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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 for
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 as, 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)=L) 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 imaginaryrpegiiation
Re[z(t)] = z(t) = Acos(wpt + ¢)
Due to euler's rule (e 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 freqeensiavell 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 systenals @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 agsgirat 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@gg 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 wiC = Chras 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, extecedbdarg exerted on it
is...

F = Myi= Myi= Myi  (14.3)
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If the mass Mas 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 holc Mar
constant. Similarly, aiw 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 mechanjeadlance 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 ehdytd 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 reaghdesired 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',PEdissipated 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 dissipgztthe mechanical system

Prin general along with the power dissipation of a spring-liketeﬂysPMs 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 arid 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 sysieailates 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€gity 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 accuanattel. While a simple oscillator

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

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

is never recovered into kinetic nor potential energy. The mechatismhsause 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.

19



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 reliiese two quantities Ry, the
mechanical resistance of the dashpot. This relationship, known as¢basvidamping 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;]

20



Mechanical Impedance for Damped Oscillator
F

Previously, the impedance for a simple oscillator was defin«ll .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 &' tel&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 ireeeathe 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. Fgr very high freges the mass term

ik

dominates. Thus, the phase of the impedance approg,and 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|

21



Characterizing Damped Mechanical Systems

Characterizing Damped Mechanical Systems

Characterizing the response of Damped Mechanical Oscillatstgraycan be easily quantified
using two parameters. The system parameters are the resdremqeency (Wresonancé and
the damping of the systemQ(qualityfactoporB(TemporalAbsorptiot). 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, noticehbataginary part will
equal zero at resonance.

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

Resonance case/ Mm=s/w)

Calculating the Mechanical Resistance

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

B=Rm/ 2 *Mm

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

Critical Damping
The system is said to be critically damped when:
Rc=2*M * sqrt(s/ Mm) = 2 *sqrt(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 frequéray system will begin to oscillate,
however the amplitude will decay exponentially to zero within the first aiol.

Damping Ratio
DampingRatio= Rm/Rc

The damping ratio is a comparison of the mechanical resistdr@esystem 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 thapge of the peak in the response. It
gives a quantitative representation of power dissipation in an oscillation.

Q =wresonanceé (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 thetyguattor.
Mathematically, it takes Q/pi oscillations for the vibration t@adeto a factor of 1l/e of its
original amplitude.
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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 analogi@s dcompare mechanical

systems to electric circuits.

Two possible analogies

i) Impedance analog

i) Mobility analog
Mechanical Electrica | equivalent

iJimpedance analog

Potential Force F(t) Voltag e V()
Flux Velocity u(t) Curren t it

i)Mobility analog

Potential Velocity u(t) Veloci ty u(t)
Flux Force F(1) Curren t i)

Impedance analog is often easier to use in most accoustical systelien mobility analog can be
found more intuitively for mechanical systems. These are gemesalitowever, 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 ofegitmnis 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 simplifgirthat (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 mechhaysdem, 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 large value: Very small value
Capacitor (C) Short circuit Open circuit

Resistor (R) Open circuit Short circuit
Inductor (L) Open 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 throapheésament 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.

27



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 sylsédow. 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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= = B
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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 gaj. fition of the piston
creates a planar sound wave or acoustic disturbance travelingtilewurbe at a constant speed
c>>U,. In a case where the tube is very small, one can negletintbeit 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 ajgplicait 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@eed 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. Tishafinitely 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 primealesri

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 areaprBssure is decomposed
into two components - a constant equilibrium componpgt,superimposed with a varying
disturbance (x). The deviatiorpis also called the acoustic pressure. Note ithedin be positive
or negative. Unitkg/ m<. Acoustical pressure can be meaured using a microphone.
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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. Itsvtleknown fluid mechanics
term, flow rate.

= fﬁ.ﬁ-ds

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

U=1.5

36



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(1) = Re{xe’"}

‘x\.i\.‘x

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

Where, plug flow assumption is used.
"Plug flow" assumption:

Frequently in acoustics, the velocity distribution along the normal surface
of fluid flow is assumed uniform. Under this assump tion, the acoustic volume
velocity U is simply 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 oR, and is referred to agsponsiveness
Acoustical Generators

The acoustical generator components are pred3aneg 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 analogustd, @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=tol00 s o pe = (I
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
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Transducers - Loudspeaker

Acoustic Transducer

The purpose of the acoustic transducer is to convert electriaglyeinéo 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@tdumped
system. This circuit provides a model of the loudspeaker and itsagesab-components and
can be used to provide insight into what parameters alter the loudspeaker's pedorma

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 singay 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 compdilaockel 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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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 ohidhimba 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 constramnede 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 projeagdto 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 theeguaateon):

(22)-(2)(3)

where,

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

Withé =¢t — T gpqn=ct + 1

This 5 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 modasanaylsi

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
'fi’i‘This image has been released into theblic domain by the copyright holder, its
W 4= S copyright has expired, or it is ineligible for copyright. This applies worldwide.
f, -
X t=t-
x [ 3

’(? This image has been released into théblic domain by the copyright holder, its
¥ ;lcopyright has expired, or it is ineligible 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.
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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 founddguaihg two
new variables:

f=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 assumedhéhavave is
propogating through a string, the initial conditions are related teghkeific disturbance in the
string at t=0. These specific disturbances are determin&mtatyon 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 combiasesware illustrated
below. Please note that the wave is traveling to the left (wegatirection) 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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incident
0 %

reflected

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

need to be zero, but must require the sum of transverse forcex#d. ¢ait 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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incident
0 X
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reflected
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—-
a4
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 boundadjtions include mass-
loaded, resistance-loaded, damped loaded, and impedance-loaded stangdurtRer
information, see Kinsler, Fundamentals of Acoustics, pp 54-58.

Here is a website with nice movies of wave reflection atedkfit BC's:Wave Reflection
http://www.ap.stmarys.ca/demos/content/osc_and_waves/wave_reflectionfefiaction.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 bf 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 displacementredoiati 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 whemlesiltg 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. obyjaus$ 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
=)

68



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 technicaliansfanswers 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
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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 throlghwall, the alpha would equal 1
because none of the energy had zero reflection but all absorptiorwdiits be an example of a
deador softwall because it takes in everything and doesn't reflechemyyback. Rooms that are
like this are called Anechoic Rooms which looks Ilike this froAxiomaudio
http://www.axiomaudio.com/archives/22chamber.jpg.

If all of the acoustic energy hits the wall and all reielback, 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 Rersrb&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 dBledd&le 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 Engineer¥rieger 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 grasiwgtill 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 imporane 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 otlugrsreHss 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 compgletiesalumped-element circuit
given in Figure 1. For more on sealed enclosure design, s&e#hed Box Subwoofer Design

page.
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\—/\/Wi_w

Figure 1. Sealed enclosure acoustic circuit.

RHB M AB CAB
| |
|

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.

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 mgedhahen 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 theseme, 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 forritascalculate the enclosure
parameters are listed Appendix B

It is important to note the parallel combination Mip and Cag. 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 diaplwdgrge (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 gioanost loudspeaker designs
is to improve the bass response (leaving high-frequency productionveeter), low frequency

approximations will be made as much as possible to simplify tHgsesaFirst, 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 approxingdtel
kHz for this approximation, which is certainly high enough for the frequency rangeigfst.

Another approximation involves the radiation impedargp. 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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)2 8 ppw
—Smaj = ZRAD = ] ~

3T Ir2q 1M

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

Hence, the low-frequency impedance on the loudspeaker is represatfiteah acoustic mass
Ma1 [1]. For a simple analysifRe, Mup, Cus, andRus (the transducer parameters, Tdriele-
Small parameters) are converted to their acoustical equivalents.c@iersions for all
parameters are given #ppendix A Then, the series mass&4,p, Ma1, andMag, 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 sourseduohe 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 and tineaggstem 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 flowingp the enclosurelUg = ? U,
compresses the air inside the enclosure. Thus, the circuit modeyok 3 is valid and the
relationship relating input voltag¥,y to Up may be computed.

In order to make the equations easier to understand, severalepensare combined to form
other parameter names. Firsg and* s, the enclosure and loudspeaker resonance frequencies,

respectively, are:
1 1

BT /MapCag °  /MacCas

Based on the nature of the derivation, it is convenient to defineattaenpters o andh, the
Helmholtz tuning ratio:

wp = +/Wpllg h

A parameter known as tleempliance raticor volume ratig +, is given by:
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Cas Vis

(_']._ —_— =
Cag Vag

Other parameters are combined to form what are knowuoalgy factors

| Cag 1 [ Mac

— R f — ]
Gr=Ranhr, 9T BT RG Cus

This notation allows for a simpler expression for the resulting transfer funéfion [
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 fdka < 1 / 2, a loudspeaker behaves as a spherical source.aHere,
represents the radius of the loudspeaker. For a 15" diameter lokelspeaair, 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) =s{s). In the following sections, design methods will focus bi(s) | 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 thiteeiglse 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 aydartiesign 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 zerds)(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 andoydhmev 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. Thisge 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 havenaximally flatpass 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 libgs 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).extew 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 defind * & * 34, sinceQ =1= |H'[3:]| = l]-E'or -3 dB. This

defintion allows the matching of coefficients for theH(s) | 2 describing the loudspeaker
response whehsgg * 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 ofgarithm 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 adansttht 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 QB@kent is
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called 3rd order is due to the fact thaBasicreases, 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 0.1< B <3

Equating the system responde($) | 2 with | Hogs(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 Butterworthritdlgon For the Chebyshev
response, the maximally-flat passband restriction is abandoned. Ngwplea 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 the*sggis 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 polynomiaind is defined by [4]:
() = | cosfhcos’ {(?2¢))] | ?¢) | <1
coshhcosh’ }(?c))] | 2¢) | >1
Fortunately, Chebyshev polynomials satisfy a simple recursion formula [4]:
Cox)=1 Ci(¥) =x Cr(X) = 2XCr21?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 ripple%-" , 2]
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 persamety 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, and+, fixing one of these parameters
yields three equations that uniquely determine the other threbelnase where a particular
transducer is already giveQysis 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 Butterwortmmlgnt cannot be satisfied, the
guasi-Butterworth alignment is often applied whefs 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 yShel 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 #serdi@ex enclosure. For
example, a 5th order quasi-Butterworth alignment has been developéadfher example [7]

applies root-locus techniques to achieve results. In the moderrf hgghgowered computing,
other researchers have focused their efforts in creating comzedteptimization 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

SeeCyvec

{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

SeeCvec

SeeMuyc

Combination
Mass Load

S2 Mo

CILIEC =

(BL

Muyc =S5 (Mag+ M)
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Sp(Map+ M) + Myp
(Bl

Appendix B: Enclosure Parameter Formulas

Figure 7: Important dimensions of bass-reflex enclosure.

Based on these dimensions [1],

v B
Cap= Af Mag = Peis
Poca Ta
d/Spy? [# 8 Sp ( Vfﬂ:) Viin
=- |l (|5=+=|1- =5 < Pefs < 1— i
B 3(5"3) \JSD+3fr[ SB} 0= Petr =10 Vs ) TP
Viin 7—1
Vis = Va 1= =24 14— —
Vel | 149 (v2 —1) e

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

Vg = hwd (inside enclosure volume) mounted on)

86




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

(Viilling)
o = mean density of air (about 1.3 kg an = density of filling
ratio of specific heats for air (1.4) Co = speed of sound in air (about 344 m/s)

off = 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 cawpleor three distinct media together
to achieve a desired acoustic response. General information aboudzasstic 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 rayler 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 wawesact 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 aieaistics 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), oegquencies within human
hearing range), or ultrasonic (frequencies above human heaige)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

a 3
+p0 - (equilibrium) density of medium (kg/m”)

(m/s)

C = speed of sound in medium

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 camsdéecause this
factor can ultimately affect the time response of the fiiter the output of the filter may not

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

(W/m®)

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 paramsedtso an important factor in
acoustic filter design because the characteristic propestigbe 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 relativihe 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 acoustianmmas 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 pabtpagmedium (e.g. air). The
reflective properties of the inserted medium is exploited to reiterease 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 (perioditadlgjting (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...

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 visveeing 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 aaesalglic media layer.
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In the case of multiple air-columns as shown in Fig. 2, is the aggregate impedance of each
air-column layer seen by the incident wave at the input. Befolig. 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), wtleresound waves are
represented by vectors.

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

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

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

mass, characteristic acoustic impedance of medium, and

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)...

where s the (known) impedance at the edge of the solid of an airdsgkd (on the right)
and is the (unknown) impedance at the edge of the air column of an air-solid layer.
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Fig 2: Polymer Films In Acoustic
LPF w/ Related Impedances

Fig 3: Electroacoustic
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 freqesnciand  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 frequency of

Parametric array effects occur when the intensity of aasaltic wave is so high in a particular
medium that the high displacements of particles (atoms) per ayale 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) iggheration and propagation of
audio frequency waves (not necessarily present in the originab aofdirmation) that are
generated in a manner similar to the nonlinear process of adgldemodulation commonly
inherent in diode circuits (when diodes are forward biased).
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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-frequendylation and not
just from pressure fluctuations occurring at the modulation frequencyor beating frequency

An Application of Coupled Media in Acoustic Filters

Fig 4: Test Setup For
Transmission Factor VS. Frequency For Acoustic Filter
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Fig 5: Test Setup For Radiation
Pressure Factor vs. Frequency For Acoustic Filter

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#isaitransmission (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 tondeeanicrophones and
preamplifiers are used in the detection/receiver system. Althooiglinear 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 propertiesmpimones. This is true
because all microphones, even specialized measurement microphomgedider audio
spectrum measurements that have sensitivity well beyond the tldreshdbhearing, have
nonlinearities artifacts that (periodically) increase in mtagi@ 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 wigaelké order to filter out
the "detrimental" ultrasonic wave that was inducing high nonlineare narsifacts in the
measurement microphones. The high-intensity, ultrasonic wave was pipdadiation pressure
(which is audible) within the initial acoustic medium (i.e. airy. f8tering 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.

where K - fluid bulk modulus,- fluid density, c - velocity of sound

Typical value of bulk modulus range fra2e9 to 2.5e9 N/m2For a particular oil, with a density
of 889 kg/m3

speed of sound

Source of Noise

The main source of noise in hydraulic systems is the pump whichiesigipé 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 andesitig.

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

(ii) 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

circular pattern seperated from each other by an angular pjtcth ® 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 kinédow 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 thergipeilde 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 teensysll 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 mgsteume. 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 andtmeagk@mponent vibrate,
sometimes even resonate. This vibration of system components ati@ésnoide 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 prodgoeirad pressure
level of more than 70 dBs.

Structure borne Noise (SBN)

In swash plate type pumps, the main sources of the structureborne noise aictuhgrfy 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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Structuireboimie noise rididboine noise Fig. 1
shows an exploded view of axial piston pump. Also the flow fsations 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 shownginZ-iThe pressure and
flow ripple at ay location in the pipe can be described by the relations:

where and are frequency dependent complex coefficients which are directpogional
to pump (source) flow ripple, but also functions of the source impedancgecharacteristic
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impedance of the pipe and the termination impedance . 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 transmissegoad 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 transmisiccopla 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 aitbis@e

Noise reduction

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

() 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 SBNsaiuttee has a large
influence on the ABN that is radiated. Even though, a lot of protpeseen 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 inelll tresearchers but
also sophisticated computer based mathematical model of the pumpcahieleccurately 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
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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 xylophomaaamba 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 umc@nchare played
in most high school bands. Now, while all the trumpet and flute andhelgslayers 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 soithetic 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, middle C, 1 cm thick***

The equation that relates the length of the bar wit h the desired
frequency comes from the theory of modeling a bar t hat is free at

both ends. This theory yields the following equati on:

*kk *%k%

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

and f is the frequency of the note.

***Eor rosewood, ¢ = 5217 m/s. For middle C, =262 Hz . ***
Therefore, to make a middle C key for a rosewood ma rimba, cut the bar to be:
*k% *kk

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

***Aluminum resonator, middle C***

The equation that relates the length of the resonat or with the

desired frequency comes from modeling the resonator as a pipe

that is driven at one end and closed at the other e nd. A “driven”

pipe is one that has a source of excitation (in thi s case, the

vibrating key) at one end. This model yields the f ollowing:

*kk *%k%

where c is the speed of sound in air and f is the f requency of the note.
***Eor air, ¢ = 343 m/s. For middle C, f = 262 Hz. ok

Therefore, to make a resonator for the middle C key , the resonator length
should be:

*kk *kk

Resonator Shape

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 onewogathe wavelength. If the
length is off, the marimba will produce a dull or off-key sound for that note.

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 vwaadc 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 resohla¢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 thaagpans
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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 damde by simply moving the
resonators up or down (while the bars remain in the same positioa.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 samud 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 pipéhgou can shorten
the resonator and sharpen the note. Conversely, pushing the stopper down the fieaptecahe
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
***Middle C Resonator lengthened by 1 cm***
For ideal conditions, the length of the middle C (2 62 Hz) resonator should be

32.7 cm as shown in example 2. Therefore, the chan ge in frequency for this

resonator due to a change in length is given by:

*k% *k%
If the length is increased by 1 cm, the change in f requency will be:
*k% *kk
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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 tomeptioigng to be

a very difficult task. At least now, though, armed with the acouséickground 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/html
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How an Acoustic Guitar works

Introduction

sound vibrations that contribute to sound production. First of all, therbeastrings. 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 diffgramtighted strings to cover a
very wide range of frequencies. Second, there is the body of ther.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 itg@deody. In practice this
concept is called a Helmholtz resonator. Without this, it would difftcuproduce the wonderful
timbre of the guitar.

The Strings

The strings of the guitar vary in linear density, length, anddandihis gives the guitar a wide
range of attainable frequencies. The larger the linear gessithe 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 sktiwetecreate a higher frequency.
The resonance frequencies of the strings can be calculated by
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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

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

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 titey 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 taithdat surrounds it. The top
plate contributes to most of the pressure disturbances, becauseydradplapens 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" aireficiently. 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 resdreamency is
what aids the amplification of the lower frequency strings. Toalestrate the importance of the
air in the cavity, simply play an open A on the guitar (the secaimgystNow, 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 wakas 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$ eolatdt needs to have
modes that are located away from the frequencies that tiveeemgerates 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 setubkes 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 typicat exhaust noise would
exceed 110dB.A conventional car muffler is capable of limiting ntisabout 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 &1 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. Thislledceonstructive 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 pressite 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