding the design can be
found [1]:

B? = a.f — 2a, a.g + 2 = 2a,a; a3 =/ 2a, a, > 2+ »./5
Chebyshev Alignment

The Chebyshev algorithm is an alternative to the Butterworthritdign For the Chebyshev
response, the maximally-flat passband restriction is abandoned. Ngupje or fluctuation is
allowed in the pass band. This allows a steeper transition or fdlb-afccur. In this type of
application, the low-frequency response of the loudspeaker can be extelyded what can be
achieved by Butterworth-type filters. An example plot of a Chedydigh-pass response with
0.5 dB of ripple against a Butterworth high-pass response for thessggnie shown below.
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Figure 6: Chebyshev vs. Butterworth High-Pass Response.

The Chebyshev response is defined by [4]:
H(j) =1+ €Cr(Q)
Cn(?¢)) is called th€hebyshev polynomial and is defined by [4]:
() = | cosfhcos’ {(?2¢))] | ?¢) | <1
coshhcosh’ }(?c))] | 2¢) | > 1
Fortunately, Chebyshev polynomials satisfy a simple recursion formula [4]:
Cox)=1 Ci(¥) =x Ch(X) = 2XCn21?Ch22

For more information on Chebyshev polynomials, seeWdfram Mathworld: Chebyshev
Polynomialspage.

T2
When applying the high-pass transformation to the 4th order for,lH,UQH , the desired
response has the form [1]:

. 2 1‘|‘EE
HUDF = 1 e
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The parameter determines the ripple. In particular, the magnitude of the ripplelog[1 + £7]
dB and can be chosen by the designer, similaB to the quasi-Butterworth case. Using the
recursion formula fo€p(x),

o(3)-s(3)' 5@+

Applying this equation toHi(j?c)) [* [1],

2 Heos
= |H|{Q::||— = - = : fle-
B 0S4 105+ 20— 202 4+ 1
= _ Wade f
W = 2442422+ =
(R 2 _I_ _I_ V —I_ EE
Thus, the design equations become [1]:
f_
| B4e? 1 ] 1 2
Wp = Wh 13'{1 e k = tanh L—ls'mh_l (Eﬂ D= K+ 6; +1
_ky4+2v2 N E R E) R N P e
“TTND D TUD| T 22

Choosing the Correct Alignment

With all the equations that have already been presented, théoguesturally arises, "Which
one should | choose?" Notice that the coefficiemisa,, andasz are not simply related to the
parameters of the system response. Certain combinations of pensamety indeed invalidate
one or more of the alignments because they cannot realize the necessargstsefVith this in
mind, general guidelines have been developed to guide the selectitme cdppropriate
alignment. This is very useful if one is designing an enclosuseit a particular transducer that
cannot be changed.

The general guideline for the Butterworth alignment focuse§o@and Qrs. Since the three
coefficientsa;, ap, andas are a function of),, Qrs, h, anda, fixing one of these parameters
yields three equations that uniquely determine the other threbelnase where a particular
transducer is already giveQys is essentially fixed. If the desired parameters of théosuare are
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already known, the, is a better starting point.

In the case that the rigid requirements of the Butterwortmmkgnt cannot be satisfied, the
guasi-Butterworth alignment is often applied whess is not large enough.. The addition of
another parametel, allows more flexibility in the design.

For Qs values that are too large for the Butterworth alignment, the yShels alignment is
typically chosen. However, the steep transition of the Chebyshgnradnt may also be utilized
to attempt to extend the bass response of the loudspeaker in the/teasethe transducer
properties can be changed.

In addition to these three popular alignments, research continuesarethef developing new
algorithms that can manipulate the low-frequency response of gserdidex enclosure. For
example, a 5th order quasi-Butterworth alignment has been developéadfier example [7]

applies root-locus techniques to achieve results. In the moderrf hgghgowered computing,
other researchers have focused their efforts in creating comzpdteptimization algorithms
that can be modified to achieve a flatter response with sharpfral introduce quasi-ripples
which provide a boost in sub-bass frequencies [8].
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Appendix A: Equivalent Circuit Parameters

Name

Electrical Equivalent

Mechanical Equivalent

Acousical Equivalent

\Voice-Coil
Resistance

Re

(BL)?
Rg

RM’E =

Driver
(Speaker)
IMass

SeeCyec

{Mmp

Driver
(Speaker)
Suspension
Compliance

Lces = (Bl)*Cus

Cwms

Driver
(Speaker)
Suspension
Resistance

Rus

Enclosure
Compliance

Cag
%

CILIB =

Cas

Enclosure
Air-Leak
Losses

RM’L = S,EDRAL

Acoustic
IMass of Port

Myp = SpMap

Map

Enclosure
IMass Load

SeeMyc

Mag

Low-
Frequency
Radiation
[IMass Load

SeeCwvec

SeeMuc

Combination
Mass Load

S2 Mo

CILIEC =

(BL

Muyc =S5 (Mag+ M)

85




_ Sp(Map+ May) + Myp
- (Bl

Appendix B: Enclosure Parameter Formulas

Figure 7: Important dimensions of bass-reflex enclosure.

Based on these dimensions [1],

V Bp,
Cap = A.g Mg = Peff
Poch Ta

d/Spy? [# 8 SD} (
- ([=) 1 1 == < Do < 1—
B 3(SB>VSD+3$T|:1 SB 0= Peif = PO
Vi 7—1
Vis = Va 1= =24 14— —
B - +ﬂ'r. (ﬁ N 1) ij:z;;m

Vg = hwd (inside enclosure volume) mounted on)
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Viin

Viin
) + Priu v
B

Ve

S = wh (inside area of the side the speaker is



Car = specific heat of air at constant volume i = specific heat of filling at constant volume

(Viilling)
po = mean density of air (about 1.3 &u) prin = density of filling
y = ratio of specific heats for air (1.4) Co = speed of sound in air (about 344 m/s)

peit = effective density of enclosure. If little or no filling (@ptable assumption in a bass-reflex
system but not for sealed enclosurPeff = Fo
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New Acoustic Filter For Ultrasonics Media

Introduction

Acoustic filters are used in many devices such as mufflerseramntrol materials (absorptive
and reactive), and loudspeaker systems to name a few. Although ke masimple (single-
medium) acoustic filters usually travel in gases such aandircarbon-monoxide (in the case of
automobile mufflers) or in materials such as fiberglass, polirdeye fluoride (PVDF) film, or
polyethylene (Saran Wrap), there are also filters that cawpler three distinct media together
to achieve a desired acoustic response. General information abowdzasstic filter design can
be perused at the following wikibook pag&cpustic Filter Design & ImplementatipnThe
focus of this article will be on acoustic filters that use nayler air/polymer film-coupled media
as its acoustic medium for sound waves to propagate through; conchitlingn example of
how these filters can be used to detect and extrapolate audioncgguéormation in high-
frequency "carrier" waves that carry an audio signal. Howevérrégetting into these specific
type of acoustic filters, we need to briefly discuss how sound wanesact with the
medium(media) in which it travels and how these factors can play a roledebigming acoustic
filters.

Changes in Media Properties Due to Sound Wave
Characteristics

As with any system being designed, the filter response aeaistics of an acoustic filter are
tailored based on the frequency spectrum of the input signal aneghreddoutput. The input
signal may be infrasonic (frequencies below human hearing), §oaguencies within human
hearing range), or ultrasonic (frequencies above human heage)r In addition to the
frequency content of the input signal, the density, and, thus, the @hetac impedance of the
medium (media) being used in the acoustic filter must alsoklea iato account. In general, the

characteristic impedamZDfor a particular medium is expressed as...
Zy=*tpgc (Pa-s/m)

where

. 3
£P0 = (equilibrium density of medium (kg/m”)
(m/s)

C = speed of sound in nedium

The characteristic impedance is important because this valudtasieously gives an idea of
how fast or slow particles will travel as well as how muchssns "weighting down" the
particles in the medium (per unit area or volume) when theyxaited by a sound source. The
speed in which sound travels in the medium needs to be taken into camsrdeecause this
factor can ultimately affect the time response of the f{iter the output of the filter may not

radiate or attentuate sound fast or slow enough if not designed gjopée intensityIA of a
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sound wave is expressed as...

1T P2
IA=T/D.pu dt — +

2pgC (T-i-’/mzj'

Liis interpreted as the (time-averaged) rate of energy trasgmiof a sound wave through a
unit area normal to the direction of propagation, and this pararsedtso an important factor in
acoustic filter design because the characteristic propesfigbe given medium can change
relative to intensity of the sound wave traveling through it. Inrotverds, the reaction of the
particles (atoms or molecules) that make up the medium vefored differently when the
intensity of the sound wave is very high or very small relatvihe size of the control area (i.e.
dimensions of the filter, in this case). Other properties suchhaselasticity and mean
propagation velocity (of a sound wave) can change in the acoustinmmas well, but focusing
on frequency, impedance, and/or intensity in the design process uskallycare of these other
parameters because most of them will inevitably be dependent afoteenentioned properties
of the medium.

Why Coupled Acoustic Media in Acoustic Filters?

In acoustic transducers, media coupling is employed in acoustgdtreers to either increase or
decrease the impedance of the transducer, and, thus, control thiyirrtedspeed of the signal
acting on the transducer while converting the incident wave, aalieixcitation sound wave,
from one form of energy to another (e.g. converting acoustic ertergglectrical energy).
Specifically, the impedance of the transducer is augmented byingsarsolid structure (not
necessarily rigid) between the transducer and the initial patpagmedium (e.g. air). The
reflective properties of the inserted medium is exploited to reitmrease or decrease the
intensity and propagation speed of the incident sound wave. It ibithe @ alter, and to some
extent, control, the impedance of a propagation medium by (periodivalgjting (a) solid
structure(s) such as thin, flexible films in the original medigar) and its ability to
concomitantly alter the frequency response of the original mediatmiakes use of multilayer

media in acoustic filters attractive. The reflection facad transmission factcF and T,
respectively, between two media, expressed as...

__ pressure of reflected portion of incident ware  pc — Z,

R
pressure of incident wave pc+ Zin
7 pressure of transmitted portion of incident wave 1+ R
and pressure of incident wave

are the tangible values that tell how much of the incident visJeeing reflected from and

transmitted through the junction where the media meet. Notezin is the (total) input
impedance seen by the incident sound wave upon just entering an aaesalgdic media layer.
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In the case of multiple air-columns as shown in FigZir; is the aggregate impedance of each
air-column layer seen by the incident wave at the input. Befoig. 1, a simple illustration
explains what happens when an incident sound wave propagating in mediumd @Qnaes in
contact with medium (2) at the junction of the both media (x=0), wtlexesound waves are
represented by vectors.

>
>

1

v

ANANARRRRNERNR RN ARAARRNNRUNNNNANAN

x
n
o

Fig. 1
[llustration of How Incident, Reflected, and Transmitted Are Related

As mentioned above, an example of three such successive air-colistia media layers is
shown in Fig. 2 and the electroacoustic equivalent circuit for Fig.shown in Fig. 3 where

L = pshe - (density of solid material)(thickness of solid material) =t-anéa (or volume)

mass, £ = PC =characteristic acoustic impedance of medium, B=k=w/c=
wavenumber. Note that in the case of a multilayer, coupled acoustiarma an acoustic filter,
the impedance of each air-solid section is calculated by ukandollowing general purpose
impedance ratio equation (also referred to as transfer matrices)...

Z, (%) + 7 tan(kd)
Zy 1 + 3 (%) tan(kd)

where Zb s the (known) impedance at the edge of the solid of an airdsgidt (on the right)
and Za is the (unknown) impedance at the edge of the air column of an air-solid layer.
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Equivalent Circuit of Coupled Acoustic Media Layers

Effects of High-Intensity, Ultrasonic Waves in Acoustic
Media in Audio Frequency Spectrum

When an ultrasonic wave is used as a carrier to transmit aedjoehcies, three audio effects
are associated with extrapolating the audio frequency infasmdtom the carrier wave: (a)
beating effects, (b) parametric array effects, and (c) radiatesspre.

Beating occurs when two ultrasonic waves with distinct freqesi fl and f propagate in the
same direction, resulting in amplitude variations which consequerdke nthe audio signal

information go in and out of phase, or "beat", at a frequen ufl - f?.

Parametric array effects occur when the intensity of aasdahic wave is so high in a particular
medium that the high displacements of particles (atoms) per myale changes properties of
that medium so that it influences parameters like elastdéysity, propagation velocity, etc. in
a non-linear fashion. The results of parametric array effectsnodulated, high-intensity,
ultrasonic waves in a particular medium (or coupled media) igegheration and propagation of
audio frequency waves (not necessarily present in the originab awofdirmation) that are
generated in a manner similar to the nonlinear process of adgldemodulation commonly
inherent in diode circuits (when diodes are forward biased).

91



Another audio effect that arises from high-intensity ultrasoe&nis of sound is a static (DC)

pressure called radiation pressure. Radiation pressure is dimdarametric array effects in that

amplitude variations in the signal give rise to audible frequentgeamplitude demodulation.

However, unlike parametric array effects, radiation pressuréufitions that generate audible

signals from amplitude demodulation can occur due to any low-frequendulation and not

just from pressure fluctuations occurring at the modulation frequ¥as por beating frequency
1— fa

An Application of Coupled Media in Acoustic Filters

Removed when electrostate ultrasomic
Acoustic filter tranaduger was wsed for replacement of

Electrostatic ulir

ransducer v
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Fig 4. Test Setup For
Transmission Factor VS. Frequency For Acoustic Filter
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Figs. 1 - 3 were all from a research paper entitled/ Type of Acoustics Filter Using Periodic
Polymer Layers for Measuring Audio Signal Components ExcitedAimplitude-Modulated
High_Intensity Ultrasonic Waveabmitted to the Audio Engineering Society (AES) by Minoru
Todo, Primary Innovator at Measurement Specialties, Inc., in theb@cR005 edition of the
AES Journal. Figs. 4 and 5 below, also from this paper, are illustsadif test setups referred to
in this paper. Specifically, Fig. 4 is a test setup used to nmee#tsaitransmission (of an incident
ultrasonic sound wave) through the acoustic filter described by Figad 2. Fig. 5 is a block
diagram of the test setup used for measuring radiation pressweofothe audio effects
mentioned in the previous section. It turns out that out of all of the audio effentoned in the
previous section that are caused by high-intensity ultrasonic waweeagating in a medium,
sound waves produced from radiated pressure are the hardest tondheeanicrophones and
preamplifiers are used in the detection/receiver system. Althooigimear noise artifacts occur
due to overloading of the preamplifier present in the detection/sxcgystem, the bulk of the
nonlinear noise comes from the inherent nonlinear noise propertiesmphmones. This is true
because all microphones, even specialized measurement microphomgedider audio
spectrum measurements that have sensitivity well beyond the tlreshdbhearing, have
nonlinearities artifacts that (periodically) increase in miagi@ with respect to increase at
ultrasonic frequencies. These nonlinearities essentially nieskadiation pressure generated
because the magnitude of these nonlinearities are orders oftntgggreater than the radiation
pressure. The acoustic (low-pass) filter referred to in this paper wigaelk# order to filter out
the "detrimental" ultrasonic wave that was inducing high nonlineare narifacts in the
measurement microphones. The high-intensity, ultrasonic wave was pipdadiation pressure
(which is audible) within the initial acoustic medium (i.e. airy. fdtering out the ultrasonic
wave, the measurement microphone would only detect the audible radiagsuner that the
ultrasonic wave was producing in air. Acoustic filters like thesald possibly be used to
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detect/receive any high-intensity, ultrasonic signal that ozeiy audio information which may
need to be extrapolated with an acceptable level of fidelity.
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Noise in Hydraulic Systems

Noise in Hydraulic Systems

Hydraulic systems are the most preferred source of powentisgien in most of the industrial
and mobile equipments due to their power denstiy, compactness, flexiatit response and
efficiency. The field hydraulics and pneumatics is also knowr-asd Power Technology'.
Fluid power systems have a wide range of applications which inchdigstrial, off-road
vehicles, automotive system and aircrafts. But, one of the main prebigth the hydraulic
systems is the noise generated by them. The health andisatety relating to noise have been
recognized for many years and legislation is now placing cdemands on manufacturers to
reduce noise levels [1]. Hence, noise reduction in hydraulic sysilemands lot of attention
from the industrial as well as academic researchersetlsna good understanding of how the
noise is generated and propagated in a hydraulic system in order to reduce it.

Sound in fluids
The speed of sound in fluids can be determined using the following relation.
[K
C = IlI —
\4' F where K - fluid bulk modulusy- fluid density, ¢ - velocity of sound

Typical value of bulk modulus range frae9 to 2.5e9 N/m2For a particular oil, with a density
of 889 kg/m3

c=/——=1499.9m/s
speed of soun \4' 889

Source of Noise

The main source of noise in hydraulic systems is the pump whichesigpt flow. Most of the
pumps used are positive displacement pumps. Of the positive dispalqamgrg, axial piston
swash plate type is mostly preferred due to their controllability andesiti.

The noise generation in an axial piston pump can be classifeid undecategories (i)
fluidborne nose and

(if) Structureborne noise

Fluidborne Noise (FBN)
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Among the positive displacement pumps, highest levels of FBN areafethdy axial piston
pumps and lowest levels by screw pumps and in between these drténeal gear pump and
vane pump [1]. The discussion in this page is mainly focuseakiah piston swash plate type

pumps. An axial piston pump has a fixed number of displacement chambarsged in a
. 360

circular pattern seperated from each other by an angular pjtch ®© i where n is the
number of displacement chambers. As each chamber dischargesfia sptume of fluid, the
discharge at the pump outlet is sum of all the discharge fronnttiadual chambers. The
discontinuity in flow between adjacent chambers results in a kindow ripple. The amplitude
of the kinematic ripple can be theoretical determined givenizleeo$ the pump and the number
of displament chambers. The kinematic ripple is the main cauieedfuidborne noise. The
kinematic ripples is a theoretical value. The acticaV ripple at the pump outlet is much larger
than the theoretical value because kiveematic ripple is combined with acompressibility
component which is due to the fluid compressibility. These ripples (alderned as flow
pulsations) generated at the pump are transmitted through thergdiprilde hose connected to
the pump and travel to all parts of the hydraulic circuit.

The pump is considered an ideal flow source. The pressure in tieensysll be decided by
resistance to the flow or otherwise known as system load. Thepflitsations result in pressure
pulsations. The pressure pulsations are supreimposed on the mean mesieume. Both the
flow and pressure pulsationseasily travel to all part of the circuit and affect the genfance of
the components like control valve and actuators in the system andtimeagemponent vibrate,
sometimes even resonate. This vibration of system components atiésnoide generated by
the flow pulsations. The transmission of FBN in the circuit isudised under transmission
below.

A typical axial piston pump with 9 pistons running at 1000 rpm can prodsoeirad pressure
level of more than 70 dBs.

Structure borne Noise (SBN)

In swash plate type pumps, the main sources of the structureborne noise aictuherfy forces
and moments of the swas plate. These fluctuating forcesaarigeesult of the varying pressure
inside the displacement chamber. As the displacing elements mmwe sfiction stroke to
discharge stroke, the pressure varies accordingly from few toafew hundred bars. This
pressure changes are reflected on the displacement elemethis Gase, pistons) as forces and
these force are exerted on the swash plate causing the swateshopVibrate. This vibration of
the swash plate is the main causestofictureborne noise There are other components in the
system which also vibrate and lead to structureborne noise, but thelh ssvahe major
contributor.
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€ noise Fig. 1
shows an exploded view of axial piston pump. Also the flow fmations and the oscillating

forces on the swash plate, which cause FBN and SBN respeely are shown for one
revolution of the pump.

Transmission
FBN

The transmission of FBN is a complex phenomenon. Over the pastefeadeas, considerable
amount of research had gone into mathematical modeling of pressliffow transient in the

circuit. This involves the solution of wave equations, with piping tceate a distributed
parameter system known as a transmission line [1] & [3].

Lets consider a simple pump-pipe-loading valve circuit as showngin2-iThe pressure and
flow ripple at ay location in the pipe can be described by the relations:

where A and B are frequency dependent complex coefficients which are directpogional
to pump (source) flow ripple, but also functions of the source impech;echaracteristic
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impedance of the pipZDand the termination impedanzt . These impedances ,usually vary as
the system operating pressure and flow rate changes, can be determinieceexaky.

- ”~ ~ ' iRcidaf
FLmn

L ! fFig.2 Schematic of a pump

1
[~1

i (1 L1 JFig.3 Impedance representation of
pump-pipe-valve system

For complex systems with several system compenents, the neremsd flow ripples are

estimated using the tranformation matrix approach. For this, thensysompenents can be
treated as lumped impedances (a throttle valve or accumulatodistaubuted impedances
(flexible hose or silencer). Variuos software packages aréabl@atoday to predict the pressure
pulsations.

SBN

The transmission of SBN follows the classic source-path-noise Imblde vibrations of the

swash plate, the main cause of SBN, is transfered to the punmg easich encloses all the
rotating group in the pump including displacement chambers (also knowylimder block),

pistons and the swash plate. The pump case, apart from vibratiigtigsesfers the vibration

down to the mount on which the pump is mounted. The mount then passes the vibrations down to
the main mounted structure or the vehicle. Thus the SBN is trathdfera the swash plate to

the main strucuture or vehicle via pumpcasing and mount.

Some of the machine structures, along the path of transmisseogoad at transmitting this
vribational energy and they even resonate and reinforce it. By ¢mgvenly a fraction of 1%
of the pump structureborne noise into sound, a member in the transmissiccopla radiate
more ABN than the pump itself [4].

Airborne noise (ABN)

Both FBN and SBN , impart high fatigue loads on the system compoardtsnake them
vibrate. All of these vibrations are radiated aadorne noise and can be heard by a human
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operator. Also, the flow and pressure pulsations make the system cartgpsneh as a control
valve to resonate. This vibration of the particular component again radiates aitbs@e

Noise reduction

The reduction of the noise radiated from the hydraulic system can be approacheevaysy

(i) Reduction at Source- which is the reduction of noise at the pump. A large amount of open
literature are availbale on the reduction techniques with sochaitpies focusing on reducing
FBN at source and others focusing on SBN. Reduction in FBN and SBNsaiutee has a large
influence on the ABN that is radiated. Even though, a lot of progeseen made in reducing
the FBN and SBN separately, the problem of noise in hydarulieragsis not fully solved and
lot need to be done. The reason is that the FBN and SBN are edeilata sense that, if one
tried to reduce the FBN at the pump, it tends to affect the $Bkacteristics. Currently, one of
the main researches in noise reduction in pumps, is a systapptmach in understanding the
coupling between FBN and SBN and targeting them simultaneousbathsf treating them as
two separte sources. Such an unified approach, demands not only invelll tresearchers but
also sophisticated computer based mathematical model of the pumpcahielecurately output
the necessary results for optimization of pump design.

(i) Reduction at Component level which focuses on the reduction of noise from individual
component like hose, control valve, pump mounts and fixtures. This can bepéisbech by a
suitable design modification of the component so that it radiates Braount of noise.
Optimization using computer based models can be one of the ways.
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Hydraulic System noise

T Drieeeas 8
TGN

'Siii'li:ildlicli'l F|g 4
Domain of hydraulic system noise generation and transmission (Figure nexated from [1])
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Basic Acoustics of the Marimba

Introduction

One of my favorite instruments is the marimba. Like a xylophormaaamba has octaves of
wooden bars that are struck with mallets to produce tones. Unlike tsh baund of a
xylophone, a marimba produces a deep, rich tone. Marimbas are not umec@nchare played
in most high school bands. Now, while all the trumpet and flute andhelgplayers are busy
tuning up their instruments, the marimba player is back in the peyousection with her feet up
just relaxing. This is a bit surprising, however, since the miziis a melodic instrument that
needs to be in tune to sound good. So what gives? Why is the marimb&uned® How would
you even go about tuning a marimba? To answer these questionsotisticacbehind (or
within) a marimba must be understood.

Components of Sound

What gives the marimba its unique sound? It can be boiled down to two cartgpche bars
and the resonators. Typically, the bars are made of rosewood (er sorthetic version of
wood). They are cut to size depending on what note is desired, thé&mihg is refined by
shaving wood from the underside of the bar.
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Example

***Rosewood bar, mddle C, 1 cmthick***

The equation that relates the Iength of the bar with the desired
frequency comes fromthe theory of nbdeling a bar that is free at

both ends. This theory yields the follow ng equation:

3.0112-7w-t-¢
Length = — c
* k% 8 ) 12 ) '}c‘ * k% %

where t is the thickness of the bar, ¢ is the speed of sound in the bar

and f is the frequency of the note.

***For rosewood, ¢ = 5217 mls. For mddle C, f=262 Hz.***

Therefore, to nake a mddle C key for a rosewbod nari nba, cut the bar to be:

[ 2
/3.011% -« - .01 - 5217
Length = v’ el

45m = 4hem

8-12- 262 '

The resonators are made from metal (usually aluminum) andehgihs also differ depending
on the desired note. It is important to know that each resonator is oientep but closed by a
stopper at the bottom end.

* k *
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Example
*** Al um num resonator, mddle C-**

The equation that relates the I ength of the resonator with the
desired frequency cones from nodeling the resonator as a pipe

that is driven at one end and closed at the other end. A "driven"
pi pe is one that has a source of excitation (in this case, the

vi brating key) at one end. This nodel yields the foll ow ng:

C
Length = —;
** * En’g 4'f***

where ¢ is the speed of sound in air and f is the frequency of the note.

***For air, ¢ = 343 ms. For mddle C, f = 262 Hz.***

Therefore, to nake a resonator for the niddle C key, the resonator I|ength
shoul d be:

343
4- 262
Resonator Shape

Length = = .32Tm = 32.Tem

* * %

The shape of the resonator is an important factor in determimenguiality of sound that can be
produced. The ideal shape is a sphere. This is modeled by the Helmdsolhator. (For more
seeHelmholtz Resonator papélowever, mounting big, round, beach ball-like resonators under
the keys is typically impractical. The worst choices for resonaterscuare or oval tubes. These
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shapes amplify the non-harmonic pitches sometimes referred jorkspgitches". The round
tube is typically chosen because it does the best job (aside Hegphere) at amplifying the
desired harmonic and not much else.

As mentioned in the second example above, the resonator on a maaimba modeled by a
closed pipe. This model can be used to predict what type of soundndutich vs dull) the
marimba will produce. As shown in the following figure, each pipe'iguarter wave resonator”
that amplifies the sound waves produced by of the bar. This means that in gnabetutce a full,
rich sound, the length of the resonator must exactly match onetgoitte wavelength. If the
length is off, the marimba will produce a dull or off-key sound for that note.

— pressure
generator
{sound from
the key)

| L = 1/4 wavelength

all¥

. closed

Why would the marimba need tuning?

In the theoretical world where it is always 72 degrees l@ithhumidity, a marimba would not
need tuning. But, since weather can be a factor (especialthdganarching band) marimbas do
not always perform the same way. Hot and cold weather can vwaalc on all kinds of
percussion instruments, and the marimba is no exception. On hot daygrimdantends to be
sharp and for cold days it tends to be flat. This is the exact eppdsivhat happens to string
instruments. Why? The tone of a string instrument depends mainhederision in the string,
which decreases as the string expands with heat. The deoreassion leads to a flat note.
Marimbas on the other hand produce sound by moving air through the resoRla¢ospeed at
which this air is moved is the speed of sound, which varies proportionatblyewiperature! So,
as the temperature increases, so does the speed of sound. Fromtiba gyem in example 2
from above, you can see that an increase in the speed of soundrfs)arieager pipe is needed
to resonate the same note. If the length of the resonator imareased, the note will sound
sharp. Now, the heat can also cause the wooden bars to expand, but the effect of th@agpans
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insignificant compared to the effect of the change in the speed of sound.

Tuning Myths

It is a common myth among percussionists that the marimba damdx by simply moving the
resonators up or down (while the bars remain in the same positlom thdught behind this is
that by moving the resonators down, for example, you are in éfegthening them. While this
may sound like sound reasoning, it actually does not hold true in prahigging by how the
marimba is constructed (cutting bars and resonators to specifithk), it seems that there are
really two options to consider when looking to tune a marimba: shave saud off the
underside of the bars, or change the length of the resonator. For oleasoss, shaving wood
off the keys every time the weather changes is not a practicsibsolTherefore, the only option
left is to change the length of the resonator. As mentioned abagk resonator is plugged by a
stopper at the bottom end. So, by simply shoving the stopper farther pipé¢hgou can shorten
the resonator and sharpen the note. Conversely, pushing the stopper down the fiaptecahe
note. Most marimbas do not come with tunable resonators, so this paaedse a little
challenging. (Broomsticks and hammers are common tools of the trade.)

Example
***M ddl e C Resonator |engthened by 1 cnr**
For ideal conditions, the ength of the mddle C (262 Hz) resonator should be

32.7 cmas shown in exanple 2. Therefore, the change in frequency for this

resonator due to a change in length is given by:

4l
AFrequency = 262Hz —
pee o TEQHERCY 1. (3271 AL)...
If the length is increased by 1 cm the change in frequency will be:
343
AFrequency = —262Hz=7.5Hz
” requericy 1. (.32?_'_.01:] D "
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The acoustics behind the tuning a marimba go back to the desigmat¢hatesonator is to be ?/4
of the total wavelength of the desired note. When marimbas get dubhef this length is no
longer exactly equal to ?/4 the wavelength due to the lengthensigpdening of the resonator
as described above. Because the length has changed, resonamdeniger achieved, and the
tone can become muffled or off-key.

Conclusions

Some marimba builders are now changing their designs to inalodblé resonators. Since any
leak in the end-seal will cause major loss of volume and richness of the tomeptiossng to be

a very difficult task. At least now, though, armed with the acous#ickground of their
instruments, percussionists everywhere will now have something tdeio thve conductor says,
"tune up!"

Links and Referneces

1. http://www.gppercussion.com/html/resonators.html

2. http://www.mostlymarimba.com/

3. http://www.outback.chi.il.us/~bonnysu/craftymusicteachers/bassmarimdba/htmi
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How an Acoustic Guitar works

Introduction

sound vibrations that contribute to sound production. First of all, therbeagtrings. Any string
that is under tension will vibrate at a certain frequency. Thghvand length of the string, the
tension in the string, and the compliance of the string deterrhmdréquency at which it
vibrates. The guitar controls the length and tension of six diffgremtighted strings to cover a
very wide range of frequencies. Second, there is the body of tter.gline guitar body is
connected directly to one end of each of the strings. The bodiyesdbe vibrations of the
strings and transmits them to the air around the body. It is thé’trollylarge surface area that
allows it to "push” a lot more air than a string. Finally, therthe air inside the body. This is
very important for the lower frequencies of the guitar. The aissrjust inside the sound hole
oscillates, compressing and decompressing the compliant air ith&@deody. In practice this
concept is called a Helmholtz resonator. Without this, it would difftocuproduce the wonderful
timbre of the guitar.

Body

Frets

Strings

Eridge

Soundhole

The Strings

The strings of the guitar vary in linear density, length, anddangihis gives the guitar a wide
range of attainable frequencies. The larger the linear gieissithe slower the string vibrates.
The same goes for the length; the longer the string is ¢theeslit vibrates. This causes a low
frequency. Inversely, if the strings are less dense and/or stiwetecreate a higher frequency.
The resonance frequencies of the strings can be calculated by
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2 T = 3tring tension
b= Linear density
2L L = 3tring length

”j‘ﬂl:

The string length, L, in the equation is what changes when a&rpfagsses on a string at a
certain fret. This will shorten the string which in turn incesathe frequency it produces when
plucked. The spacing of these frets is important. The length fnenmut to bridge determines
how much space goes between each fret. If the length is 25 inchethehmsition of the first
fret should be located (25/17.817) inches from the nut. Then the secostidudd be located
(25-(25/17.817))/17.817 inches from the first fret. This results in the equation

i ki i = 3pacinig hetween frets
pacing
- 17.817 L = Letigth from previous fret to bridge

When a string is plucked, a disturbance is formed and travels in bethialxs away from point
where the string was plucked. These "waves" travel at alspaeis related to the tension and
linear density and can be calculated by

T ¢ = Wave speed
o= — T = Btring tension
i £y= Linear density

The waves travel until they reach the boundaries on each end wheerdheflected back. The
link below displays how the waves propagate in a string.

Plucked String @ www.phys.unsw.edu

The strings themselves do not produce very much sound because tlseythne They can't
"push” the air that surrounds them very effectively. This is tiley are connected to the top
plate of the guitar body. They need to transfer the frequenusgsare producing to a large
surface area which can create more intense pressure disturbances.

The Body

The body of the guitar transfers the vibrations of the bridge taithtdat surrounds it. The top
plate contributes to most of the pressure disturbances, becauseyéradplapens the back plate
and the sides are relatively stiff. This is why it is impottto make the top plate out of a light
springy wood, like spruce. The more the top plate can vibrate, the Ithedsound it produces
will be. It is also important to keep the top plate flat, so &sef braces are located on the
inside to strengthen it. Without these braces the top plate would bermdagkdunder the large
stress created by the tension in the strings. This would disct #fie magnitude of the sound
being transmitted. The warped plate would not be able to "push" aireticiently. A good
experiment to try, in order to see how important this part of thirgis in the amplification
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process, is as follows:

1. Start with an ordinary rubber band, a large bowl, adhesive tape, and plastic wrap.

2. Stretch the rubber band and pluck it a few times to get a good sense for how loud it is.
3. Stretch the plastic wrap over the bowl to form a sort of drum.

4. Tape down one end of the rubber band to the plastic wrap.

5. Stretch the rubber band and pluck it a few times.

6. The sound should be much louder than before.

The Air

The final part of the guitar is the air inside the body. This is very impodathé lower range of
the instrument. The air just inside the soundhole oscillates comgemsil expanding the air
inside the body. This is just like blowing across the top of a batitklistening to the tone it
produces. This forms what is called a Helmholtz resonator. For imforenation on Helmholtz
resonators go tblelmholtz Resonancdhis link also shows the correlation to acoustic guitars in
great detail. The acoustic guitar makers often tune these tesorta have a resonance
frequency between F#2 and A2 (92.5 to 110.0 Hz). Having such a low resdreanency is
what aids the amplification of the lower frequency strings. Toatestrate the importance of the
air in the cavity, simply play an open A on the guitar (the secaimgjstNow, as the string is
vibrating, place a peice of cardboard over the soundhole. The sound levetiused
dramatically. This is because you've stopped the vibration of thenass just inside the
soundhole, causing only the top plate to vibrate. Although the top platebsates a transmitts
sound, it isn't as effective at transmitting lower frequency wdkas the need for the Helmholtz
resonator.
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Specific application-automobile muffler

General information about Automobile muffler

Introduction

A muffler is a part of the exhaust system on an automobile that play$ elatdt needs to have
modes that are located away from the frequencies that tiveeesgerates at, whether the engine
be idling or running at the maximum amount of revolutions per second.Aemtlfat affects an
automobile in a negative way is one that causes noise or discontfibet the car engine is
running.Inside a muffler, you'll find a deceptively simple setubks with some holes in them.
These tubes and chambers are actually as finely tuned as ealmustrument. They are
designed to reflect the sound waves produced by the engine in suai that they partially
cancel themselves out.( cited from www.howstuffworks.com )

It is very important to have it on the automobile. The legal lioriteikhaust noise in the state of
California is 95dB (A) - CA. V.C. 27151 .Without a muffler the typical exhaust noise would
exceed 110dB.A conventional car muffler is capable of limiting ntwsabout 90 dB. The
active-noise canceling muffler enables cancellation of exhause rtoisa wide range of
frequencies.

The Configuration of A automobile muffler
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How Does automobile muffler function?

General Concept

The simple and main part of designing the automobile mufflep issé the low-pass filter. It
typically makes use of the change of the cross sectiormdriea can be made as a chamber to
filter or reduce the sound wave which the engine produced.

Low Pass Filter
the formula to be used:

Human ear sound reaction feature

When these pressure pulses reach your ear, the eardrum vibreiteandaforth. Your brain
interprets this motion as sound. Two main characteristics of the watermine how we
perceive the sound:

1.sound wave frequency. 2.air wave pressure amplitude.

It turns out that it is possible to add two or more sound waves together and get less sound.
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Discription of the muffler to cancle the noise

The key thing about sound waves is that the result at your da &iin of all the sound waves
hitting your ear at that time. If you are listening to a bandn eékieugh you may hear several
distinct sources of sound, the pressure waves hitting your ear draaidaibgether, so your ear
drum only feels one pressure at any given moment. Now comes thpactiolt is possible to
produce a sound wave that is exactly the opposite of another waves Thes basis for those
noise-canceling headphones you may have seen. Take a look gutieebielow. The wave on
top and the second wave are both pure tones. If the two waves aresé fhiegy add up to a
wave with the same frequency but twice the amplitude. Thisllsdceonstructive interference.
But, if they are exactly out of phase, they add up to zero. Thalled destructive interference.
At the time when the first wave is at its maximum pressitne second wave is at its minimum.
If both of these waves hit your ear drum at the same time, you wouldear anything because
the two waves always add up to zero.

Benefits of an Active Noise-Canceling Muffler

1.By using an active muffler the exhaust noise can be easily tameglified, or nearly
eliminated.

2.The backpressure of a conventional muffler can be essentiattynated, thus increasing
engine performance and efficiency.

3.By increasing engine efficiency and performance, lessafilidbe used and the emissions will
be reduced.

Absorptive muffler

Lined ducts

It can be regarded as simplest form of absorptive muffler. A@hsorptive material to the bare
walls of the duct.( in car that is the exhaustion tube) The atienyzerformance improves with
the thickness of absorptive material.

The attenuation curves like a skewed bell. Increase the thickhdéise wall will get the lower
maximum attenuation frequency. For higher frequency though, thinnerbebs layers are
effective, but the large gap allows noise to pass directly aldmg.layers and narrow passages
are therefore more effective at high frequencies. For goodplmsoover the widest frequency
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range, thick absorbent layers and narrow passages are best.

~ For low

frequencies

ity

For high
frequancies

| /

o ¢ ; ) / /
Thick layers of Thin layers of [/

} Thick layers of J'r
absorbent ; atisarbent ! shsorbamt
Wide channel Marrow channels MNarrow channels

Parallel and block-line-of-sight baffles

Divide the duct into several channels or turn the flow channels sthéra is no direct line-of-
sight through the baffles. Frequently the materials line on the channteigatan improves with
the thickness of absorptive material and length of the baffledlie@ads can be used to provide
a greater attenuation and attenuate best at high frequency. Coveparat low frequency
attenuation can be increased by adding thicker lining.

Plenum chambers

They are relatively large volume chambers, usually fabdcdtem sheet metal, which
interconnect two ducts. The interior of the chamber is lined viaglording material to attenuate
noise in the duct. Protective facing material may aslo be sa&gesf the temperature and
velocity conditions of the gas stream are too severe.

The performance of a plenum chamber can be improved by: 1.incteagshidkness of the
absorbing lining 2.blocking the direct line of sight from the chamber inlet to thet.@iihcrease
the cross-sectional area of the chamber.

References And Other Links
http://www.howstuffworks.com - howstuffworks
http://www.thecarforum.com/ - car forum

http://widget.ecn.purdue.edu/~me413/Index.html - acoustic noise control course
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Bessel Functions and the Kettledrum
What is a kettledrum

A kettledrum is a percussion instrument with a circular drumhead edwnt a "kettle-like"

enclosure. When one strikes the drumhead with a mallet, it vibsdiel produces its sound.
The pitch of this sound is determined by the tension of the drumhead ishpcecisely tuned
before playing. The sound of the kettledrum (called the Timparasgsical music) is present in
many forms of music from many difference places of the wdtlchost famous role (no pun
intended) to those acquainted with classic movies was as the "dmuitm€ theme for 2001:A
Space Odyssey

The math behind the kettledrum: the brief version

When one looks at how a kettledrum produces sound, one should look no fartherethan th
drumhead. The vibration of this circular membrane (and the air idrtira enclosure) is what
produces the sound in this instrument. The mathematics behind this vilchatmare relatively
simple. If one looks at a small element of the drum head, it looks ekketthe situation for the
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vibrating string (see:). The only difference is that there ten@ dimensions where there are
forces on the element, the two dimensions that are planar to the Asuthis is the same
situation, we have the same equation, except with another spatmlirtethe other planar
dimension. This allows us to model the drumhead using a helmholtz equdimmext step
(solved in detail below) is to assume that the displacement ofdthenhead (in polar
coordinates) is a product of two separate functions for theta and alltws us to turn the PDE
into two ODES which are readily solved and applied to the situatitmedfettledrum head. For
more info, see below.

The math behind the kettledrum: the derivation

So starting with the trusty general Helmholtz equation:

Vi 4+ B0 =0

Where k is the wave number, the frequency of the forced oscilladieiged by the speed of
sound in the membrane.

Since we are dealing with a circular object, it make sena®itk in polar coordinates (in terms
of radius and angle) instead of rectangular coordinates. Forquaedinates the Laplacian term

of the helmholtz reIatiorVE) becomez‘glzl‘l'/&'ﬂ2 + 1/?"‘9211’/‘9?" + 1/?"2‘9211'/‘%2

Now lets assume thdt(r,0) = R(r)®(0)

This assumption follows the method of separation of variables. (seeeRce 3 for more info)
Substituting this result back into our trusty Helmholtz equation gives the following:

rP/RPR/dr® + 1 /rdR/ dr) + K¥r?=2 1/ @d°® / db?

Since we separated the variables of the solution into two one-donahsinctions, the partial
derivatives become ordinary derivatives. Both sides of this resuttequal the same constant.
For simplicity, i will usek as this constant. This results in the following two equations:

d’® / do* =2 1’0
dPR/dr?+ 1 /rdR/dr + (222 /r)R=0

The first of these equations readily seen as the standard seamrdoodinary differential
equation which has a harmonic solution of sines and cosines with quericy based ok The
second equation is what is known as Bessel's Equation. The solution teqttaton is
cryptically called Bessel functions of ordeof the first and second kind. These functions, while
sounding very intimidating, are simply oscillatory functions of #ius times the wave number
that are unbounded at when kr (for the function of the second kind) apprassiesnd
diminish as kr get larger. (For more information on what these functions keokde References
1,2, and 3)
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Now that we have the general solution to this equation, we can now modgnite radius
kettledrum head. However, since i have yet to see an infinate dafim, we need to constrain
this solution of a vibrating membrane to a finite radius. We carhidobly applying what we
know about our circular membrane: along the edges of the kettletfrardrum head is attached
to the drum. This means that there can be no displacement of tHaranenat the termination at
the radius of the kettle drum. This boundary condiction can be matlatyatiscribed as the
following:

R(@ =0

Where a is the arbirary radius of the kettledrum. In addition ® kbundary condition, the
displacement of the drum head at the center must be finite. @bmd boundary condition
removes the bessel function of the second kind from the solution. This sdtiede part of our
solution to:

R(r) = AJ,(kr)

WhereJ, is a bessel function of the first kind of orderApply our other boundary condition at
the radius of the drum requires that the wave number k must haveealisees, j(, / a) which
can be looked up. Combining all of these gives us our solution to how a ddiinéleaves
(which is the real part of the following):

Unn (1, 8,1) = App Jan ()70t

The math behind the kettledrum:the entire drum

The above derivation is just for the drum head. An actual kettledrumnieaside of this circular
membrane surrounded by an enclosed cavity. This means that air psessad in the cavity
when the membrane is vibrating, adding more complications to th&osolIn mathematical
terms, this makes the partial differential equation non-homogeneous or inrsgienpis, the right

side of the Helmholtz equation does not equal zero. This result recpgragicantly more

derivation, and will not be done here. If the reader cares to know nhm®e tesults are
discussed in the two books under references 6 and 7.

Sites of interest

As one can see from the derivation above, the kettledrum is verngstitg mathmatically.
However, it also has a rich historical music tradition in varioasqd of the world. As this
page's emphasis is on math, there are few links provided below that referenicé thisary.

A discussion of persian kettledrunk&ttle drums of Iran and other countries
http://www.drumdojo.com/world/persia/kettledrums.htm

A discussion of kettledrums in classical musgiettle drum Lit.
http://cctr.umkc.edu/user/mgarlitos/timp.html
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A massive resource for kettledrum history, construction and techrigieieia Symphonic
Library http://www.vsl.co.at/en-us/70/3196/3198/5675.vsl

Wikibooks sister cite, references under Timpaiikipedia reference
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Filter Design and Implementation

Introduction

Acoustic filters, or mufflers, are used in a number of applicatregsiring the suppression or
attenuation of sound. Although the idea might not be familiar to meaple@, acoustic mufflers
make everyday life much more pleasant. Many common appliancésasuefrigerators and air
conditioners, use acoustic mufflers to produce a minimal working .ndise application of
acoustic mufflers is mostly directed to machine components as avbere there is a large
amount of radiated sound such as high pressure exhaust pipes, gas turbines, and rotary pumps

Although there are a number of applications for acoustic muffleng #re really only two main
types which are used. These are absorptive and reactive muffleemrpive mufflers
incorporate sound absorbing materials to attenuate the radiated émeggs flow. Reactive
mufflers use a series of complex passages to maximize soi@mdisiion while meeting set
specifications, such as pressure drop, volume flow, etc. Many of dhe complex mufflers
today incorporate both methods to optimize sound attenuation and provideticrealis
specifications.

In order to fully understand how acoustic filters attenuate elisbund, it is first necessary to
briefly cover some basic background topics. For more information o Weeory and other
material necessary to study acoustic filters please refer to dremeés below.

Basic Wave Theory

Although not fundamentally difficult to understand, there are a numbaltevhate techniques
used to analyze wave motion which could seem overwhelming to a navicst.aTherefore,
only 1-D wave motion will be analyzed to keep most of the mathesnasicsimple as possible.
This analysis is valid, with not much error, for the majorityipes and enclosures encountered
in practice.

Plane-Wave Pressure Distribution in Pipes

The most important equation used is the wave equation in 1-D forme [Hg2],
http://mathworld.wolfram.com/WaveEquation1l-Dimensional.html,
http://en.wikibooks.org/wiki/Acoustic: Transverse_vibrations_of_strings#Ctearaation_of_th
e_mechanical_system for information).

Therefore, it is reasonable to suggest, if plane waves are gatops that the pressure
distribution in a pipe is given by:

p = Pielltkl 4 pyeiletthal

where Pi and Pr are incident and reflected wave amplitudes tiespecAlso note that bold
notation is used to indicate the possiblily of complex terms. TreetBrm represents a wave
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travelling in the +x direction and the second term, -x direction.

Since acoustic filters or mufflers typically attenuate thdiated sound power as much as
possible, it is logical to assume that if we can find a waydgimize the ratio between reflected
and incident wave amplitude then we will effectively attenuabedradiated noise at certain
frequencies. This ratio is called the reflection coefficient and i diye

Pr
R —
(%)

It is important to point out that wave reflection only occurs wheninffgedance of a pipe
changes. It is possible to match the end impedance of a pipenwitharacteristic impedance of
a pipe to get no wave reflection. For more information see [1] or [2].

Although the reflection coefficient isn't very useful in its emtrform since we want a relation
describing sound power, a more useful form can be derived by recgptinat the power
intensity coefficient is simply the magnitude of reflection coeffitequare [1]:

R. =R}

As one would expect, the power reflection coefficient must be tleess or equal to one.
Therefore, it is useful to define the transmission coefficient as:

T'.'r = {1 _Rﬂr:]

which is the amount of power transmitted. This relation comes Wirfotn conservation of
energy. When talking about the performance of mufflers, typidléy power transmission
coefficient is specified.

Basic Filter Design

For simple filters, a long wavelength approximation can be nadeake the analysis of the
system easier. When this assumption is valid (e.g. low frequgrtbiescomponents of the
system behave as lumped acoustical elements. Equations ralaingrious properties are
easily derived under these circumstances, see
http://en.wikibooks.org/wiki/Acoustic:Acoustics_of pipes%2C_enclosures%2C_antlesaat
_low_frequency for further information.

The following derivations assume long wavelength. Practical ggidins for most conditions
are given later.
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Low-Pass Filter

Low'-Pass Filter Schematic
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i &3Tpi for Low-Pass Filte

These are devices that attenuate the radiated sound power atfléghencies. This means the
power transmission coefficient is approximently 1 across the basslgtdow frequencies(see
figure to right).

This is equivalent to an expansion in a pipe, with the volume of gagdboathe expansion
having an acoustic compliance (see figure to right). Continuitycotistic impedance at the
junction, see [1], gives a power transmission coefficient of:

T, = !

1+ (555°) kL

25

where Kk is the wavenumber, L & are length and area of expansion respectively, and S is the
area of the pipe. (see Java Applet at: http://www.ndt-
ed.org/EducationResources/CommunityCollege/Ultrasonics/Physicsiatopstiance.htm and
http://en.wikibooks.org/wiki/Acoustic:Boundary_Conditions_and_Forced_Vibrations#Wave_Pr
perties)

The cut-off frequency is given by:

Sc
Je= (ﬂL(sl - 5})
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High-Pass Filter

High-Pass Filter Schematic

d 1

1

L

|

These are devices that attenuate the radiated sound power afremwencies. Like before, this
means the power transmission coefficient is approximently 1 athesdand pass at high
frequencies (see figure to right).

o &3Tpi for High-Pass Filte

This is equivalent to a short side brach (see figure to right) with a racillkength much smaller
than the wavelength (lumped element assumption). This side brandik@@s acoustic mass
and applies a different acoustic impedance to the system thdowthpass filter. Again using
continuity of acoustic impedance at the junction yields a power tiasism coefficient of the
form [1]:

where a and L are the area and effective length of the small tube, arne &risa of the pipe.

The cut-off frequency is given by:

Cﬂ-g
fc = (M)
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Band-Stop Filter

Band- Stop Filter Schemntic
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= &Tpi for Band-Stop Filte T =

These are devices that attenuate the radiated sound power ovtira fcequency range (see
figure to right). Like before, the power transmission coefficisrdpproximently 1 in the band
pass region.

Since the band-stop filter is essentially a cross betweew anad high pass filter, one might
expect to create one by using a combination of both techniques. sThisei in that the
combination of a lumped acoustic mass and compliance gives a bandstod fiis can be
realized as a helmholtz resonator (deelinholtz Resonatpior figure to right). Again, since the
impedance of the helmholtz resonator can be easily determinednuityntof acoustic
impedance at the junction can give the power transmission coefficient as [1]:

T’.T - : 1 3

C."IES
1+ (wL,’SE. —rl il )

where S, is the area of the neck, L is the effective length of thek,n¥ is the volume of the
helmholtz resonator, and S is the area of the pipe. It is integefst note that the power
transmission coefficient is zero when the frequency is thahefresonance frequency of the
helmholtz. This can be explained by the fact that at resonaneeltime velocity in the neck is
large with a phase such that all the incident wave is reflected back to the source [1]

The zero power transmission coefficient location is given by:

St

= (o) (zv)

This frequency value has powerful implications. If a systemth@smajority of noise at one
frequency component, the system can be "tuned" using the aboveorgwath a helmholtz
resonator, to perfectly attenuate any transmitted power (see esdrefie).
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t*Helmholtz tHelmholtz
Resonator as a Muffler, f = 60 Hz Resonator as a Muffler, f = fc

Design

If the long wavelength assumption is valid, typically a combamatif methods described above
are used to design a filter. A specific design proceduneatised for a helmholtz resonator, and
other basic filters follow a similar procedure (see 1 |
http://www.silex.com/pdfs/Exhaust%20Silencers.pdf]).

Two main metrics need to be identified when designing a helmholtz resonator [3]:

c O, S

f.= Co==
(1) - Resonance frequency desir” 27 V' where =~ L.
VOV
= const
(2) - Transmission loss 25 based on TL level. This constant is found from a

TL graph (see HR http://mecheng.osu.edu/~selamet/docs/2003_JASA 113(4) 1975-
1985 helmholtz_ext _neck.pdf] pp. 6).

This will result in two equations with two unknowns which can be solvedh®runknown
dimensions of the helmholtz resonator. It is important to note thatvitdacities degrade the
amount of transmission loss at resonance and tend to move the resonance location 8pwards |

In many situations, the long wavelength approximation is not aaliblalternative methods must
be examined. These are much more mathematically rigorous andereguicomplete
understanding acoustics involved. Although the mathematics involved ashaowh, common
filters used are given in the section that follows.

Actual Filter Design

As explained previously, there are two main types of filters usqatactice: absorptive and
reactive. The benefits and drawback of each will be briefly eegaialong with their relative
applications (see Absorptive Mufflers
http://en.wikibooks.org/wiki/Acoustic:specific_application-
automobile_muffler#Absorptive_muffler].
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Absorptive

These are mufflers which incorporate sound absorbing materiatansform acoustic energy
into heat. Unlike reactive mufflers which use destructive intaniee to minimize radiated sound
power, absorptive mufflers are typically straight through pipesdl with multiple layers of
absorptive materials to reduce radiated sound power. The most imgodperty of absorptive
mufflers is the attenuation constant. Higher attenuation constact$o more energy dissipation
and lower radiated sound power.

Advantages of Absorptive Mufflers [3]:

(1) - High amount of absorption at larger frequencies.

(2) - Good for applications involving broadband (constant across the speatmdmarrowbar|d
(see L]) noise.

(3) - Reduced amount of back pressure compared to reactive mufflers.

Disadvantages of Absorptive Mufflers [3]:

(1) - Poor performance at low frequencies.

(2) - Material can degrade under certain circumstances (high heat, etc).

Examples

&JAbsorptive Muffler

There are a number of applications for absorptive mufflers. Thewadisknown application is
in racecars, where engine performance is desired. Absorptifera don't create a large
amount of back pressure (as in reactive mufflers) to attenuateound, which leads to higher
muffler performance. It should be noted however, that the radiate seundch higher. Other
applications include plenum chambers (large chambers lined withrpgibe materials, see
picture below), lined ducts, and ventilation systems.
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Reactive

Reactive mufflers use a number of complex passages (or lungredrek) to reduce the amount
of acoustic energy transmitted. This is acomplished by a changenpedance at the
intersections, which gives rise to reflected waves (and efédgtireduces the amount of
transmitted acoustic energy). Since the amount of energy tréadnsitminimized, the reflected
energy back to the source is quite high. This can actually detiradeerformance of engines
and other sources. Opposite to absorptive mufflers, which dissipatectingtia energy, reactive
mufflers keep the energy contained within the system. SBeactive Mufflers
http://en.wikibooks.org/wiki/Acoustic:Car_Mufflers#The_reflector_mufflReactive Mufflers]
for more information.

Advantages of Reactive Mufflers [3]:

(1) - High performance at low frequencies.
(2) - Typically give high insertion loss, IL, for stationary tones.

(3) - Useful in harsh conditions.

Disadvantages of Reactive Mufflers [3]:

(1) - Poor performance at high frequencies.

(2) - Not desirable characteristics for broadband noise.

Examples

LIReflective Muffler

Reactive mufflers are the most widely used mufflers in comfnuséingines]]. Reactive
mufflers are very efficient in low frequency applications (esgly since simple lumped
element analysis can be applied). Other application areas indladeéh environments (high
temperature/velocity engines, turbines, etc), specific frequatiepuation (using a helmholtz
like device, a specific frequency can be toned to give totaluat®n of radiated sound power),
and a need for low radiated sound power (car mufflers, air conditioners, etc).

Performance

There are 3 main metrics used to describe the performance d@enmsiuNoise Reduction,
Insertion Loss, and Transmission Loss. Typically when designing #emuf or 2 of these
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metrics is given as a desired value.
Noise Reduction (NR)

Defined as the difference between sound pressure levels on the sodrececeiver side. It is
essentially the amount of sound power reduced between the locatidme adotirce and
termination of the muffler system (it doesn't have to be thmimation, but it is the most
common location) [3].

NR = (Lp — Lps)

whereL,; andLy, is sound pressure levels at source and receiver respectiviligugh NR is
easy to measure, pressure typically varies at source side due to standis§Blvave

Insertion Loss (IL)

Defined as difference of sound pressure level at the receitleiland without sound attenuating
barriers. This can be realized, in a car muffler, as the difference inagdm@ind power with just
a straight pipe to that with an expansion chamber located in the Siipge the expansion
chamber will attenuate some of the radiate sound power, theigredshe receiver with sound
attenuating barriers will be less. Therefore, a higher insertion loss il

IL = (Lpwithout — Lp witn)

where Lpuithour @Nd Lpwith are pressure levels at receiver without and with a mufflstem
respectively. Main problem with measuring IL is that the ibamr sound attenuating system
needs to be removed without changing the source [3].

Transmission Loss (TL)

Defined as the difference between the sound power level of thdemntcivave to the muffler
system and the transmitted sound power. For further informationTseasmission Loss
http://freespace.virgin.net/mark.davidson3/TL/TL.html] [3].

TL = 101 (1) T—(E)
— N7 with I;

wherel; andl; are the transmitted and incident wave power respectively. Figmexpression, it
is obvious the problem with measure TL is decomposing the sound fieldnmtent and
transmitted waves which can be difficult to do for complex systems (andltical
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Examples

(1) - For a plenum chamber (see figure below):

TL = —10log (s (C“f 4+ 1o “))
2rd? S, in dB

wherea is average absorption coefficient.

&Plenum - =
Chamber Theta

~Transmission Loss vs.

(2) - For an expansion (see figure below):

VR — 1) ik, (1—5> ke |’ >
J.R-ll]iog[ze + 1+5/)°¢ (14+5)
14 8)°
IL =10log [u]
4
TL =10l 1+5) :
917 4s

s~ (%)
where Ay

Ay Az ) /

I Ll N e i g

SJEXpansion i . l
Infinite Pipe ' &INR, IL, & TL for
Expansion

(3) - For a helmholtz resonator (see figure below):
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L Helmholtz &iTL for Helmholtz

Resonator Resonator

Links

[1] - Muffler/silencer applications and descriptions of perforneaagteria Exhaust Silencefs
http://www.silex.com/pdfs/Exhaust%20Silencers.pdf

[2] - Engineering Acoustics, Purdue University - MH 513.
http://widget.ecn.purdue.edu/~me513/

[3] - Sound Propagatiohimationg http://widget.ecn.purdue.edu/~me513/animate.html
[4] - Exhaust Muffler Desigr] http://myfwc.com/boating/airboat/Section3.pdf
[5] - ProjectProposak

References
[1] - Fundamentals of Acoustics; Kinsler et al, John Wiley & Sons, 2000
[2] - Acoustics; Pierce, Acoustical Society of America, 1989

[3] - ME 413 Noise Control, Dr. Mongeau, Purdue University
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Flow-induced oscillations of a Helmholtz
resonator and applications

Introduction

The importance of flow excited acoustic resonance lies inaitgge Inumber of applications in
which it occurs. Sound production in organ pipes, compressors, transonicnmadst and open
sunroofs are only a few examples of the many applications in \ibiehexcited resonance of
Helmholtz resonators can be found.[4] An instability of the fluid motioopted with an
acoustic resonance of the cavity produce large pressure floomidghat are felt as increased
sound pressure levels. Passengers of road vehicles with open suoftef experience
discomfort, fatigue, and dizziness from self-sustained oscillatieside the car cabin. This
phenomenon is caused by the coupling of acoustic and hydrodynamiadiole a cavity which
creates strong pressure oscillations in the passenger coraparithe 10 to 50 Hz frequency
range. Some effects experienced by vehicles with open sunrdoda Wuffeting include:
dizziness, temporary hearing reduction, discomfort, driver fatigue,in extreme cases nausea.
The importance of reducing interior noise levels inside theaain relies primarily in reducing
driver fatigue and improving sound transmission from entertainment antimgnication
devices. This Wikibook page aims to theoretically and graphicallyaexphe mechanisms
involved in the flow-excited acoustic resonance of Helmholtz resonaldrs interaction
between fluid motion and acoustic resonance will be explained to provide a thorpleyagon
of the behavior of self-oscillatory Helmholtz resonator systekssan application example, a
description of the mechanisms involved in sunroof buffeting phenomeniendiéveloped at the
end of the page.

Feedback loop analysis

As mentioned before, the self-sustained oscillations of a Helmtgsltmator in many cases is a
continuous interaction of hydrodynamic and acoustic mechanisms. fretjuncy domain, the
flow excitation and the acoustic behavior can be representechatetréunctions. The flow can
be decomposed into two volume velocities.

gr: flow associated with acoustic response of cavity
go: flow associated with excitation

Figure 1 shows the feedback loop of these two volume velocities.
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Figure
1

Acoustical characteristics of the resonator

Lumped parameter model

The lumped parameter model of a Helmholtz resonator consistsgid-avalled volume open to

the environment through a small opening at one end. The dimensions restmator in this

model are much less than the acoustic wavelength, in this Veayiraj us to model the system
as a lumped system.

where re is the equivalent radius of the orifice.

Figure 2 shows a sketch of a Helmholtz resonator on the left, g#ebamical analog on the
middle section, and the electric-circuit analog on the right higied As shown in the Helmholtz
resonator drawing, the air mass flowing through an inflow of voluebecity includes the mass
inside the neck (Mo) and an end-correction mass (Mend). Viscous &igbesedges of the neck
length are included as well as the radiation resistance diubee The electric-circuit analog
shows the resonator modeled as a forced harmonic oscillator. [1] [2][3]
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Radiation Loss Rr

PDLI‘l u into End
_correction

Surface area S Mg

Air inthe neck
M B |
Meck length L

A

Viscous L8és Ry

Compliance C

Volume vV

Helmholtz resonator

2
V: cavity volume
p: ambient density

c: speed of sound

Ma = Mo + Me

R=Rwv+Rr

Mechanical analog

S: cross-section area of orifice

K: stiffness
Ma: acoustic mass

C,: acoustic compliance

The equivalent stiffness K is related to the potential enefdglieoflow compressed inside the

cavity. For a rigid wall cavity it is approximately:

Electric-circuit analog

The equation that describes the Helmholtz resonator is the following:

de
jwS

SE. =

(—w’M + jwR+ K)
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~

F,. excitation pressure
M: total mass (mass inside neck Mo plus end correction, Mend)

R: total resistance (radiation loss plus viscous loss)

From the electrical-circuit we know the following:

Lp

M, = =
S

e

c. 7l

L' = L+ 17re

The main cavity resonance parameters are resonance frequergyadihdfactor which can be
estimated using the parameters explained above (assumingldesadiation, no viscous losses
and leaks, and negligible wall compliance effects)

i’ 12 j— 1

T MG,
—
| S
{

fr = 2% v v

The sharpness of the resonance peak is measured by the quatityQaof the Helmholtz
resonator as follows:

| LF
Q= zﬁvﬁf(?ﬁ

fi: resonance frequency in Hz

or: resonance frequency in radians

L: length of neck

L": corrected length of neck

From the equations above, the following can be deduced:

-The greater the volume of the resonator, the lower the resonance frequencies.

-If the length of the neck is increased, the resonance frequency decreases.
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Production of self-sustained oscillations

The acoustic field interacts with the unstable hydrodynamic #bave the open section of the
cavity, where the grazing flow is continuous. The flow in this sectiorratgsafrom the wall at a
point where the acoustic and hydrodynamic flows are strongly coupled. [5]

The separation of the boundary layer at the leading edge ofwitge (€sont part of opening from
incoming flow) produces strong vortices in the main stream. Asrebd in Figure 3, a shear
layer crosses the cavity orifice and vortices start to formtduestabilities in the layer at the
leading edge.

Turbulent houndary
layer - =10
6 — C -

Direction of flow

—?r/
T /I - s S
! : =
% 4
r D
.
A L P
. i
FITFFTT > :

Figure3

From Figure 3, L is the length of the inner cavity region, d denb&ediameter or length of the
cavity length, D represents the height of the cavity, @&léscribes the gradient length in the
grazing velocity profile (boundary layer thickness).

The velocity in this region is characterized to be unsteady angdeitterbations in this region
will lead to self-sustained oscillations inside the cavity. \¢esiwill continually form in the
opening region due to the instability of the shear layer at the leading edhgeopfening.

Applications to Sunroof Buffeting

How are vortices formed during buffeting?

In order to understand the generation and convection of vortices froshehe layer along the
sunroof opening, the animation below has been developed. At a cergénafaiow velocities,
self-sustained oscillations inside the open cavity (sunroof) wilpteelominant. During this
period of time, vortices are shed at the trailing edge obpleming and continue to be convected
along the length of the cavity opening as pressure inside the datieases and increases. Flow

133



visualization experimentation is one method that helps obtain a qguelitatderstanding of
vortex formation and conduction.

The animation below, shows in the middle, a side view of a car cathirthe sunroof open. As
the air starts to flow at a certain mean velocity Uo, assnwill enter and leave the cabin as the
pressure decreases and increases again. At the right hanéitbiel@emation, a legend shows a
range of colors to determine the pressure magnitude inside thealoa. At the top of the
animation, a plot of circulation and acoustic cavity pressure vdisus for one period of
oscillation is shown. The symbol x moving along the acoustic cavigsspre plot is
synchronized with pressure fluctuations inside the car cabin ahdheitegend on the right. For
example, whenever the x symbol is located at the point wherewts&n(the acoustic cavity
pressure is minimum) the color of the car cabin will match dah#ite minimum pressure in the
legend (blue).

The perturbations in the shear layer propagate with a velocibheaidrder of 1/2Uo which is half
the mean inflow velocity. [5] After the pressure inside the cae#ighes a minimum (blue color)
the air mass position in the neck of the cavity reaches itsnmaxioutward position. At this
point, a vortex is shed at the leading edge of the sunroof openamg art of sunroof in the
direction of inflow velocity). As the pressure inside the cavityaases (progressively to red
color) and the air mass at the cavity entrance is moved inwhedsprtex is displaced into the
neck of the cavity. The maximum downward displacement of the vorteghigved when the
pressure inside the cabin is also maximum and the air mass imetikeof the Helmholtz
resonator (sunroof opening) reaches its maximum downward displacdfoerihe rest of the
remaining half cycle, the pressure cavity falls and the dowbéhe neck of the resonator is
moved upwards. The vortex continues displacing towards the downstreanfetigesunroof
where it is convected upwards and outside the neck of the resoniatbis point the air below
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the neck reaches its maximum upwards displacement.[4] And the process staaiganmce

How to identify buffeting

Flow induced tests performed over a range of flow velocitiebepful to determine the change
in sound pressure levels (SPL) inside the car cabin as inflamityels increased. The following

animation shows typical auto spectra results from a car caliintee sunroof open at various
inflow velocities. At the top right hand corner of the animatiofis possible to see the inflow
velocity and resonance frequency corresponding to the plot shown at that instauet of i
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It is observed in the animation that the SPL increases grgdudil increasing inflow velocity.
Initially, the levels are below 80 dB and no major peaks are oltkedgevelocity is increased,
the SPL increases throughout the frequency range until a dgfeateis observed around a 100
Hz and 120 dB of amplitude. This is the resonance frequency of titg adwhich buffeting
occurs. As it is observed in the animation, as velocity is further increthsepeak decreases and
disappears. In this way, sound pressure level plots versus frequeniegl@iul in determining
increased sound pressure levels inside the car cabin to find wanysitaze them. Some of the
methods used to minimize the increased SPL levels achieved stimgffnclude: notched
deflectors, mass injection, and spoilers.

135



Useful Websites

This link: http://www.exa.com/ takes you to the website of EXA Crapon, a developer of
PowerFlow for Computational Fluid Dynamics (CFD) analysis.

This link: _http://www.cd-adapco.com/press room/dynamics/20/saab.htsnla small news
article about the current use of(CFD) software to model sunroof buffeting.

This link: _http://www.cd-adapco.com/products/brochures/industry applications/autoapiss.pdf
a small industry brochure that shows the current use of CFD for sunroof buffeting.
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Acoustics in Violins

Acoustics of the Violin

For detail anatomy of violin, please referAtelierla Bussiere

Belly( Top plate) o - pp—
strings

F Holes Back Plate

How Does A Violin Make Sound?

General Concept

When a violinist bows a string, which can produce vibrations with abundamiohzs. The
vibrations of the strings are structurally transmitted to tiggbrand the body of the instrument
through the bridge. The bridge transmits the vibrational energy prddiycéhe strings to the
body through its feet, further triggering the vibration of body. Theatitm of the body
determines sound radiation and sound quality, along with the resonance of the cavity.
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The vibration pattern of the strings can be easily be observedhelTaaked eye, the string
appears to move back and forth in a parabolic shape (see fighref), i@sembles the first mode
of free vibration of a stretched string. The vibration of strimgs first investigated bdermann
Von Helmholtz the famous mathematician and physicist in 19th century. A surpesamario
was discovered that the string actually moves in an inverssh&pe rather than parabolas (see
figure). What we see is just an envelope of the motion of thegstfio honor his findings, the
motion of bowed strings had been called "Helmholtz motion."

What violinists see The actual pattern

Bridge

The primary role of the bridge is to transform the motion of vibgastrings into periodic
driving forces by its feet to the top plate of the violin body. Gtwefiguration of the bridge can
be referred to the figure. The bridge stands on the belly betweeest dlich have two primary
functions. One is to connect the air inside the body with outsidenditha other one is to make
the belly between f holes move more easily than other parteeobady. The fundamental
frequency of a violin bridge was found to be around 3000 Hz when it is gidauapport, and it
is an effective energy-transmitting medium to transmit thergy from the string to body at
frequencies from 1 KHz to 4KHz, which is in the range of keasigeity of human hearing. In

138



order to darken the sound of violin, the player attaches a mute on the bridge. Tieauntually

an additional mass which reduces the fundamental frequency of the Bdgeesult, the sound
at higher frequencies is diminished since the force transfesrdtetbody has been decreased.
On the other hand, the fundamental frequency of the bridge can lkd fjisattaching an
additional stiffness in the form of tiny wedges, and the sound at rhfgbguencies will be
amplified accordingly.

The sound post connects the flexible belly to the much stiffer baté& dlhe sound post can
prevent the collapse of the belly due to high tension force inttimg,sand, at the same time,
couples the vibration of the plate. The bass bar under the belly exteyolsd the f holes and
transmits the force of the bridge to a larger area ob#lg. As can be seen in the figure, the
motion of the treble foot is restricted by the sound post, while, ceslyethe foot over bass bar
can move up and down more easily. As a result, the bridge tends to mand dpwn, pivoting
about the treble foot. The forces appearing at the two feetimeegual and opposite up to 1
KHz. At higher frequencies, the forces become uneven. The force eorsoimdpost foot
predominates at some frequencies, while it is the bass bar foot at some.

s\nund post

Body

The body includes top plate, back plate, the sides, and the air ingidé,wahich serve to
transmit the vibration of the bridge into the vibration of air surroupdive violin. For this
reason, the violin needs a relatively large surface area to posigte amount of air back and
forth. Thus, the top and back plates play important roles in the mechafidm makers have
traditionally pay much attention on the vibration of the top and backsptdt¢he violin by
listening to the tap tones, or, recently, by observing the vibration mode siiapedody plates.
The vibration modes of an assembled violin are, however, much more complicated.

The vibration modes of top and back plates can be easily observesinmiaa technique first
performed by Ernest Florens Friedrich Chaldni (1756 ? 1827), who is eftpaatfully referred
"the father of acoustics.” First, the fine sand is uniformlynied on the plate. Then, the plate
can be resonated, either by a powerful sound wave tuned to the desteenties, by being
bowed by a violin bow, or by being excited mechanically or electotvanically at desired
frequencies. Consequently, the sand disperses randomly due to thewibfgtlate. Some of
the sand falls outside the region of plate, while some of the isandllected by the nodal
regions, which have relatively small movement, of the plate. Héimeenode shapes of the plate
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can be visualized in this manner, which can be refered to the figutles reference sit&/iolin
Acoustics The first seven modes of the top and back plates of violin asergesl, with nodal
lines depicted by using black sands.

The air inside the body is also important, especially in thgerarf lower frequencies. It is like
the air inside a bottle when you blow into the neck, or, as knowfemsholtz resonangevhich
has its own modes of vibration. The air inside the body can commumitidteair outside
through the f holes, and the outside air serves as medium carrying waves frootinhe

see www.violinbridges.co.uk for more articles on bridges and accoustics.

Sound Radiation

A complete description of sound radiation of a violin should include the iatgym about
radiation intensity as functions both of frequency and location. The souratioadcan be
measured by a microphone connected to a pressure level meterisvtotatably supported on a
stand arm around the violin, while the violin is fastened at the neck tlip. The force is
introduced into the violin by using a miniature impact hammer atipper edge of the bridge in
the direction of bowing. The detail can be referredMartin Schleske, master studio for
violinmaking . The radiation intensity of different frequencies at differcations can be
represented by directional characteristics, or acoustic mapsdifdutional characteristics of a
violin can be shown in the figure in the websiteMdrtin Schleskewhere the radial distance
from the center point represents the absolute value of the soundriexi®a/N) in dB, and the
angular coordinate of the full circle indicates the measuremeint around the instrument.
According to the directional characteristics of violins, the ppalcradiation directions for the
violin in the horizontal plane can be established. For more detail #®ydrincipal radiation
direction for violins at different frequencies, please refer to refereneggiML 972).
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Moving Coil Loudspeaker
Moving Coil Transducer

The purpose of the acoustic transducer is to convert electriaglyeiné acoustic energy. Many
variations of acoustic transducers exist, although the most commomietirey coil-permanent
magnet transducer. The classic loudspeaker is of the moving coil-permaigeet tyae.

The classic electrodynamic loudspeaker driver can be divided into three key catspone

1) The Magnet Motor Drive System
2) The Loudspeaker Cone System

3) The Loudspeaker Suspension
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Figure 1 Cut-away of

a moving coil-permanent magnet loudspeaker

The Magnet Motor Drive System

The main purpose of the Magnet Motor Drive System is to edtahlisymmetrical magnetic
field in which the voice coil will operate. The Magnet Motor DriSgstem is comprised of a
front focusing plate, permanent magnet, back plate, and a pole Ipidicire 2, the assembled
drive system is illustrated. In most cases, the back plate andole piece are built into one
piece called the yoke. The yoke and the front focusing plate arealypmmade of a very soft
cast iron. Iron is a material that is used in conjunction with ntegseeuctures because the iron
is easily saturated when exposed to a magnetic field. Natidigure 2, that an air gap was
intentionally left between the front focusing plate and the yoke.riagnetic field is coupled
through the air gap. The magnetic field strength (B) of thegar is typically optimized for
uniformity across the gap. [1]
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Figure 2 Permanent
Magnet Structure

When a coil of wire with a current flowing is place inside pleemanent magnetic field, a force
is produced. B is the magnetic field strength, | is the lengtth@fcoil, and | is the current
flowing through the coil.

F =Bli
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Mounted in Permanent Magnetic Structure

The coil is excited with the AC signal that is intended for sound reproduction, whelnathging
magnetic field of the coil interacts with the permanent miagfield then the coil moves back
and forth in order to reproduce the input signal. The coil of a loudspisakeown as the voice

coil.

Figure 4 Photograph - Voice Coil

The Loudspeaker Cone System

On a typical loudspeaker, the cone serves the purpose of crelggraradiating area allowing
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more air to be moved when excited by the voice coil. The conessapiston that is excited by

the voice coil. The cone then displaces air creating a sound waae.ifleal environment, the

cone should be infinitely rigid and have zero mass, but in realitjards true. Cone materials

vary from carbon fiber, paper, bamboo, and just about any other mé#tatiaan be shaped into
a stiff conical shape. The loudspeaker cone is a very crgaralof the loudspeaker. Since the
cone is not infinitely rigid, it tends to have different typesesfonance modes form at different
frequencies, which in turn alters and colors the reproduction of the scaweswlhe shape of

the cone directly influences the directivity and frequency regpohthe loudspeaker. When the
cone is attached to the voice coil, a large gap above the voice cadilagpgeted. This could be a
problem if foreign particles make their way into the air ghthe voice coil and the permanent
magnet structure. The solution to this problem is to place whHatown as a dust cap on the
cone to cover the air gap. Below a figure of the cone and dust cap are shown.

AN

Cone

«— Dust Cap

Voice Caoill
Assembly

Figure 6 Cone and
Dust Cap attached to Voice Coll

The Loudspeaker Suspension

Most moving coil loudspeakers have a two piece suspension systenknalsn as a flexure
system. The combination of the two flexures allows the voice @aoildintain linear travel as the
voice coil is energized and provide a restoring force for theevowil system. The two piece
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system consists of large flexible membrane surrounding the ogtdgeof the cone, called the
surround, and an additional flexure connected directly to the voice cbéigd ¢he spider. The
surround has another purpose and that is to seal the loudspeaker when mncamtedclosure.
Commonly, the surround is made of a variety of different matesath as, folded paper, cloth,
rubber, and foam. Construction of the spider consists of different wovem alosynthetic
materials that are compressed to form a flexible membranefollbeing two figures illustrate
where the suspension components are physically at on the loudspeakewathey function as
the loudspeaker operates.

Spider
(Flexure) +«——_____ Surround
(Flexure)
Figure 7
Loudspeaker Suspension System
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Figure 8 Moving
Loudspeaker

Modeling the Loudspeaker as a Lumped System

Before implementing a loudspeaker into a specific applicatiorse@es of parameters
characterizing the loudspeaker must be extracted. The equivaleuit oif the loudspeaker is
key when developing enclosures. The circuit models all aspecte ddutdspeaker through an
equivalent electrical, mechanical, and acoustical circuit. Ei§uwshows how the three equivalent
circuits are connected. The electrical circuit is comprisati@DC resistance of the voice coill,
Re, the imaginary part of the voice coil inductance, Le, and tHepest of the voice coil
inductance, Revc. The mechanical system has electrical compotieit model different
physical parameters of the loudspeaker. In the mechanical tcitdmn, is the electrical
capacitance due to the moving mass, Cm, is the electrical indectlue to the compliance of
the moving mass, and Rm, is the electrical resistance due tsusipension system. In the
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acoustical equivalent circuit, Ma models the air mass and Ra snib@etadiation impedance][2].
This equivalent circuit allows insight into what parametersnghathe characteristics of the
loudspeaker. Figure 10 shows the electrical input impedance as @ruct frequency
developed using the equivalent circuit of the loudspeaker.

M
R, L Rae g s
) [mn I
{@ 3 »T 33 3B &
Electrical Circuit Mechanical Circuit (Mobility) Acoustical Circuit (Mobility) Figure
9 Loudspeaker Analogous Circuit
Electrical Input Impedance
3':' T T T T T T T T T
— resistance
— reactance
201 —
= 10
0
_1|:| 1 1 1 1 1 1 1 1
0 a0 100 150 200 250 300 350 400 450 a00
f [Hz] .
Figure

10 Electrical Input Impedance
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Attenuation of Sound Waves

Introduction

When sound travels through a medium, its intensity diminishes witmdestahis weakening in
the energy of the wave results from two basic causesesngtand absorption. The combined
effect of scattering and absorption is called attenuation. Fall siistances or short times the
effects of attenuation in sound waves can usually be ignored. Yetaictical reasons it should
be considered. So far in our discussions, sound has only been dissipatedngaideng of the
wave, such as when we consider spherical and cylindrical waves.vElotins dissipation of
sound in these cases is due to geometric effects associatednertiy being spread over an
increasing area and not actually to any loss of total energy.

Types of Attenuation

As mentioned above, attenuation is caused by both absorption and rsgatdisorption is
generally caused by the media. This can be due to energypyobsth viscosity and heat
conduction. Attenuation due to adsorption is important when the volume of tegahis large.
Scattering, the second cause of attenuation, is important when timeevisl small or in cases of
thin ducts and porous materials.

Viscosity and Heat conduction

Whenever there is a relative motion between particles in aam&akch as in wave propogation,
energy loss occurs. This is due to stress from viscous forbesdye particles of the medium.
The energy lost is converted to heat. Because of this, the intemsatysound wave decreases
more rapidly than the inverse square of distance. Viscosity iesges dependant upon
temperature for the most part. Thus as you increase the tempeyatuincrease the viscous
forces.

Boundary Layer Losses

A special type of adsorption occurs when a sound wave travels e&woemdary, such as a fluid
flowing over a solid surface. In such a situation, the fluid in imatedtontact with the surface
must be at rest. Subsiquent layers of fluid will have a veldeélyinhcreases as the distance from
the solid surface increases such as in the figure below.
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§'lu

The velocity gradient causes an internal stress associated/isgbsity, that leads to a loss of
momentum. This loss of momentum leads to a decrease in the amplfitadeave close to the
surface. The region over with the velocity of the fluid decrefises its nominal velocity to that
of zero is called the acoustic boundary layer. The thickness aicthestic boundary layer do to
viscosity can be expressed as

5":’5-:' =

[&

Where H is the shear viscosity number. Ideal fluids would not have a boundanythigkness
sincet =0,
Relaxation

Attenuation can also occur by a process called relaxation. Ohe bfsic assumptions prior to
this discussion on attenuation was that when a pressure or deraifjuiof or media depended
only on the instantaneous values of density and temperature and not ratetloé change in
these variables. However, whenever a change occurs, equililiupset and the media adjusts
until a new local equilibrium is achieved. This does not occur instaotety, and pressure and
density will vary in the media. The time it takes to achieve ti@w equilibrium is called the
relaxation time, math> \theta \,</math> . As a consequence the spsmthdfwill increase from
an initial value to that of a maximum as frequancy increasgainfthe losses associated with
relaxation are due to mechanical energy being transformed into heat.
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Modeling of losses

The following is done for a plane wave. Losses can be introduced layldieon of a complex
expression for the wave number

k= B —ja
which when substituded into the time-solution yeilds
p= Aearejwf—j_ﬂr

with a new term 0€™* which resulted from the use of a complex wave nurr cvig known as
the absorption coefficient with units of nepers per unit distancen@per is dB to base and

8 is related to the phase speed. The absorption coefficient is fi@gukependant and is
generally proportional to the square of sound frequency. Howevegldtsonship does vary
when considering the different absorption mechanisms as shown below.

Freguancy
hechanism Dependance of &
Wiscosity frz
Heat conduction frz
Bou nE??ErgtSLa yer \/F
Relaxation o o S|

The velocity of the particles can be expressed as

B k 1 (1 ,a)
u_w*p,:,p_pac k)

The impedance for this travelling wave would be given by

From this we can see that the rate of decrease in intensity of an attenaateda = 8.7cv
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Car Mufflers

Introduction

A car muffler is a component of the exhaust system of a careXhaust system has mainly 3
functions:

1) Getting the hot and noxious gas from the engine away from the vehicle
2) Reduce exhaust emission

3) Attenuating the noise output from the engine

The last specified function is the function of the car muffleis Inecessary because the gas
coming from the combustion in the pistons of the engine would gersera&etremely loud noise

if it were sent directly in the ambient surrounding through thaest valves. There are mainly 2
techniques used to dampen the noise: the absorption and the reflectione@atque has its
advantages and inconvenient.

The absorber muffler

The muffler is composed of a tube covered by an sound absorbing stuff. The tube &équbdor
that some part of the sound wave goes through the perforation to thbiadpsstuff. The
absorbing material is usually made of fiberglass or steml.wl'he dampening material is
protected from the surrounding by a supplementary coat made of a bend metal sheet.

The advantages of this method are a low back pressure a reladivghje design. The
inconvenient of this method is a low sound damping compared to the other techniqued)yespecia
at low frequency.

The mufflers using the absorption technique are usually sports eé@chuse they increase the
performances of the engine because of their bmgk pressure A trick to improve there
muffling ability consist of lining up several "straight” mufflers.
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The reflector muffler

Principle: Sound wave reflection is used to create a maximum amufurdestructive
interferences

Pressure amplitude
Sy
-

Time

| Al A2 mﬂﬁe]

Definition of destructive interferences

Let's consider the noise a person would hear when a car drives pastodid would physically

correspond to the pressure variation of the air which would make his ear-dmate virhe curve

Al of the graph 1 could represent this sound. The pressure amplitutieigian of the time at

a certain fixed place. If another sound wave A2 is produced at treetsam the pressure of the
two waves will add. If the amplitude of Al is exactly the oppasitihe amplitude A2, then the
sum will be zero, which corresponds physically to the atmospherssyme. The listener would
thus hear nothing although there are two radiating sound sources.cARets the destructive

interference.

incident

transmitted
—_—

(a) ()

Definition of the reflection

The sound is a traveling wave i.e. its position changes in functidmedirhe. As long as the
wave travels in the same medium, there is no change of speed anigenpVhen the wave
reaches a frontier between two mediums which have differentdampes, the speed, and the
pressure amplitude change (and so does the angle if the waveotlpespagate perpendicularly
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to the frontier). The figure 1 shows two medium A and B and thev@svancident transmitted
and reflected.

Example

If plan sound waves are propagating across a tube and the sectioriulifettlnanges at a point
X, the impedance of the tube will change. A part of the incident walMeso be transmitted in
the part of the tube with the new section value and the other pim afcident waves will be
reflected.

Animation http://en.wikibooks.org/wiki/Engineering_Acoustics/Car_Mufflers:Aniroati

The muffler using the reflection technique are the most commosly nscause they damp the
noise much better than the absorber muffler. There have neverthelegherback pressure
which lower the performances of the engine. The actual bestom@ake the best power of the
engine would simply be not to use any muffler.

The upper right image represents a Car Muffler typical achite. It is composed of 3 tubes.
There are 3 areas separated by plates, the part of the tubésdlac the middle area are
perforated. Small quantity of pressure "escapes” from the thipesgh the perforation and
cancel one another.

Some muffler using the reflection pricipe also incorporate soavdi€s which dampen the
noise. These cavities are called in accoutiedmotz ResonatorsThis feature is usually only
available for up market class mufflers.
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Back pressure

Car engines are 4 stroke cycle engines. Out of these 4 stookg®ne produces the power, this
is when the explosion occurs and pushes the pistons back. The other 3ateakesessary evil
that don't produce energy. They on the contrary consume energy. Eheieghaust stroke, the
remaining gas from the explosion is expelled from the cylinder.higiiger the pressure behind
the exhaust valves (i.e. back pressure), and the higher effedsagyg to expel the gas out of the
cylinder. So, a low back pressure is preferable in order to have a higher engapoivers

Muffler Modeling by Transfer Matrix Method

This method is easy to use on computer to obtain theoretical valuég fisansmission loss of a
muffler. The transmission loss gives a value in dB that correspathe @bility of the muffler to
dampen the noise.

Example

Input atput

F P4

u m) =
Fahawsl ga=s
Exhaust gas Expelled in the
P almosphers

- [T2]

GG

froun the motor

P stands for Pressure [Pa] and U stand for volume velocity [m3/s]

ARl | e B e

-
I
I

Pl] [T1] [T2] [T3] lfﬂ

So, finaly: [
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with
cos(kL;) jsin(kLﬂ%
[Ti] _ jsin(kL;)&  cos(kL;)

Si stands for the cross section area

k is theangular velocity

Fis the medium density

c is the speed of sound of the medium

Results

Transmission Loss

dB
=]

0 20 400 600 600 1000 1200 1400 1600 1600
Frequency | Hz |

Matlab code of the

http://upload.wikimedia.org/wikibooks/en/6/69/Matlab_code.jpg

Comments

graph above.

The higher the value of the transmission loss and the better the muffler.

The transmission loss depends on the frequency. The sound frequency feagice is
approximately between 50 and 3000Hz. At resonance frequencies, the $saosrass is zero.

These frequencies correspond to the lower peaks on the graph.

The transmission loss is independent of the applied pressure or velocity at the input.
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The temperature (about 600 Fahrenheit) has an impact on the aitipopére speed of sound
is higher and the mass density is lower.

The elementary transfer matrice depends on the element whinbdslled. For instance the
1 U] wLl; ¢
s Z = jp(o — —)

L1 with Si WV

transfer matrice of a Helmotz Resonatc [f

The transmission loss and the insertion loss are different t€hadransmission loss is 10 times
the logarithm of the ratio output/input. The insertion loss is 10 tthetogarithm of the ratio of
the radiated sound power with and without muffler.

Links

More information about the Transfer Matrice Method :
www.scielo.br/pdf/josmse/v27n2/25381.pdf

General information about filterEilter Design & Implementation

General information about car muffletdtp://auto.howstuffworks.com/muffler.htm

Example of car exhaust manufacturer
http://www.performancepeddler.com/manufacturer.asp? CatName=Magnaflow
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Noise from cooling fans

Proposal

As electric/electronic devices get smaller and functional,ntiise of cooling device becomes
important. My page will explain the origins of noise generation fesnall axial cooling fans
used in electronic goods like desktop/laptop computers. The source of fas nocludes
aerodynamic noise as well as operating sound of the fan e&dfpage will be focused on the
aerodynamic noise generation mechanisms.

Introduction

If one opens his desktop computer, he may find three (or more) fanstaiaston the heat sink
of the CPU, in the back panel of the power supply unit, on the cas&tienthole, and maybe
on the graphic card, plus on the motherboard chipset if it is veeptrene. The noise from a
computer that annoys people is mostly due to cooling fans if tltedrawe(s) is fairly quiet.
When Intel Pentium processors first introduced, there was no needet@lan on CPU at all,
but CPUs of these days cannot function even for several seconds waitbooiing fan, and still
require more and more amount of blow, which causes more and more noidgpd it fans
used in a desktop computer is most likely axial fans, and centriflmaers are used in laptop
computers. Several fan types are shown here (pdf format)
http://www.etrinet.com/tech/pdf/aerodynamics.pdf.  Different fan dypdiave different
characteristics of noise generation and performance. Theflaxiafan is mainly considered in
this page.

Noise Generation Mechanisms

The figure below shows a typical noise spectrum of a m2® diameter electronic device
cooling fan. One microphone is used at the poimt far from the upstream side of the fan. The
fan has 7 blades, 4 struts for motor mounting and operates at 13VinGentaunt of load is
applied. The blue plot is background noise of anechoic chamber, and theogeeés sound
loudness spectrum when the fan is running.
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(*BPF = Blade Passing Frequency) Each noise elements shohis figtire is caused by one or
more of following generation mechanisms.

Blade Thickness Noise - Monopole (But very weak)

Blade thickness noise is generated by volume displacement of fandl&des has its thickness
and volume. As the rotor rotates, the volume of each blade displackvdlume, then they
consequently fluctuate pressure of near field, and noise is genérhigedoise is tonal at the
running frequency and generally very weak for cooling fans, bectngsr RPM is relatively
low. Therefore, thickness of fan blades hardly affects to electronic coalingpise.

(This kind of noise can become severe for high speed turbomachines like helicopsey roto
Tonal Noise by Aerodynamic Forces - Dipole
Uniform Inlet Flow (Negligible)

The sound generation due to uniform and steady aerodynamic force hassinelyr
characteristic as the blade thickness noise. It is very weak fopleeddans, and depends on fan
RPM. Since at least of ideal steady blade forces are sagdor a fan to do its duty, even in an
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ideal condition, this kind of noise is impossible to be avoided. It is knowrhisanoise can be
reduced by increasing the number of blades.

Non-uniform Inlet Flow

Non-uniform (still steady) inlet flow causes non-uniform aerodyndorces on blades as their
angular positions change. This generates noise at blade p@sgiumgncy and its harmonics. It is
one of the major noise sources of electronic cooling fans.

Rotor-Casing interaction

If the fan blades are very close to a structure which is mob&tric, unsteady interaction forces
to blades are generated. Then the fan experiences a similargwomdition as lying in non-
uniform flow field.

Impulsive Noise (Negligible)

This noise is caused by the interaction between a blade andtipladetex of the preceding
blade, and not severe for cooling fans.

Rotating Stall
Click hereto read the definition and an aerodynamic descriptictadi

The noise due to stall is a complex phenomenon that occurs at lowafiesv For some reason,
if flow is locally disturbed, it can cause stall on one of the [dade a result, the upstream
passage on this blade is partially blocked. Therefore, the meansfldiwerted away from this
passage. This causes increasing of the angle of attack doghstdlade at the upstream side of
the originally stalled blade, the flow is again stalled thereti@nother hand, the other side of
the first blade is un-stalled because of reduction of flow angle.

Stall being started

upstream
=tall
(being ended)
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repeatedly, the stall cell turns around the blades at about 30~50f% mfnning frequency, and
the direction is opposite to the blades. This series of phenomenon uassEmly blade forces,
and consequently generates noise and vibrations.

Non-uniform Rotor Geometry

Asymmetry of rotor causes noise at the rotating frequencytarthimonics (not blade passing
frequency obviously), even when the inlet flow is uniform and steady.

Unsteady Flow Field

Unsteady flow causes random forces on the blades. It spreadschetedspectrum noises and
makes them continuous. In case of low-frequency variation, the sgreadénuous spectral
noise is around rotating frequency, and narrowband noise is generatedodfastsc velocity
fluctuations of inlet flow generates broadband noise spectrum. Theagenesf random noise
components is covered by the following sections.

Random Noise by Unsteady Aerodynamic Forces

Turbulent Boundary Layer

Even in the stady and uniform inlet flow, there exist random fdumulations on the blades.
That is from turbulent blade boundary layer. Some noise is generatdfligoreason, but
dominant noise is produced by the boundary layer passing the bldoey tegige. The blade
trailing edges scatter the non-propagating near-field pressure into a patybagatind field.

Incident Turbulent

Velocity fluctuations of the intake flow with a stochastic timstory generate random forces on
blades, and a broadband spectrum noise.

Vortex Shedding

For some reason, a vortex can separate from a blade. Then the circulatiagpfiod the blade
starts to be changed. This causes non-uniform forces on blades, and noisesc# elessiple

for this phenomenon i&arman vortex street'
http://www.galleryoffluidmechanics.com/vortex/karman.htsarfie images and animations
http://www?2.icfd.co.jp/menul/karmanvortex/karman.html.) Vortex shedding mechaarsm c
occur in a laminar boundary layer of low speed fan and also in a turbulent boundary tagér of
frequency fan.

Flow Separation

Flow separation causes stall explained above. This phenomenon canacaigse noise, which
spreads all the discrete spectrum noises, and turns the noise into broadband.

Tip Vortex

Since cooling fans are ducted axial flow machines, the annularedjaygedn the blade tips and
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the casing is important parameter for noise generation. \biigdirrg, there is another flow
through the annular gap due to pressure difference between upstréatovenstream of fan.
Because of this flow, tip vortex is generated through the gap, aadlmand noise increases as
the annular gap gets bigger.

Installation Effects

Once a fan is installed, even though the fan is well designed tmeadlys unexpected noise
problem can come up. It is called as installation effects, andypves are applicable to cooling
fans.

Effect of Inlet Flow Conditions

A structure that affects the inlet flow of a fan causes liasitan effects. For example Hoppe &
Neise [3] showed that with and without a bellmouth nozzle at theflatege of 508hm fan can
change the noise power bydi® (This application is for much larger and noisier fan though).

Acoustic Loading Effect

This effect is shown on duct system applications. Some high perfoenggiaphic cards apply
duct system for direct exhaustion.

The sound power generated by a fan is not only a function of its imppked and operating
condition, but also depends on the acoustic impedances of the duct systerasted to its inlet
and outlet. Therefore, fan and duct system should be matched not ongrddyr@amic noise
reasons but also because of acoustic considerations.

Closing Comment

Noise reduction of cooling fans has some restrictions:

1. 1. Active noise control is not economically effective. 80mm cooling faasonly 5~10
US dollars. It is only applicable for high-end electronic products.

2. 2. Restricting certain aerodynamic phenomenon for noise reducionacae serious
performance reduction of the fan. Increasing RPM of the fan woufse much more
dominant factor for noise.

Different stories of fan noise are introduced at some of the linked below like active RPM
control or noise comparison of various bearings used in fans.

Links to Interesting Sites about Fan Noise

* Cooling Fan Noise Comparison - Sleeve Bearing vs. Ball Bearing (pdftiorma
http://www.silentpcreview.com/files/ball_vs_sleeve bearing.pdf

* Brief explanation of fan noise origins and noise reduction suggestions

163



http://www.jmcproducts.com/cooling_info/noise.shtmi

Effect of sweep angle comparisbtip://www.ansys.com/industries/tm-fan-noise.htm

Comparisons of noise from various 80mm fattp://www.directron.com/noise.html

Noise reduction of a specific desktop case

http://www.xIr8yourmac.com/G4ZONE/G4_fan_noise.html

Noise reduction of another specific desktop case
http://www.xIr8yourmac.com/systems/quicksilver_noise/quieting_quicksilvesertaiml

Informal study for noise from CPU cooling fattp://www.cpemma.co.uk/ Informal
study for noise from PC case fans

Informal study for noise from PC case fans
http://www.tomshardware.com/2004/06/15/fighting_fan_noise_pollution/index.html

Active fan speed optimizators for minimum noise from desktop computers

Some general fan noise reduction technics
http://www.diracdelta.co.uk/science/source/f/a/fan%20noise/source.html

Various applications and training in - Br?/4el & Kjbttp://www.bkhome.com/

References

[1] Neise, W., and Michel, U., "Aerodynamic Noise of Turbomachines"

[2] Anderson, J., "Fundamentals of Aerodynamics”, 3rd edition, 2001, McGrawHill
[3] Hoppe, G., and Neise, W., "Vergleich verschiedener Gerauschmessnerfahren fu
Ventilatoren. Forschungsbericht FLT 3/1/31/87, Forschungsvereinigung furunaft-
Trocknungstechnik e. V., Frankfurt/Main, Germany

164



Human Vocal Fold
Physiology of Vocal Fold

Human vocal fold is a set of lip-like tissues located insiddahx, and is the source of sound
for a human and many animals.

The Larynx is located at the top of trachea. It is mainly contpoteartilages and muscles, and
the largest cartilage, thyroid, is well known as the "Adam's Apple."”

The organ has two main functions; to act as the last protedioe airway, and to act as a sound
source for voice. This page focuses on the latter function.

Links on PhysiologyDiscover The Larynx
http://sprojects.mmi.mcgill.ca/larynx/notes/n_frames.htm

Voice Production

Although the science behind sound production for a vocal fold is complex, it can be thought of as
similar to a brass player's lips, or a whistle made out afsgiBasically, vocal folds (or lips or a

pair of grass) make a constriction to the airflow, and as thes dorced through the narrow
opening, the vocal folds oscillate. This causes a periodical chartge air pressure, which is
perceived as sound.

Vocal Folds Videdttp://www.entusa.com/normal_larynx.htm

When the airflow is introduced to the vocal folds, it forces openvibevbcal folds which are
nearly closed initially. Due to the stiffness of the folds, tha@l then try to close the opening
again. And now the airflow will try to force the folds open etc... Themtes an oscillation of the
vocal folds, which in turn, as | stated above, creates sound. Howeweristla damped
oscillation, meaning it will eventually achieve an equilibrium positand stop oscillating. So
how are we able to "sustain" sound?

As it will be shown later, the answer seems to be in the ahgrsfiape of vocal folds. In the
opening and the closing stages of the osillation, the vocal folds ditleeent shapes. This
affects the pressure in the opening, and creates the extrarpraseded to push the vocal folds
open and sustain oscillation. This part is explained in more detail in the "Mod&bhsect

This flow-induced oscillation, as with many fluid mechanics probjesisot an easy problem to
model. Numorous attempts to model the oscillation of vocal folds havenhage, ranging from
a single mass-spring-damper system to finite element modelssipage | would like to use my
single-mass model to explain the basic physics behind the oscillation of a vocal fold.

Information on vocal fold models:
http://www.ncvs.org/ncvs/tutorials/voiceprod/tutorial/model.html
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Model

Vocal Tract Model Schematics
/- T
Kk é BN Equation of Motion:
My -+ +ky = F(y)

Here F(y) can be either the
pressure force or the collision force

=——¥ y P3

Line of Symmetry

Figure 1: Schematics

The most simple way of simulating the motion of vocal folds iside a single mass-spring-
damper system as shown above. The mass represents one vocal fdid, seabnd vocal fold is
assumed to be symmetry about the axis of symmetry. Position pBeseats a location
immediately past the exit (end of the mass), and position 2 regsete glottis (the region
between the two vocal folds).

The Pressure Force

The major driving force behind the oscillation of vocal folds is thlesgure in the glottis. The
Bernoulli's equation from fluid mechanics states that:

Note that the pressure and the velocity at position 3 cannot changand@kes the right hand
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side of EQN 2 constant. Observation of EQN 2 reveals that in ardeve oscillating pressure
at 2, we must have oscillation velocity at 2. The flow velocitydemshe glottis can be studied
through the theories of the orifice flow.

The constriction of airflow at the vocal folds is much like an ceifflow with one major

difference: with vocal folds, the orifice profile is continuouslyraffiag. The orifice profile for

the vocal folds can open or close, as well as change the shdpe ajgening. In Figure 1, the

profile is converging, but in another stage of oscillation it takes a diverging.shap

The orifice flow is described by Blevins as:

1 2P = Ps)
rho EQN 3

Where the constant C is the orifice coefficient, governed by the sinape opening size of the
orifice. This number is determined experimentally, and it charngeadghout the different stages
of oscillation.

Solving equations 2 and 3, the pressure force throughout the glottal region can be determined.

The Collision Force

As the video of the vocal folds shows, vocal fods can completely closeg digcillation. When
this happens, the Bernoulli equation fails. Instead, the collision figcemes the dominating
force. For this analysis, Hertz collision model was applied.

Fu = kadelta®’ 41 +bydelta’) -----EQN 4
where

41 E
31— ph

kx Ya

Here delta is the penetration distance of the vocal fold past the line of symmet

Simulation of the Model

The pressure and the collision forces were inserted into the eqoétioation, and the result
was simulated.
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Figure 2: Area Qpening and
Vol unetric Flow Rate
Figure 2 shows that an oscillating volumetric flow rate wdsieaed by passing a constant
airflow through the vocal folds. When simulating the oscillation,asiound that the collision
force limits the amplitude of oscillation rather than drive thallasion. Which tells us that the
pressure force is what allows the sustained oscillation to occur.

The Acoustic Output

This model showed that the changing profile of glottal openingesaais oscillating volumetric

flow rate through the vocal folds. This will in turn cause an laditig pressure past the vocal
folds. This method of producing sound is unusual, because in most other mesmsnof

production, air is compressed periodically by a solid such as a speaker cone.

Past the vocal folds, the produced sound enters the vocal tract. Basisais the cavity in the
mouth as well as the nasal cavity. These cavities act astiaciiters, modifying the character
of the sound. These are the characters that define the unique voice each person produces.
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Related Links

FEA Modelhttp://biorobotics.harvard.edu/pubs/gunter-jasa-pub.pdf
Two Mass Modehttp://www.mat.unb.br/~lucero/JSVO05.pdf
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Microphone Design and Operation

Introduction

Microphones are devices which convert pressure fluctuations intsiedédignals. There are
two main methods of accomplishing this task that are used in thestneam entertainment
industry. They are known as dynamic microphones and condenser micropheaesgleeiric
crystals can also be used as microphones but are not commonly ugesl enteértainment
industry. For further information on piezoelectric transducers : see
http://en.wikibooks.org/wiki/Acoustic:Piezoelectric_Transducers Dynanicrophones.

This type of microphone coverts pressure fluctuations into elacturrent. These microphones
work by means of the principal known as Faraday?tm)s Law. Theipei states that when an
electrical conductor is moved through a magnetic field, an eleatucant is induced within the

conductor. The magnetic field within the microphone is created ymnganent magnets and
the conductor is produced in two common arrangements.

Diaphragm

Magnets

Microphone Output Leads
Figure 1: Sectional View of Moving-Coil Dynamic Microphone

The first conductor arrangement is made of a coil of wire. Tine & typically copper and is
attached to a circular membrane or piston usually made fromvegitit plastic or occasionally
aluminum. The impinging pressure fluctuation on the piston causesnibve in the magnetic
field and thus creates the desired electrical current. Figuypeovides a sectional view of a
moving-coil microphone.
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Microphone Output Leads

o

Figure 2: Dynamic Ribbon Microphone

The second conductor arrangement is a ribbon of metallic foil suspended betweers nTdgnet
metallic ribbon is what moves in response to a pressure fluctuation and in the same amanne
electrical current is produced. Figure 2 provides a sectional view of a ribbaphooe. In both
configurations, dynamic microphones follow the same principals as acotisticaducers. For
further information about transducers go to:
http://en.wikibooks.org/wiki/Acoustic:Acoustic_Transducers_- The_ Loudspeaker

Condenser Microphones

This type of microphone converts pressure fluctuations into @akcpotentials through the use
of changing an electrical capacitor. This is why condenderophones are also known as
capacitor microphones. An electrical capacitor is created wiichiarged electrical conductors
are placed at a finite distance from each other. The basic relation tt@bekesapacitors is:

Q=C*V

where Q is the electrical charge of the capacitor?tomsuctors, C is the capacitance, and V is
the electric potential between the capacitor?tm)s conductotbe lelectrical charge of the
conductors is held at a constant value, then the voltage between the cenadilctor inversely
proportional to the capacitance. Also, the capacitance is invgrsghprtional to the distance
between the conductors. Condenser microphones utilize these two concepts.
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Figure 3: Sectional View of Condenser Microphone

The capacitor in a condenser microphone is made of two pargiaff@agm and the backplate.
Figure 3 shows a section view of a condenser microphone. The diapisragat moves due to
impinging pressure fluctuations and the backplate is held in @rsdagi position. When the
diaphragm moves closer to the backplate, the capacitance incesaséserefore a change in
electric potential is produced. The diaphragm is typically mad@etéllic coated Mylar. The
assembly that houses both the backplate and the diaphragm is commonly refereeddpsase.

To keep the diaphragm and backplate at a constant charge, anc gheténmtial must be
presented to the capsule. There are various ways of perforimsngpieration. The first of which

is by simply using a battery to supply the needed DC potetatithe capsule. A simplified
schematic of this technique is displayed in figure 4. The resistoss the leads of the capsule is
very high, in the range of 10 mega ohms, to keep the charge on the capsule close to constant.

Diaphragm Backplate

\fi”

Pressure
Disturbance
Signal Amplifier
- %
) Microphone
(! Resistor ,..--'> Output Signal

G
Nk
Potential Source
Figure 4: Internal Battery Powered Condenser Microphone

Another technique of providing a constant charge on the capacitor igopdy sa DC electric
potential through the microphone cable that carries the microphones sigpat. Standard
microphone cable is known as XLR cable and is terminated by thmeeopnectors. Pin one
connects to the shield around the cable. The microphone signalsmitted between pins two
and three. Figure 5 displays the layout of dynamic microphone ettdoha mixing console via
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XLR cable.

Mixing Console

Microphone

XLR Cable

'\ =

Cable Shield

Figure 5: Dynamic Microphone Connection to Mixing Console via XLR Cable

The first and most popular method of providing a DC potential througicraphone cable is to
supply +48 V to both of the microphone output leads, pins 2 and 3, and use theokhheld
cable, pin 1, as the ground to the circuit. Because pins 2 and 3 seanthe@ntial, any
fluctuation of the microphone powering potential will not affecttierophone signal seen by
the attached audio equipment. This configuration can be seen in figuree 6:48 V will be
stepped down at the microphone using a transformer and provide the pdtetiialbackplate
and diaphragm in a similar fashion as the battery solution.

48 Volt Phantom Powering: 12 Volt T-Powering:

Ta Micraphone

To Microphone

- <
Microphone 180 0 Microphone
S1gnﬁal to Mixer 9 s Signal to Mixer

O

6800 1

180 it
12V

Figure 6: Condenser Microphone Powering Techniques

The second method of running the potential through the cable is to supyglpdiveen pins 2

and 3. This method is referred to as T-powering. The main problemTwathwering is that

potential fluctuation in the powering of the capsule will be trattsthiinto an audio signal
because the audio equipment analyzing the microphone signal will not seeemdédfbetween a
potential change across pins 2 and 3 due to a pressure fluctuadioona due to the power
source electric potential fluctuation.

Finally, the diaphragm and backplate can be manufactured from aahtitat maintains a fixed
charge. These microphones are termed electrets. In earlyetldesigns, the charge on the
material tended to become unstable over time. Recent advanca@enoesand manufacturing
have allowed this problem to be eliminated in present designs.
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Conclusion

Two branches of microphones exist in the entertainment industryarignmicrophones are
found in the moving-coil and ribbon configurations. The movement of the conductgnamic
microphones induces an electric current which is then transformedh@atoeproduction of
sound. Condenser microphones utilize the properties of capacitors.nGrdegi charge on the
capsule of condenser microphones can be accomplished by battery, phantermgoil-
powering, and by using fixed charge materials in manufacturing.

References
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Microphone Manufacturers Links
http://www.akgusa.com/ AKG
http://www.audio-technica.com/cms/site/c35da94027e94819/index.html Audio Technica

http://www.audixusa.com/ Audix

http://www.bkhome.com/bk_home.asp Bruel & Kjaer
http://www.neumannusa.com/mat_dev/FLift/open.asp Neumann
http://www.rode.com.au/ Rode

http://www.shure.com/ Shure
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Piezoelectric Transducers
Introduction

Piezoelectricity from the greek word "piezo" means pressurerieley. Certain crystalline
substances generate electric charges under mechanica atrésconversely experience a
mechanical strain in the presence of an electric field. Tlkeoplectric effect describes a
situation where the transducing material senses input mechasications and produces a
charge at the frequency of the vibration. An AC voltage causes ¢zegbectric material to
vibrate in an oscillatory fashion at the same frequency as the input current.

Quartz is the best known single crystal material with piezt@te properties. Strong
piezoelectric effects can be induced in materials with an ZyB®@rovskite crystalline structure.
‘A’ denotes a large divalent metal ion such as lead and 'B'edeacmaller tetravalent ion such
as titanium or zirconium.

For any crystal to exhibit the piezoelectric effect, itactire must have no center of symmetry.
Either a tensile or compressive stress applied to the cajsted the separation between positive
and negative charge sights in the cell causing a net polanzatithe surface of the crystal. The
polarization varies directly with the applied stress and is tibredependent so that compressive
and tensile stresses will result in electric fields of opposite voltages.

Vibrations & Displacements

Piezoelectric ceramics have non-centrosymmetric unit celtsvbthe Curie temperature and
centrosymmetric unit cells above the Curie temperature. Non-cgminostric structures provide
a net electric dipole moment. The dipoles are randomly orientedausiibng DC electric field

is applied causing permanent polarization and thus piezoelectric properties.

A polarized ceramic may be subjected to stress causingybialdattice to distort changing the
total dipole moment of the ceramic. The change in dipole moment due to adagipdss causes
a net electric field which varies linearly with stress.

Dynamic Performance

The dynamic performance of a piezoelectric materialeglad how it behaves under alternating
stresses near the mechanical resonance. The parallel caorbwfa€2 with L1, C1, and R1 in
the equivalent circuit below control the transducers reactance which is a fundtieguancy.
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Equivalent Electric Circuit

Ly <, By
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Frequency Response

The graph below shows the impedance of a piezoelectric transduaduaction of frequency.
The minimum value at fn corresponds to the resonance while the maxiralua at fm
corresponds to anti-resonance.

F

z

-

n Frequency

Resonant Devices

Non resonant devices may be modeled by a capacitor represémtingapacitance of the
piezoelectric with an impedance modeling the mechanically wngratystem as a shunt in the
circuit. The impedance may be modeled as a capacitor in theesomant case which allows the
circuit to reduce to a single capacitor replacing the parallel comtimnati

For resonant devices the impedance becomes a resistancé&aragtatitance at resonance. This
is an undesirable effect. In mechanically driven systems fifesteacts as a load on the
transducer and decreases the electrical output. In electdcaign systems this effect shunts the
driver requiring a larger input current. The adverse effect oétditec capacitance experienced at
resonant operation may be counteracted by using a shunt or seridsrimdsonating with the
static capacitance at the operating frequency.
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Applications

Mechanical Measurement

Because of the dielectric leakage current of piezoetsctiney are poorly suited for applications
where force or pressure have a slow rate of change. They areydrowery well suited for
highly dynamic measurements that might be needed in blast gauges aneaceles.

Ultrasonic

High intensity ultrasound applications utilize half wavelength ttacsrs with resonant
frequencies between 18 kHz and 45 kHz. Large blocks of transduceran&eneeded to
generate high intensities which is makes manufacturing diffiadlisseconomically impractical.
Also, since half wavelength transducers have the highest strgdisuale in the center the end
sections act as inert masses. The end sections are ofteredepifit metal plates possessing a
much higher mechanical quality factor giving the composite traesda higher mechanical
quality factor than a single-piece transducer.

The overall electro-acoustic efficiency is:

. 21 !
1+550:0; 14 Cuo
5
QM = unl oaded nechani cal quality factor
QE = electric quality factor
Q = quality factor due to the acoustic |oad al one

The second term on the right hand side is the dielectric loss atturthéerm is the mechanical
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loss.

Efficiency is maximized when:

1 QMU

SR o

then:

P =1~ o (g 0500 <1)
Kooy f 27 g

The maximum ultrasonic efficiency is described by:
iTwnm:\\: = %[msul :lim -'Gmwl”lw (Wf(mg :I

Applications of ultrasonic transducers include:

Wl di ng of plactics

At omi zation of |iquids
Utrasonic drilling

U trasoni c cl eaning

U trasound

Non destructive testing
etc.

More Information and Source of Information

MorganElectroCeramidsttp://morganelectroceramics.com
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Microphone Technique

General Technique

1. A microphone should be used whose frequency response will suit the tgqaege of
the voice or instrument being recorded.

2. Vary microphone positions and distances until you achieve the monitmwad that you
desire.

3. In the case of poor room acoustics, place the microphone very cliteeltmdest part of
the instrument being recorded or isolate the instrument.

4. Personal taste is the most important component of microphone techniquievéYha
sounds right to yous right.

Working Distance
Close Miking

When miking at a distance of 1 inch to about 3 feet from the sound sdusceonsidered close
miking. This technique generally provides a tight, present sound quality and doesctuesjbb
of isolating the signal and excluding other sounds in the acoustic environment.

Leakage

Leakage occurs when the signal is not properly isolated and tmepmine picks up another
nearby instrument. This can make the mixdown process difficdieretare multiple voices on
one track. Use the following methods to prevent leakage:

» Place the microphones closer to the instruments.
* Move the instruments farther apart.
» Put some sort of acoustic barrier between the instruments.
* Use directional microphones.
3to 1 Rule

The 3:1 distance rule is a general rule of thumb for close miKiagprevent phase anomalies
and leakage, the instruments should be placed at least three sifaesaa the distance between
the instrument and the microphone.
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Distant Miking

Distant miking refers to the placement of microphones at andestaf 3 feet or more from the
sound source. This technique allows the full range and balance of tiiueniexst to develop and
it captures the room sound. This tends to add a live, open feeling tedbreled sound, but
careful consideration needs to be given toab®@ustic environment

Accent Miking

Accent miking is a technique used for solo passages when mikiegsamble. A soloist needs
to stand out from an ensemble, but placing a microphone to close will sonaturally present

compared the distant miking technique used with the rest of the emsentidrefore, the

microphone should be placed just close enough the soloist that the sagndle mixed

effectively without sounding completely excluded from the ensemble.

Ambient Miking

Ambient miking is placing the microphones at such a distance hkatobom sound is more
prominent than the direct signal. This technique is used to captueneediound or theatural
reverberation of a room or concert hall

Stereo and Surround Technique

Stereo

Stereo miking is simply using two microphones to obtain a stefeondbkt image of the sound.
A simple method is the use of a spaced pair, which is placingdembical microphones several
feet apart and using the difference in time and amplitude &tectbe image. Great care should
be taken in the method as phase anomalies can occur due to #iedslgyg. This risk of phase
anomaly can be reduced by using the X/Y method, where the tevophones are placed with
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the grills as close together as possible without touching. There d@wd angle of 90 to 135
degrees between the mics. This technique uses only amplitude, nototioneate the image, so
the chance of phase discrepancies is unlikely.

soUnd source

sound source

Surround

To take advantage of 5.1 sound or some other surround setup, microphones plepetbeo
capture the surround sound of a room. This technique essentially stamstéreo technique
with the addition of more microphones. Because every acoustic envirorsmdifferent, it is
difficult to define a general rule for surround miking, so placemenbrbes dependent on
experimentation. Careful attention must be paid to the distanceedetwicrophones and
potential phase anomalies.
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Placement for Varying Instruments
Amplifiers

When miking an amplifier, such as for electric guitars, theshauld be placed 2 to 12 inches
from the speaker. Exact placement becomes more criticatlistaace of less than 4 inches. A
brighter sound is achieved when the mic faces directly into tmercef the speaker cone and a
more mellow sound is produced when placed slightly off-center. Blatfrcenter also reduces

amplifier noise.

Brass Instruments

High sound-pressure levels are produced by brass instruments duee taliréctional
characteristics of mid to mid-high frequencies. Therefore, foshns$ruments such as trumpets,
trombones, and tubas, microphones should face slightly off of the bellexr @ a distance of
one foot or more to prevent overloading from windblasts.

Guitars

Technique for acoustic guitars is dependent on the desired soundgRlaninrophone close to
the sound hole will achieve the highest output possible, but the sound niettd®-heavy
because of how the sound hole resonates at low frequencies. Placing the mycasfiglethter at
6 to 12 inches from the hole will provide a more balanced pickup. Pldenigpic closer to the
bridge with the same working distance will ensure that the rarnige of the instrument is
captured.

Pianos

Ideally, microphones would be placed 4 to 6 feet from the piano to #fleviull range of the
instrument to develop before it is captured. This isn't alwayslpgessiie to room noise, so the
next best option is to place the microphone just inside the open lidapplies to both grand
and upright pianos.

Percussion

One overhead microphone can be used for a drum set, although two areljeefif possible,
each component of the drum set should be miked individually at a distahde @finches as if
they were their own instrument. This also applies to other druntsas congas and bongos. For
large, tuned instruments such as xylophones, multiple mics can be sidexgaas they are
spaced according to the 3:1 rule.

Voice

Standard technique is to put the microphone directly in front of theisteahouth, although
placing slightly off-center can alleviate harsh consonant sound$ (@s "p") and prevent
overloading due to excessive dynamic range.
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Woodwinds

A general rule for woodwinds is to place the microphone around the noifitle instrument at
a distance of 6 inches to 2 feet. The microphone should be tiltédlysligwards the bell or
sound hole, but not directly in front of it.

Sound Propagation

It is important to understand how sound propagates due to the nature @fukcaenvironment
so that microphone technique can be adjusted accordingly. There atem$iciways that this
OCCUrs:

Reflection

Sound waves are reflected by surfaces if the object isges #& the wavelength of the sound. It
is the cause of echo (simple delay), reverberation (manytiefie cause the sound to continue
after the source has stopped), and standing waves (the distaweerbéivo parallel walls is
such that the original and reflected waves in phase reinforce one another).

Absorption

Sound waves are absorbed by materials rather than reflectsdcarhihave both positive and
negative effects depending on whether you desire to reduce reverberation orlretesoand.

Diffraction

Objects that may be between sound sources and microphones must be edndigerto
diffraction. Sound will be stopped by obstacles that are largerittavavelength. Therefore,
higher frequencies will be blocked more easily that lower frequencies.

Refraction

Sound waves bend as they pass through mediums with varying density.owiemperature
changes can cause sound to seem like it is literally moving in a differerniatird@an expected.

Sources

* Huber, Dave Miles, and Robert E. RunsteModern Recording Techniques. Sixth
Edition. Burlington: Elsevier, Inc., 2005.

* Shure, Inc. (2003)Shure Product Literature. Retrieved November 28, 2005, from
http://www.shure.com/scripts/literature/literature.aspx
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Sealed Box Subwoofer Design

Introduction

A sealed or closed box baffle is the most basic but often theedeaounding subwoofer box
design. The subwoofer box in its most simple form, serves to isolate the baclspééker from
the front, much like the theoretical infinite baffle. The sealed roxides simple construction
and controlled response for most subwoofer applications. The slow low é&off fmiovides a
clean transition into the extreme frequency range. Unlike portedshtixe cone excursion is
reduced below the resonant frequency of the box and driver due to thieshifitess provided
by the sealed box baffle.

Closed baffle boxes are typically constructed of a very mgaderial such as MDF (medium
density fiber board) or plywood .75 to 1 inch thick. Depending on the sizeeobox and
material used, internal bracing may be necessary to maintain a rigid bigid Bax is important
to design in order to prevent unwanted box resonance.

As with any acoustics application, the box must be matched to thepé&alds driver for
maximum performance. The following will outline the procedure to theebbx or maximize
the output of the subwoofer box and driver combination.

Closed Baffle Circuit

The sealed box encloser for subwoofers can be modeled as a lurapeshtebystem if the
dimensions of the box are significantly shorter than the shortestleveyth reproduced by the
subwoofer. Most subwoofer applications are crossed over around 80 to 1001B@.Hz wave
in air has a wavelength of about 11 feet. Subwoofers typically dlbdemensions much shorter
than this wavelength, thus the lumped element system analysisusate. Using this analysis,
the following circuit represents a subwoofer enclosure system.

) R. M C.. R Ras

=
()

2

Ra;

where all of the following parameters are in the mechanical mobility analog

Ve - voltage supply
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Re - electrical resistance

Mn, - driver mass

Cn - driver compliance

Rm - resistance

Rar - rear cone radiation resistance into the air

Xas - front cone radiation reactance into the air

Rg: - rear cone radiation resistance into the box

Xg: - rear cone radiation reactance into the box

Driver Parameters

In order to tune a sealed box to a driver, the driver parametetsbe&usiown. Some of the
parameters are provided by the manufacturer, some are found expelyneand some are
found from general tables. For ease of calculations, all paegasnetll be represented in the SI
units meter/kilogram/second. The parameters that must be known tmidetehe size of the
box are as follows:

fo - driver free-air resonance

Cwus - mechanical compliance of the driver
Sp - effective area of the driver
Resonance of the Driver

The resonance of the driver is either provided by the manufacturemust be found
experimentally. It is a good idea to measure the resonancerimgeeen if it is provided by the
manufacturer to account for inconsistent manufacturing processes.

The following diagram shows the setup for finding resonance:
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V1

Variable \ AN |
Frequency Output Impedance V2
Source |

Loudspeaker

Where voltage V1 is held constant and the variable frequency souw@ged until V2 is a
maximum. The frequency where V2 is a maximum is the resonance frequency favehe d

Mechanical Compliance

By definition compliance is the inverse of stiffness or whabimmonly referred to as the spring
constant. The compliance of a driver can be found by measuring flacdiment of the cone
when known masses are place on the cone when the driver is facinigeuporfpliance would
then be the displacement of the cone in meters divided by the added weight in newtons.

Effective Area of the Driver

The physical diameter of the driver does not lead to the eféeatea of the driver. The effective
diameter can be found using the following diagram:
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Effective Area of a Commercial Driver
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From this diameter, the area is found from the basic area of a circleoequati

Acoustic Compliance

From the known mechanical compliance of the cone, the acoustic coogptian be found from
the following equation:

Cas = CusSp®

From the driver acoustic compliance, the box acoustic compliancaiigl f This is where the
final application of the subwoofer is considered. The acoustic camspliaf the box will
determine the percent shift upwards of the resonant frequenciarjeashift is desire for high
SPL applications, then a large ratio of driver to box acoustic cangdiwould be required. If a
more flattened response is desire for high fidelity applicatitwes, a lower ratio of driver to box
acoustic compliance would be required. Specifically, the ratiosbeafound in the following
figure using line (b) as reference.

Cas = Cag™r

r - driver to box acoustic compliance ratio
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Driver to Box Compliance Ratio
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Sealed Box Design

Volume of Box

The volume of the sealed box can now be found from the box acoustic comaplieme
following equation is used to calculate the box volume

V= Cag&gamma
Box Dimensions

Fom the calculated box volume, the dimensions of the box can then be deSigee is no set
formula for finding the dimensions of the box, but there are genedlmes to be followed. If
the driver was mounted in the center of a square face, the wenegted by the cone would
reach the edges of the box at the same time, thus when combined would creatg @ifétacted
wave in the listening space. In order to best prevent this, ther dtiould be either be mounted
offset of a square face, or the face should be rectangular.

The face of the box which the driver is set in should not be a square.
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Acoustic Guitars

| plan to discuss the workings of an acoustic guitar, and how the tilicsve have studied
apply. This will largely be vibrations of strings and vibrations of cavities.

Introduction

The acoustic guitar is one of the most well known musical instriean@ithough precise dates
are not known, the acoustic guitar is generally thought to have oddisaimetime during the
Renaissance in the form of a lute, a smaller fretless fomvhat is known today. After evolving
over the course of about 500 years, the guitar today consists wof mdmr components: the
strings and neck, the bridge, soundboard, head, and internal cavity.

Strings, Neck, and Head

The strings are what actually create vibration on the guitaa §&andard acoustic, there are six
strings, each with a different constant linear density. Strings amg éhe length of the neck, and

are wound around adjustable tuning pegs located on the head. Thes@éagsimgn be turned to

adjust the tension in the string. This allows a modification ofathee speed, governed by the
equation

=T/ p

where c is the wave speed [m/s] as a function of tension [Ngnd rho is is the linear density
[kg/m~3]. The string is assumed to fixed at the head (x=0) and mass loaded at thé¢xtidlge

To determine the vibrating frequency of an open string, a geharalonic solution (GHS) is
assumedy(x,t) = Aexp(j(wt ? kx)) + Bexp(j(wt ? kx))

To solve for coefficients A and B, boundary conditions at x=0 and xeleaaluated. At x=0,
string velocity (dy/dx) must be zero at all times becauseé ¢hd is assumed to be fixed.
Applying this knowledge to the GHS produces

y(x.t) = ? 3Asin(kx) * exp(jwt)

Alternatively, at the bridge (a.k.a the mass load at x=L), tlagbrand soundboard (along with
any other piece that may vibrate) is assumed to be a lumpedrglef mass m. The overall goal
with this boundary condition is to determine the velocity of the nfassn Newton's second law
(F=ma), the only force involved is the tension force in the stilihg. y-component of this force
divided by mass m equals the acceleration. Knowing that aatielerequals velocity times jw
(a=jwu),

Image:H:\pu.data\Desktop\string tension.bmp

ulLt) =?T/(*w*m)*(dy/dx)
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evaluated at x=L. Combining the two boundary equations and simplifyifigalaequation can
be obtained

cot(kL) = (m/ ms)kL

where k is the wavenumber (w/c), L is the string length, m is the lumpedofthgsguitar body,
ms is the total mass of the string (linear density timegthg, w is the frequency, and c is the
wave speed. If the ratio of m/ms is large (which in a gaitzaSe, it is), these frequencies are
designated by kL=n*pi. Simplified, the fundamental frequency can be given by

f=sgrt(T/rho) / 2L

Therefore to adjust the resonance frequency of the string, eitiamge the tension (turn the
tuning knob), change the linear density (play a different strimggdjust the length (use the
fretboard).

To determine the location of the frets, musical notes must be coedhidie the musical world, it
is common practice to use a tempered scale. In this scalenateAs set at 440 Hz. To get the
next note in the scale, multiply that frequency by the 12th root(apgroximately 1.059), and
an A-sharp will be produced. Multiply by the same factor for & note, and so on. With this
in mind, to increase f by a factor of 1.059, a corresponding factor shoalpptied to L. That
factor is 1/17.817, with L in inches. For example, consider an openngy,stibrating at 440 Hz.
For a 26 inch string, the position of the first fret is (26/17.817=1.4&%es from the head. The
second fret will be ((26-1.459)/17.817) inches from the first, and so on.

Bridge

The bridge is the connection point between the strings and the soundiimandbration of the
string moves the assumed mass load of the bridge, which vibratesuhdboard, described
next.

Soundboard

The soundboard increases the surface area of vibration, increasing the initgtyrdethe note,
and is assisted by the internal cavity.

Internal Cavity

The internal cavity acts as a Helmholtz resonator, and helpaphbfyathe sound. As the sound
board vibrates, the sound wave is able to resonate inside.
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Basic Room Acoustic Treatments
Room Acoustic Treatments for "Dummies"

Introduction

Many people use one or two rooms in their living space as titeatrooms where theater or
music room activities commence. It is a common misconseption that addingrspgeake room
will enhance the quality of the room acoustics. There are sifmgle things that can be done to
increase the acoustics of the room to produce sound that is sinitaeater” sound. This site
will take you through some simple background knowledge on acoustich@mexplain some
solutions that will help improve sound quality in a room.

Room Sound Combinations

The sound you hear in a room is a combination of direct sound and indwect irect sound
will come directly from your speakers while the other sound you isaaflected off of various
objects in the room.

The Direct sound is comming right out of the TV to the listenegoascan see with the heavy
black arrow. All of the other sound is reflected off surfaces before they readcsi¢her.

Good and Bad Reflected Sound

Have you ever listened to speakers outside? You might have noticatiglstund is thin and
dull. This occurs because when sound is reflected, it is fuller andrlthateit would if it were

in an open space. So when sound is reflected, it can add a fullnessionspass. The bad part
of reflected sound occurs when the reflections amplify some noltéle, @ancelling out others,
making the sound distorted. It can also affect tonal quality andecaea¢cho-like effect. There
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are three types of reflected sound, pure reflection, absorption, andadiffEach relectoin type
is important in creating a "theater" type acoustic room.

|

Reflection: Absarption: Diffusion:
host of zound is Ab=orhing posaer Scatters zound
reflected which is iz determined by depending on
almost as loud as material used desired effect

incoming sound

Reflected Sound

Reflected sound waves, good and bad, effect the sound you hear, wioenestfcom, and the
quality of the sound when it gets to you. The bad news when it conrefldcted sound is
standing wavemore on standing wavekhese waves are created when sound is reflected back
and forth between any two parallel surfaces in your room, cedindyfloor or wall to wall.
Standing waves can distort noises 300Hz and down. These noises inclutievéinemid
frequency and bass ranges. Standing waves tend to collect neealihend in corners of a
room, these collecting standing waves are called room resonance modes.

Finding your room resonance modes

First, specify room dimensions (length, width, and heidhtgn follow this example:
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ToFindthe MainResonance hode

B
2*D

¢ = speed of sound (air = 1130 ft'd)

F = Frequency of Resonance Mode (Hz)

D = Distatice betwreen parallel walls(Ff)

EXAMPLE

Foom (23'*117*8% i! jl

1130
2%33
Ifain Mode=F = 25Hz
We aket Iodes at multiples of Dain MMode
LTINS
Dothisfor eachroom dim ension(]w,

Resonance Mode Fregquencies appearing in more than one

F= = Z5Hz

dimmension will be trouble frequencies.

—Distance, D (23ft)——

25 Hz

Main Resonance Mode

e P

2nd Resonance Mode

3rd Resonance Mode
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Mode Lencth WicRh Height
(231) 11 1) (81

1 25 51 ) 74

.-""H/’d-—.-

2 v W“‘mz) 144

3 oy 212

4 100 204 282

5 150 255 3%

& 200 g;é/

7 250 Y 357

8 300

Feszorance Wode Frequencies appeaning in more than one
dimenson will be trouble frequencies. In this example these
troutle frequencies will be 50, 100, and 355 Hz.

Working with room resonance modes to increase sound quality
1. There are some room dimensions that produce thargest amount of standing waves.

a. Cube
b. Room with 2 out of the three dimensions equal

c. Rooms with dimensions that are multiples of each other

2. Move the chair or sofa away from the walls or amers to reduce standing wave effects

Absorbed

The sound that humans hear is actually a form of acoustic energy. Differenalsatesorb

different amounts of this energy at different frequencies. When consideringacmustics, there
should be a good mix of high frequency absorbing materials and low frequency aipsorbin
materials. A table including information on how different common household absorb sound can
be found on the website:
http://www.crutchfieldadvisor.com/learningcenter/home/speakers_ramrsacs.html?page=2#
materials_table

Diffused Sound

Using devices that diffuse sound is a fairly new way of inangaacoustic performance in a
room. It is a means to create sound that appears to be "live". ddreyeplace echo-like
reflections without absorbing too much sound.

Some ways of determining where diffusive items should be placede viound on
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http://www.crutchfieldadvisor.com/S-
hpU9sw2hgbG/learningcenter/home/speakers_roomacoustics.html?page=4

1.) If you have carpet or drapes already in your room, use diffusiotontrol side wall
reflections.

2.) A bookcase filled with odd-sized books makes an effective diffusor.

3.) Use absorptive material on room surfaces between your listposition and your front
speakers, and treat the back wall with diffusive material to re-distribeiteetiections.

How to Find Overall Trouble Spots In a Room

Every surface in a room does not have to be treated in order to have good room acoustiss. He
a simple method of finding trouble spots in a room.

1.) Grab a friend to hold a mirror along the wall near a certian speaker atrdpeigké

2.) The listener sits in a spot of normal viewing.

3.) The friend then moves slowly toward the listening position (stay along the wall)

4.) Mark each spot on the wall where the listener can see any of the room spetiesrsirror.

5.) Congradulations! These are the trouble spots in the room that nabdaaptive material in
place. Dont forget that diffusive material can also be placed in those positions.

References Sound

http://www.ecoustics.com/Home/Accessories/Acoustic Room TreatAeotstic Room Tre
atment Articles/

http://www.audioholics.com/techtips/roomacoustics/roomacoustictreatiplents

http://www.diynetwork.com/diy/hi family room/article/0,2037.DIY 13912 3471072,00.html

http://www.crutchfieldadvisor.com/S-
hpU9sw2hgbG/learningcenter/home/speakers_roomacoustics.html?page=1
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Boundary Conditions and Wave Properties

Boundary Conditions

The functions representing the solutions to the wave equation previously discussed,

are dependent upon the boundary and initial conditions. If it is assumiedhéhavave is
propogating through a string, the initial conditions are related teghkeific disturbance in the
string at t=0. These specific disturbances are determinémtatyon and type of contact and can
be anything from simple oscillations to violent impulses. The &ffetboundary conditions are
less subtle.

The most simple boundary conditions are the Fixed Support and Free Emactloep the Free
End boundary condition is rarely encountered since it is assumed thate aansverse forces
holding the string (e.g. the string is simply floating).

- For a Fixed Support:

The overall displacement of the waves travelling in the strihdghe support, must be zero.
Denoting x=0 at the support, This requires:

y(0,t) = f(ct —0) + g(ct+0) =0

Therefore, the total transverse displacement at x=0 is zero.
- For a Free Support:

Unlike the Fixed Support boundary condition, the transverse displacméet aifdport does not
need to be zero, but must require the sum of transverse forcex#. ¢hit is assumed that the
angle of displacement is small,

sin(f) = # = (%)

and so,

. dy
Y F,=Tsin(f)=T (5) =0
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But of course, the tension in the string, or T, will not be zero laisdéquires the slope at x=0 to
be zero:

)
i.e. Ox

- O her Boundary Conditions:

There are many other types of boundary conditions that do not tabhumtsimplified categories.
As one would expect though, it isn't difficult to relate the attarsstics of numerous "complex”
systems to the basic boundary conditions. Typical or realistic boundadytions include mass-
loaded, resistance-loaded, damped loaded, and impedance-loaded stngdurtRer
information, see Kinsler, Fundamentals of Acoustics, pp 54-58.

Wave Properties
To begin with, a few definitions of useful variables will be diseas These include; the wave

number, phase speed, and wavelength characteristics of wave travetiughthrstring.

The speed that a wave propagates through a string is givems déthe phase speed, typicaly
in m/s, given by:

— ./
=y T’/pL where PL is the density per unit length of the string.

The wavenumber is used to reduce the transverse displacemenbredoiati simpler form and
for simple harmonic motion, is multiplied by the lateral position. It is given by:

)
¢ ) wherew = 27 f

Lastly, the wavelength is defined as:

- ()-()

and is defined as the distance between two points, usually peaks, of a periodicrwavefor

These "wave properties” are of practical importance whemlasiteg the solution of the wave
equation for a number of different cases. As will be seen Idterwave number is used
extensively to describe wave phenomenon graphically and quantitatively.
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For further informationWave Propertieat
http://scienceworld.wolfram.com/physics/Wavenumber.html

Edited by: Mychal Spencer
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Rotor Stator Interactions

An important issue for the aeronautical industry is the reductionirofati noise. The
characteristics of the turbomachinery noise are to be studiedroldréstator interaction is a
predominant part of the noise emission. We will present an introdudidhete interaction
theory, whose applications are numerous. For example, the conceptioncohditioning

ventilators requires a full understanding of this interaction.

Noise emission of a Rotor-Stator mechanism

A Rotor wake induces on the downstream Stator blades a fluctuategleading, which is
directly linked to the noise emission.

We consider a B blades Rotor (at a rotation speed) @nd a V blades stator, in a unique
Rotor/Stator configuration. The source frequencies are multiplBs)pthat is to saynBc. For
the moment we don't have access to the source |IEyelShe noise frequencies are alsBc,
not depending on the number of blades of the stator. Nevertheless, thHiernMhhas a
predominant role in the noise level®J and directivity, as it will be discussed later.

Example
For an airplane air-conditioning ventilator, reasonable data are :
B = 13 and ¢ = 12000 rnd/min

The blade passing frequency is 2600 Hz, so we only have to include the first two multiples (2600
Hz and 5200 Hz), because of the human ear high-sensbility limit. We have to study the
frequencies m=1 and m=2.

Optimization of the number of blades

As the source levels can't be easily modified, we have todamushe interaction between those
levels and the noise levels.

Fin

The transfer functio,Pm contains the following part :

E=—00 . .
_! 1113—51 m
S e T o (mBM)

E=—i0
Where m is the Mach number adgg » v the Bessel function of mB-sV order. In order to
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minimize the influence of the transfer function, the goal isettuce the value of this Bessel
function. To do so, the argument must be smaller than the order of the Bessel function.

Back to the example::

For m=1, with a Mach number M=0.3, the argument of the Bessel function is about 4. We have
to avoid having mB-sV inferior than 4. If V=10, we have 13-1x10=3, so there will be a noisy
mode. If V=19, the minimum of mB-sV is 6, and the noise emission will be limited.

Remark :

The case that is to be strictly avoided is when mB-sV can be nul, which causes the order of the
Bessel function to be 0. As a consequence, we have to take care having B and V prime numbers.

Determination of source levels

Fin

The minimization of the transfer functi(Pmis a great step in the process of reducing the noise
emission. Nevertheless, to be highly efficient, we also have thicptbe source levels,. This

will lead us to choose to minimize the Bessel functions for the sigsificant values of m. For
example, if the source level for m=1 is very higher than fo2,mve will not consider the Bessel
functions of order 2B-sV. The determination of the source levads/eén by the Sears theory,
which will not be explained here.

Directivity

All this study was made for a privilegiate direction : tikesaf the Rotor/Stator. All the results
are acceptable when the noise reduction is ought to be in thisadirdet the case where the
noise to reduce is perpendicular to the axis, the results are very differénisedigures shown :

For B=13 and V=13, which is the worst case, we see that the souhd legey high on the axis
(for8=0)

Image:1313bis.jpg

For B=13 and V=19, the sound level is very low on the axis but high perpiartiido the axis
(foro=Pi /2

Image:1319bis.jpg
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External references

Prediction of rotor wake-stator interaction noise by P. Sijtssnd J.B.H.M. Schulten
http://www.nlr.nl/documents/publications/2003/2003-124-tp.pdf

201



License

GNU Free Documentation License

Version 1.2, November 2002

Copyright (C 2000, 2001, 2002 Free Software Foundation, |nc.
51 Franklin St, Fifth Floor, Boston, MA 02110-1301 USA
Everyone is permtted to copy and distribute verbatim copies
of this |license docunent, but changing it is not allowed.

0. PREAMBLE

The purpose of this License is to make a manusthoek, or other functional and useful documenééfrin the sense of freedom: to assure
everyone the effective freedom to copy and retbiste it, with or without modifying it, either commugally or noncommercially. Secondarily,
this License preserves for the author and publiahemy to get credit for their work, while not bginonsidered responsible for modifications
made by others.

This License is a kind of "copyleft", which mearsatt derivative works of the document must themsele free in the same sense. It
complements the GNU General Public License, whsch d¢opyleft license designed for free software.

We have designed this License in order to useritrfanuals for free software, because free softwassls free documentation: a free program
should come with manuals providing the same freeditnait the software does. But this License isinutdd to software manuals; it can be used
for any textual work, regardless of subject mattewhether it is published as a printed book. Wememend this License principally for works
whose purpose is instruction or reference.

1. APPLICABILITY AND DEFINITIONS

This License applies to any manual or other wonkany medium, that contains a notice placed bycth@yright holder saying it can be
distributed under the terms of this License. Sudotice grants a world-wide, royalty-free licensalimited in duration, to use that work under
the conditions stated herein. The "Document"”, belmfers to any such manual or work. Any membethef public is a licensee, and is
addressed as "you". You accept the license if ymy,cmodify or distribute the work in a way reqaogipermission under copyright law.

A "Modified Version" of the Document means any wedntaining the Document or a portion of it, eithepied verbatim, or with modifications
and/or translated into another language.

A "Secondary Section" is a named appendix or atfmeatter section of the Document that deals exedlgiwith the relationship of the
publishers or authors of the Document to the Docutmeverall subject (or to related matters) anataios nothing that could fall directly within
that overall subject. (Thus, if the Document ipart a textbook of mathematics, a Secondary Sectiay not explain any mathematics.) The
relationship could be a matter of historical corimecwith the subject or with related matters, btegal, commercial, philosophical, ethical or
political position regarding them.

The "Invariant Sections" are certain SecondaryiSestwhose titles are designated, as being thosevafiant Sections, in the notice that says
that the Document is released under this Liceriseséction does not fit the above definition of@elary then it is not allowed to be designated
as Invariant. The Document may contain zero Invétgections. If the Document does not identify Biwariant Sections then there are none.

The "Cover Texts" are certain short passages oftiet are listed, as Front-Cover Texts or Back«Zokexts, in the notice that says that the
Document is released under this License. A FronteE@ext may be at most 5 words, and a Back-Coeat May be at most 25 words.

A "Transparent" copy of the Document means a maeteadable copy, represented in a format whoséfisadion is available to the general
public, that is suitable for revising the documstraightforwardly with generic text editors or (fionages composed of pixels) generic paint
programs or (for drawings) some widely availablavdng editor, and that is suitable for input tottEarmatters or for automatic translation to a
variety of formats suitable for input to text fortteas. A copy made in an otherwise Transparentffitenat whose markup, or absence of
markup, has been arranged to thwart or discounalggeguent modification by readers is not Transpafenimage format is not Transparent if
used for any substantial amount of text. A copy thaot "Transparent" is called "Opaque".

Examples of suitable formats for Transparent cojieide plain ASCII without markup, Texinfo inpfgrmat, LaTeX input format, SGML or
XML using a publicly available DTD, and standardiftrming simple HTML, PostScript or PDF designedhaman modification. Examples of
transparent image formats include PNG, XCF and JPgaque formats include proprietary formats that ba read and edited only by
proprietary word processors, SGML or XML for whitte DTD and/or processing tools are not generalgjlable, and the machine-generated
HTML, PostScript or PDF produced by some word pssoes for output purposes only.

The "Title Page" means, for a printed book, tHe piage itself, plus such following pages as asglad to hold, legibly, the material this License

requires to appear in the title page. For workfoimats which do not have any title page as suthle"Page" means the text near the most
prominent appearance of the work's title, precettiegoeginning of the body of the text.

202



A section "Entitled XYZ" means a named subunittef Document whose title either is precisely XYZontains XYZ in parentheses following
text that translates XYZ in another language. (H€Y& stands for a specific section name mentionelibws, such as "Acknowledgements",
"Dedications", "Endorsements", or "History".) Tor&Berve the Title" of such a section when you mpothie Document means that it remains a
section "Entitled XYZ" according to this definition

The Document may include Warranty Disclaimers rtexthe notice which states that this License appiethe Document. These Warranty
Disclaimers are considered to be included by refezdn this License, but only as regards disclagmirarranties: any other implication that
these Warranty Disclaimers may have is void anchieaaffect on the meaning of this License.

2. VERBATIM COPYING

You may copy and distribute the Document in any iomad either commercially or noncommercially, praaifithat this License, the copyright
notices, and the license notice saying this Liceagglies to the Document are reproduced in allegpand that you add no other conditions
whatsoever to those of this License. You may nettashnical measures to obstruct or control thdimgeor further copying of the copies you
make or distribute. However, you may accept comgt@ns in exchange for copies. If you distributeasge enough number of copies you must
also follow the conditions in section 3.

You may also lend copies, under the same condistaied above, and you may publicly display copies.
3. COPYING IN QUANTITY

If you publish printed copies (or copies in mediattcommonly have printed covers) of the Documenmbering more than 100, and the
Document's license notice requires Cover Texts, mpost enclose the copies in covers that carryflgleand legibly, all these Cover Texts:
Front-Cover Texts on the front cover, and Back-CoMexts on the back cover. Both covers must alsarl and legibly identify you as the
publisher of these copies. The front cover mussgmethe full title with all words of the title eajly prominent and visible. You may add other
material on the covers in addition. Copying witlaees limited to the covers, as long as they pregée title of the Document and satisfy these
conditions, can be treated as verbatim copyingheraespects.

If the required texts for either cover are too woious to fit legibly, you should put the first anlésted (as many as fit reasonably) on the actual
cover, and continue the rest onto adjacent pages.

If you publish or distribute Opaque copies of thecDment numbering more than 100, you must eithrdude a machine-readable Transparent
copy along with each Opaque copy, or state in ¢h wach Opaque copy a computer-network locatiom fwchich the general network-using
public has access to download using public-standatdork protocols a complete Transparent copyhef@ocument, free of added material. If
you use the latter option, you must take reasongilgent steps, when you begin distribution of @agopies in quantity, to ensure that this
Transparent copy will remain thus accessible atstlaged location until at least one year after Itis¢ time you distribute an Opaque copy
(directly or through your agents or retailers)lwdttedition to the public.

It is requested, but not required, that you cortfaetauthors of the Document well before redistittguany large number of copies, to give them
a chance to provide you with an updated versich@Document.

4. MODIFICATIONS
You may copy and distribute a Modified Version loé tDocument under the conditions of sections 23aallove, provided that you release the
Modified Version under precisely this License, witte Modified Version filling the role of the Docwemt, thus licensing distribution and
modification of the Modified Version to whoever passes a copy of it. In addition, you must do thigisgs in the Modified Version:
A. Use in the Title Page (and on the covers, if antijle distinct from that of the Document, andnfréhose of previous versions (which
should, if there were any, be listed in the Histeegtion of the Document). You may use the sareedtit a previous version if the original
publisher of that version gives permission.
B. List on the Title Page, as authors, one or morsqgues or entities responsible for authorship of iadifications in the Modified
Version, together with at least five of the prirdiguthors of the Document (all of its principathars, if it has fewer than five), unless
they release you from this requirement.
C. State on the Title page the name of the publishére Modified Version, as the publisher.
D. Preserve all the copyright notices of the Document

E. Add an appropriate copyright notice for your magdifions adjacent to the other copyright notices.

F. Include, immediately after the copyright noticadjcense notice giving the public permission te tise Modified Version under the
terms of this License, in the form shown in the Addum below.

G. Preserve in that license notice the full listdmfariant Sections and required Cover Texts givethé Document's license notice.
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H. Include an unaltered copy of this License.

I. Preserve the section Entitled "History", Preséwv@itle, and add to it an item stating at least title, year, new authors, and publisher of
the Modified Version as given on the Title Pageh#re is no section Entitled "History" in the Dament, create one stating the title, year,
authors, and publisher of the Document as giveritofitle Page, then add an item describing the it Version as stated in the
previous sentence.

J. Preserve the network location, if any, given ie Bocument for public access to a Transparent obplye Document, and likewise the
network locations given in the Document for predoersions it was based on. These may be placteitHistory" section. You may
omit a network location for a work that was pubdidhat least four years before the Document itselif the original publisher of the
version it refers to gives permission.

K. For any section Entitled "Acknowledgements" or didations", Preserve the Title of the section, pneserve in the section all the
substance and tone of each of the contributor aletyements and/or dedications given therein.

L. Preserve all the Invariant Sections of the Documamaltered in their text and in their titles. 8@e numbers or the equivalent are not
considered part of the section titles.

M. Delete any section Entitled "Endorsements". Susbciion may not be included in the Modified Vensio
N. Do not retitle any existing section to be Entitt&hdorsements" or to conflict in title with anywhriant Section.
O. Preserve any Warranty Disclaimers.

If the Modified Version includes new front-matterctions or appendices that qualify as Secondaryddecand contain no material copied from
the Document, you may at your option designate somal of these sections as invariant. To do thdd their titles to the list of Invariant
Sections in the Modified Version's license notiEeese titles must be distinct from any other sectiites.

You may add a section Entitled "Endorsements", iV it contains nothing but endorsements of yoodifled Version by various parties--for
example, statements of peer review or that thehtagtheen approved by an organization as the #@atinar definition of a standard.

You may add a passage of up to five words as atfe&oner Text, and a passage of up to 25 wordsBeck-Cover Text, to the end of the list of
Cover Texts in the Modified Version. Only one pagsaf Front-Cover Text and one of Back-Cover Texynbe added by (or through
arrangements made by) any one entity. If the Doctiraéready includes a cover text for the same gopeeviously added by you or by
arrangement made by the same entity you are aotingehalf of, you may not add another; but you meplace the old one, on explicit
permission from the previous publisher that adéiedold one.

The author(s) and publisher(s) of the Documentatdoy this License give permission to use their esfior publicity for or to assert or imply
endorsement of any Modified Version.

5. COMBINING DOCUMENTS

You may combine the Document with other documeetsased under this License, under the terms defmegction 4 above for modified
versions, provided that you include in the comberaall of the Invariant Sections of all of theginal documents, unmodified, and list them all
as Invariant Sections of your combined work ifidense notice, and that you preserve all theirréfay Disclaimers.

The combined work need only contain one copy of thcense, and multiple identical Invariant Secsiomay be replaced with a single copy. If
there are multiple Invariant Sections with the sarame but different contents, make the title ohesuch section unique by adding at the end of
it, in parentheses, the name of the original autingrublisher of that section if known, or elseréque number. Make the same adjustment to the
section titles in the list of Invariant Sectiongle license notice of the combined work.

In the combination, you must combine any sectiomistlEd "History" in the various original documenpterming one section Entitled "History";
likewise combine any sections Entitled "Acknowleahgaits”, and any sections Entitled "Dedications"ufoust delete all sections Entitled
"Endorsements."

6. COLLECTIONS OF DOCUMENTS

You may make a collection consisting of the Docunzemdl other documents released under this Licemskreplace the individual copies of this
License in the various documents with a single cihyat is included in the collection, provided tlyau follow the rules of this License for
verbatim copying of each of the documents in dleotespects.

You may extract a single document from such a ctda, and distribute it individually under thisdense, provided you insert a copy of this
License into the extracted document, and follow thicense in all other respects regarding verbabtpying of that document.

204



7. AGGREGATION WITH INDEPENDENT WORKS

A compilation of the Document or its derivativesttwother separate and independent documents orsyrlor on a volume of a storage or
distribution medium, is called an "aggregate" ié thopyright resulting from the compilation is nated to limit the legal rights of the
compilation's users beyond what the individual vgqplermit. When the Document is included in an aggpes this License does not apply to the
other works in the aggregate which are not thenesel\erivative works of the Document.

If the Cover Text requirement of section 3 is apgdlie to these copies of the Document, then ixbeument is less than one half of the entire
aggregate, the Document's Cover Texts may be placedvers that bracket the Document within thereggte, or the electronic equivalent of
covers if the Document is in electronic form. Otkiee they must appear on printed covers that btabkevhole aggregate.

8. TRANSLATION

Translation is considered a kind of modification,y®u may distribute translations of the Documemder the terms of section 4. Replacing
Invariant Sections with translations requires splegermission from their copyright holders, but ymay include translations of some or all
Invariant Sections in addition to the original vens of these Invariant Sections. You may includiaaslation of this License, and all the
license notices in the Document, and any WarransglBimers, provided that you also include the ioafEnglish version of this License and
the original versions of those notices and disatafimin case of a disagreement between the traomskatd the original version of this License or
a notice or disclaimer, the original version wilepail.

If a section in the Document is Entitled "Acknowdednents", "Dedications", or "History", the requimh (section 4) to Preserve its Title
(section 1) will typically require changing the @attitle.

9. TERMINATION

You may not copy, modify, sublicense, or distribtlie Document except as expressly provided for wtide License. Any other attempt to

copy, modify, sublicense or distribute the Documisntoid, and will automatically terminate your lig under this License. However, parties
who have received copies, or rights, from you untiex License will not have their licenses termatato long as such parties remain in full
compliance.

10. FUTURE REVISIONS OF THIS LICENSE

The Free Software Foundation may publish new, eeigrsions of the GNU Free Documentation Licens@ time to time. Such new versions
will be similar in spirit to the present versiontimay differ in detail to address new problemsatcerns. Selttp://www.gnu.org/copyleft/

Each version of the License is given a distinguighversion number. If the Document specifies thatagticular numbered version of this
License "or any later version" applies to it, yaavé the option of following the terms and condisiagither of that specified version or of any
later version that has been published (not asfg) tyathe Free Software Foundation. If the Docutdies not specify a version number of this
License, you may choose any version ever publighetas a draft) by the Free Software Foundation.

External links

. GNU Free Documentation Licené@/ikipedia article on the license)

. Official GNU FDL webpage
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