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Chapter 1

Eletrial-mehanial-aoustial

analogies

1.1 General remarks

A major topi in eletro-aoustis is the analysis of vibrating systems, suh as mirophones or loud-

speakers. These systems usually ontain mehanial, aoustial and eletrial subsystems. A ommon

approah is to split the strutures into small units that an be desribed by onentrated elements.

There is no prinipal di�erene between the fundamental di�erential equations that desribe the behav-

ior of a mehanial, an aoustial or an eletrial system. It is therefore possible to transform a system

of one type into an equivalent system of an other type. To make later usage of the network analysis

tools that are available for eletrial systems it is bene�ial to transform the non-eletrial system parts

into analogue eletrial ones. By introdution of suitable interfaes between di�erent subsystems it

will then be possible to �nd one single eletrial network that desribes the omplete system. In many

ases the inspetion of the equivalent eletrial network will already give fundamental insights into the

prinipal operation of the system.

1.2 Mehanial systems

1.2.1 Quantities for the desription of mehanial systems

At any point of a mehanial system the following two fundamental quantities an be identi�ed:

• veloity u = dx
dt

• fore F .

The veloity u an easily be transformed into other quantities that desribe the movement, suh as

displaement x =
∫

udt or aeleration a = du
dt .

1.2.2 Mehanial elements

Mass

The ideal mass is assumed to be inompressible, whih means that eah point on the mass body has

idential veloity (Fig. 1.1). The fundamental physial prinipal is Newton's law (1.1).

u1 = u2 = u

F1 − F2 = m
du

dt
(1.1)

Spring

In the ideal spring the exursion is proportional to the applied fore, aording to Hook's law (1.2). In

the idealized ase the sti�ness s is assumed independent of the exursion. It should be noted that there
is no fore drop o� along the spring.

1



F1 , u1 F2 , u2

Figure 1.1: Symbol of the ideal mass.

F1, u1

F2, u2

Figure 1.2: Symbol of the ideal spring.

F1 = F2 = F

F = s

∫

u1 − u2dt (1.2)

Frition

In the ideal frition element there is proportionality between frition fore and veloity (1.3). Again, as

in ase of the spring, there is no fore drop o� over the element.

F1, u1

F2 , u2

Figure 1.3: Symbol of an ideal frition element.

F1 = F2 = F

F = R(u1 − u2) (1.3)

Links

Links are onnetors for mehanial elements. The idealization assumes that the links have no mass

and are inompressible. In some ases it may be neessary to model the mass of a real link by a separate

mass element.

2



Levers

Levers are mehanial transformers. In the ideal ase they have no mass and an rotate without frition

losses. For the lever in Fig. 1.4 the relations between fores and veloities obey Eq. 1.4.

O O1 2
F F

u u

1

1

2

2

Figure 1.4: Geometry of a lever.

F1l1 − F2l2 = 0

u1l2 + u2l1 = 0 (1.4)

Mehanial soures

Mehanial systems an be exited by soures that impress a fore or a veloity or a mixture, depending

on the load. An example of a pure fore soure is a ondutor in a magneti �eld. The fore ating on

the ondutor depends only on the strength of the magneti �eld and the urrent in the ondutor but

not on its veloity. A pure veloity soure would exite a mehanial struture with a ertain veloity,

independent of the neessary fore.

1.2.3 Mehanial resonane - spring pendulum

The spring pendulum is a prototype mehanial resonane system that is found in many eletro aoustial

transduers. It onsists of a mass, a spring and a damping element as shown in Fig. 1.5.

m

s x
Rm

F

Figure 1.5: Spring pendulum ating as a mehanial resonane system. A mass m is suspended from a

eiling by a spring with sti�ness s. In addition there is a damping element Rm with veloity dependent

frition.

We are interested in the movement of the mass for a given exterior harmoni fore F . The movement
shall be desribed as the time dependent exursion x(t), the veloity u(t) = dx/dt and the aeleration

a(t) = d2x/dt2.

As a �rst step the equilibrium of the fores is established:

Facceleration + Ffriction + Fspring = F (1.5)

With the harmoni exitation in omplex writing, Eq. 1.5 yields

m
d2x

dt2
+R

dx

dt
+ sx = F̂ ejωt

(1.6)

The general solution for this di�erential equation (1.6) is

x(t) =
F̂ ejωt

(jω)2m+ jωR+ s
=

F̂ ejωt

jω
(

jωm+R + s
jω

)
(1.7)

3



The expressions simplify signi�antly if a new variable Zm is introdued:

Zm = jωm+R+
s

jω
(1.8)

With Zm, the solution (1.7) reads as

x(t) =
F̂ ejωt

jωZm
(1.9)

The veloity u(t) is

u(t) =
F̂ ejωt

Zm
(1.10)

For the aeleration a(t) we get

a(t) =
jωF̂ ejωt

Zm
(1.11)

The behavior of the spring pendulum is summarized in Table 1.1. Figure 1.6 �nally shows the frequeny

responses of the exursion x, the veloity u and the aeleration a. Of speial interest is the fat that
the three quantities show a frequeny independent amplitude for a ertain frequeny range.

ω ondition Zm x(t) u(t) a(t)

low

s
ω ≫ ωm, s

ω ≫ R ≈ s
jω

F̂ e
jωt

s

jωF̂ ejωt

s
−ω2F̂ ejωt

s

at resonane R ≫ ωm,R ≫ s
ω ≈ R F̂ ejωt

jωR
F̂ e

jωt

R

jωF̂ ejωt

R

high ωm ≫ R,ωm ≫ s
ω ≈ jωm −F̂ ejωt

ω2m
−jF̂ ejωt

ωm
F̂ e

jωt

m

Table 1.1: Behavior of the spring pendulum for the three frequeny ranges low (below resonane), at

resonane and high (above resonane). In bold are the ases with frequeny independent behavior.

below resonance above

u

x a20 log(x,u,a)

ω

12 dB/ Okt

6 dB/ Okt

Figure 1.6: Frequeny response of the exursion x, the veloity v and the aeleration a for the spring

pendulum with fore exitation.

The majority of aoustial transduers ontain a mehanial resonane system as disussed above. In

ase of mirophones, the eletrial output is either proportional to the exursion or the veloity of the

membrane. From above follows that the membrane system has to operate:

• below resonane in ase of mirophones with proportionality between eletrial output and mem-

brane exursion

• at resonane in ase of mirophones with proportionality between eletrial output and membrane

veloity
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1.3 Aoustial systems

1.3.1 Quantities for the desription of aoustial systems

The two fundamental aoustial quantities are

• sound pressure p

• volume �ow or volume veloity Q whih is in relation to sound partile veloity v by Q =
∫

S
vdS

where S is the ross setional area.

1.3.2 Aoustial elements

Aoustial mass

The ideal aoustial mass is aelerated but not ompressed air. An aoustial mass an be realized

by a small tube (Figure 1.7) where it is assumed that the sound wave length is muh larger than the

dimensions of the tube.

O

Figure 1.7: Realization of an aoustial mass by a thin tube of length l and ross setional area A.

The properties of an aoustial mass an be derived from Newton's law. The fore di�erene ∆F on

both sides of the tube leads to an aeleration of the air mass in the tube:

∆F = ρAl
dv

dt
(1.12)

where

ρ: density of air.

Aoustial ompliane

The ideal aoustial ompliane is ompressed but not aelerated air. It an be realized by a avity

(Figure 1.8) whereby again it is assumed that all dimensions are small ompared to the wave lengths

of interest.

V

A

Figure 1.8: Realization of an aoustial ompliane by a avity of volume V and opening area A.

The properties of an aoustial ompliane an be derived from Poisson's law (see Aoustis I) under

the assumption of adiabati behavior:

PV κ = const. (1.13)
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where

P : absolute pressure
V : volume

κ: adiabati exponent, for air κ = 1.4

It is assumed that a fore F is ating on a virtual piston in the opening A. By this fore the piston

sinks in by ∆l (1.14).

∆l =
F

s
(1.14)

where

s: sti�ness of the ompliane.

As derived in Aoustis I, the value of s an be determined as

s = c2ρ
A2

V
(1.15)

where

c: speed of sound

It should be noted that the position of the opening of the avity is irrelevant. As an example both

variants in Figure 1.9 are idential omplianes.

Figure 1.9: The behavior of the avity with distributed openings is idential to the avity with just one

opening as long as the total opening area is equal.

Aoustial resistane

Aoustial resistanes onvert sound energy into heat. They are typially realized by porous materials.

Usually the value of aoustial resistanes has to be determined experimentally. However for a very

small tube the resistane an be determined analytially

1

:

∆p = v
8lη

r2
(1.16)

where

∆p: sound pressure di�erene on both sides of the small tube

v: sound partile veloity

l: length of the tube

r: radius of the tube (r ≪ l)
η: dynami visosity of air: = 1.82× 10−5

Nsm

−2

The aoustial resistane of a small tube is always aompanied by an aoustial mass. However for

small radii and low frequenies the e�et of the mass an usually be negleted.

1.4 Analogies

1.4.1 Quantities

The �rst step in establishing the analogies is the de�nition of equivalent quantities in eah system

2

.

This an be done in di�erent ways. Here the analogy is hosen that preserves the topology of the

1

H. F. Olson, Elements of Aoustial Engineering, 1947

2

A. Lenk et al., Elektromehanishe Systeme, Mehanishe und akustishe Netzwerke, deren Wehselwirkungen und

Anwendungen, Springer (2001)
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network. In nodes in eletrial networks the sum of all inoming urrents equals zero (

∑

I = 0). An

idential ondition an be formulated for the fore in mehanial systems (

∑

F = 0) and for the volume
�ow in aoustial systems (

∑

Q = 0). Consequently, the analogy shown in Table 1.2 is established.

eletrial mehanial aoustial

voltage U veloity u sound pressure p
urrent I fore F volume �ow Q

Table 1.2: Equivalent eletrial, mehanial and aoustial quantities in the FIQ analogy.

During the transformation of mehanial and aoustial quantities into the orresponding analogue

eletrial ones, saling fators have to be introdued that adjust the amplitudes and onvert the units

appropriately. It is often onvenient to work with amplitude saling fators of 1, however arbitrary

amplitude saling is possible.

The transformation of mehanial systems requires (1.17):

U = G1u with G1 = 1
Vs

m

I =
1

G2
F with G2 = 1

N

A
(1.17)

The transformation of aoustial systems requires (1.18):

U = G3p with G3 = 1
Vm

2

N

I =
1

G4
Q with G4 = 1

m
3

As
(1.18)

1.4.2 Impedanes

Following the impedane de�nition for eletrial elements

impedane =
voltage

urent

(1.19)

orresponding relations an be found for the mehanial and aoustial elements identi�ed above. For

sinusoidal time dependenies, omplex writing x(t) = x0e
jωt

is used.

1.4.3 Mehanial elements

Mass

With Eq. 1.1 the impedane of a mehanial mass m orresponds to

Z =
u

F
=

u

mdu
dt

(1.20)

With u = u0e
jωt

follows

du
dt = u0jωe

jωt
and �nally

Z =
1

jωm
(1.21)

Translated into eletrotehnis, the impedane of a mehanial mass orresponds to the impedane of

a apaitor. Consequently the symbol for a mehanial mass is a apaitor. It should be noted that

the inertia of the mehanial mass has to be understood relative to a referene system at rest. Thus

the seond terminal of the mass or the equivalent eletrial apaitor is onneted to veloity potential

0 (ground).
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Spring

With Eq. 1.2 the impedane of a mehanial spring with sti�ness s is found as

Z =
u

F
=

u

s
∫

udt
(1.22)

With u = u0e
jωt

follows

∫

udt = u0
1
jω e

jωt
and �nally

Z = jω
1

s
(1.23)

Translated into eletrotehnis the impedane of a mehanial spring orresponds to the impedane of

an indutane. Consequently the symbol for a mehanial spring is an indutane.

Frition

With Eq. 1.3 the impedane of a frition element R is

Z =
u

F
=

u

Ru
=

1

R
(1.24)

The eletrial equivalent is a resistane. Consequently the symbol for a frition element is an eletrial

resistane.

1.4.4 Aoustial elements

Aoustial mass

With Eq. 1.12 the impedane of the aoustial mass is found as

Z =
p

Q
=

∆F
A

Av
=

ρAl dvdt
AAv

(1.25)

With v = v0e
jωt

follows

dv
dt = v0jωe

jωt
and �nally

Z = jω
ρl

A
(1.26)

Translated into eletrotehnis the impedane of an aoustial mass orresponds to the impedane of

an indutane. Consequently the symbol for an aoustial is an indutane.

Aoustial ompliane

With Eq. 1.14 and 1.15 follows for the impedane of an aoustial ompliane :

Z =
p

Q
=

∆F
A

Av
=

c2ρA2

V ∆l

AAv
=

c2ρA2

V

∫

vdt

AAv
(1.27)

With v = v0e
jωt

follows

∫

vdt = v0
1
jω e

jωt
and �nally

Z =
c2ρ

jωV
(1.28)

Translated into eletrotehnis the impedane of an aoustial ompliane orresponds to the impedane

of a apaitor. Consequently the symbol for an aoustial ompliane is a apaitor. It should be noted

that one terminal of these apaitors is usually onneted to ground potential. This represents the fat

that any net fore is arried by the mounting support.
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Aoustial resistane

The impedane of an aoustial resistane is frequeny independent. The orresponding eletrial

element is thus the resistane. For a small tube the impedane an be determined with Eq. 1.16 as

Z =
p

Q
=

8lη

πr4
(1.29)

where

l: Length of the tube

r: radius of the tube (r ≪ l)
η: dynami visosity of air = 1.82 ×10−5

Nsm

−2

Overview

Table 1.3 shows the ompilation of the eletrial, mehanial and aoustial impedanes.

eletrial mehanial aoustial

Z = R resistane R frition resistane R = 1
Rm

G1G2 resistane R = RmG3G4

Z = 1
jωC apaitor C mass C = m 1

G1G2
ompliane C = V

ρc2
1

G3G4

Z = jωL indutane L spring L = 1
sG1G2 mass L = ρl

AG3G4

Table 1.3: Equivalene of mehanial, aoustial and eletrial elements (G1 . . . G4 see Eq. 1.17 and

1.18).

1.4.5 Measurement of aoustial impedanes

In many �elds of appliations it is desirable to measure aoustial impedanes. One appliation is

for example the quality ontrol of musial instruments. Figure 1.10 shows one strategy to measure

impedanes. The entral element is an aoustial resistane that is arranged in series to the impedane

of interest. While the on�guration is exited by a loudspeaker, the sound pressure (p1, p2) is measured
on both sides of the aoustial resistane R.

Figure 1.10: Shematis for the measurement of aoustial impedanes.

If the di�erene of the pressures p1 − p2 is kept onstant, the volume �ow through the unknown

impedane is onstant and thus the pressure p2 is proportional to the unknown impedane. The

physial onstrution of the measurement arrangement is shown in Figure 1.11, Figure 1.12 gives some

typial frequeny response urves.

1.4.6 Examples

Combination of aoustial mass and aoustial ompliane in series and in parallel

An aoustial mass and a ompliane an be ombined in two ways. The orresponding equivalent

eletrial iruits an be found by heking whether sound pressure or volume �ow is onstant over the

�rst element.
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loud-

speaker
microphone 2

microphone 1

p2

p1

cavity

acoustical

resistance

Figure 1.11: Constrution for the measurement of aoustial impedanes. The unknown impedane

is put on top of the devie. Mirophone 1 measures the sound pressure p1, mirophone 2 measures

p2. Within the avity the absolute pressure is P0 + p1, at the entrane of the unknown impedane the

pressure is P0 + p2. The pressure outside is P0.

log (f)

log (p2)

4

1

3
2

Figure 1.12: Typial frequeny response urves of measured impedanes: 1: aoustial mass, 2: aous-

tial ompliane, 3: parallel resonane iruit of a mass and a ompliane, 4: series resonant iruit of

a mass and a ompliane.

In the arrangement aording to Figure 1.13 the �rst element is an aoustial ompliane. This or-

responds to ompressed but not aelerated air whih means that there is no pressure drop over the

element. The mass as seond element �sees� the same pressure (or voltage in the eletrial analogue)

and thus the two elements are in parallel.

C L

Zin

Zin

P = P0+p

P = P0

P0+p

P0

Figure 1.13: First possible arrangement of an aoustial mass and an aoustial ompliane (setion

view) with the analogue eletrial network. P is absolute pressure.

In the arrangement aording to Figure 1.15 the �rst element is an aoustial mass. This orresponds

to aelerated but not ompressed air whih means that there is no volume �ow drop over the element.

The ompliane as seond element �sees� the same volume �ow (or urrent in the eletrial analogue)

and thus the two elements are in series.
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C

L

Zin

Zin

P = P0+p

P = P0
P0+p

P0

Figure 1.14: Seond arrangement of an aoustial mass and an aoustial ompliane (setion view)

with the analogue eletrial network. P is absolute pressure. It should be noted that any fore due to

the pressure di�erene in the avity and P0 is provided by the mounting support.

Combination of mehanial mass and mehanial spring in series and in parallel

Similarly to the aoustial example above the two possible arrangements of a mehanial mass and

spring are investigated. Again with help of onsidering whih quantity remains onstant over the �rst

element, the orresponding eletrial network an be identi�ed.

F
I

F I

Figure 1.15: Equivalent eletrial networks for the two possible arrangements of a mehanial mass and

spring.

Mu�ers or sileners

Mu�ers or sileners are aoustial low pass �lters that let pass low frequeny air �ow but attenuate

high frequeny noise. Figure 1.16 shows a possible realization with three avities that are onneted to

eah other by tubes and the orresponding eletrial network.

V1 V2 V3
              

C1 C2

C3

Figure 1.16: Example of the physial realization of a mu�er and the orresponding eletrial network.

Spring pendulum

Here the mehanial resonane system spring pendulum (Figure 1.17) shall be disussed by investigating

the behavior of the orresponding eletrial network (Figure 1.18).

The network in Figure 1.18 demonstrates that the exterior fore F (urrent in the eletrial analogue)

is divided to the three elements mass, spring and frition. The exursion of the mass is proportional

to the fore of the spring and thus to the urrent FF (∆x = FF /s). The veloity is proportional to

the fore in the frition element and thus to the urrent FR (u = FR/R). The aeleration �nally is

proportional to the inertia and thus to the urrent FM (a = FM/m). The disussion of the frequeny

responses of the di�erent quantities redues to a disussion of the orresponding urrents FF , FR and

FM in the eletrial network.
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m

s x
Rm

F

Figure 1.17: Spring pendulum as mehanial resonane system. A mass m is suspended from a eiling

by a spring with sti�ness s. In addition there is a damping element Rm with veloity dependent frition.

m
1/s

u

F

1/Rm

FM FF FR

Figure 1.18: Equivalent eletrial network that represents the spring pendulum. All elements are in

parallel as they all have idential veloity u.

Damping of mehanial vibrations

Vibration dampers redue the osillations of a struture. If the osillations of the struture are limited

to a narrow frequeny band, this an be done by a tuned resonane system onsisting of a spring and

a mass (Figure 1.19).

 

m 

s x 
R 

F 
sT 

mT 
 

Figure 1.19: Vibration damper onsisting of a spring sT and a mass mT to redue the osillations of

the mass m (see Figure 1.17).

The orresponding eletrial network is shown in Figure 1.20. The additional L-C series resonane

iruit (1/sT and mT ) is tuned in suh a way that the impedane vanishes at the frequeny for whih

maximum damping is needed. The fore F is short iruited and thus the veloity u over the mass

element m tends to 0. However it has to be noted that the additional LC network introdues additional

resonanes of the total system whih may amplify the osillation at other frequenies.

1.4.7 Long tubes represented by a series of lumped elements

Often enountered strutures in aoustial systems are tubes of small diameter but onsiderable length.

The desription of suh tubes with lumped elements is possible even if their longitudinal extension is

large ompared to the shortest wave length of interest. The trik lies in a subdivision in slies that
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F

u
m 1/s R

1
1/sT

mT

 

Figure 1.20: Equivalent eletrial network for the mehanial spring pendulum with a vibration damper

onsisting of a spring sT and a mass mT .

ful�ll the requirement regarding the ratio of dimension and wave length.

In the following a tube with ross setional area A is onsidered. It is assumed that the tube is

subdivided into setions of length l where l ≪ λ. In the lossless ase suh a setion element represents

a mass and a ompliane property. The obvious representation as an analogue eletrial network is

a T-element with two longitudinal indutanes and a apaitor aross. The two indutanes both

share the length l of the slie and thus have a value L = ρl
2A eah. The ompliane orresponds to

a apaitane of C = Al
ρc2 . While putting these T-elements in series two adjaent indutanes an

summarized and replaed by one indutane. The resulting network orresponds to a lossless eletrial

transmission line.

In Figure 1.21 the analogue eletrial network for a hard terminated tube of length 0.24 m and ross

setional area A = 10−4
m

2
is shown. The boundary ondition �hard termination� orresponds to

vanishing sound partile veloity. This is ful�lled by an open termination in the eletrial network

(urrent = 0). For the disretization a length of the slies of 0.04 m was assumed. The result of a

numerial simulation with Spie is shown in Figure 1.22. It an be seen that the lowest resonane (λ/4)
perfetly mathes the expeted frequeny. However for the higher resonanes the error inreases for

inreasing frequeny due to the fat that the hosen disretization is no longer �ne enough.

240H

L1

480H

L2

480H

L3

480H

L4

480H

L5

480H

L6

+

-

1V

V1

L7

240H

R1

0.1

C1
28.8pF

C2
28.8p

C3
28.8p

C4
28.8p

C5
28.8p

C6
28.8p

R2 1E9

0

Figure 1.21: Equivalent eletrial network of a tube or aoustial transmission line.

1.4.8 Long tubes represented by distributed elements

As an alternative to the transmission line representation from above, long tubes an be represented by

distributed elements. They are more onvenient for an analytial treatment. Distributed elements are

introdued as four-poles in equivalent networks (Fig. 1.23).

The four-pole harateristis of the long tube of length d an be derived as follows. A tube allows two

plane waves with pressure amplitudes A and B to travel in opposite diretions. The sound �eld p̌(x)
and v̌(x) as omplex amplitude funtions an thus be written as

p̌(x) = Ae−jkx +Bejkx (1.30)

v̌(x) =
A

ρc
e−jkx − B

ρc
ejkx (1.31)

where x is the oordinate along the tube axis and k is the wave number. Setting x = 0 at the left port

of the four-pole with index 1 and x = d at the right port with index 2 allows to eliminate the pressure

amplitudes A and B and express the relations of the four-pole as:
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Figure 1.22: Result of a Spie simulation performed for the network in Figure 1.21 showing the voltage

(sound pressure) at the end of the tube. In the simulation the resistor R2 had to be introdued with a

very large but �nite value.

Figure 1.23: General four-pole that establishes the relations between pressure and veloity at the two

ports 1 and 2.

p̌2 =
p̌1
2
e−jkd +

p̌1
2
ejkd +

v̌1ρc

2
e−jkd − v̌1ρc

2
ejkd = p̌1 cosh(jkd)− v̌1ρc sinh(jkd) (1.32)

v̌2 =
1

ρc

p̌1
2
e−jkd − 1

ρc

p̌1
2
ejkd +

v̌1
2
e−jkd +

v̌1
2
ejkd = −p̌1

1

ρc
sinh(jkd) + v̌1 cosh(jkd) (1.33)

It an be shown

3

, that the four-pole with the behavior desribed by Eq. 1.32 and 1.33 an be

represented by a T-type iruit with generalized impedanes (Fig. 1.24).

Figure 1.24: Four-pole as T-type iruit of generalized impedanes Z1 and Z2.

The relations between p̌1, p̌2, v̌1 and v̌2 in the T-type iruit from Fig. 1.24 are found with help of

Kirhho�'s iruit laws and impedane relations:

p̌1 = v̌1Z1 + (v̌1 − v̌2)Z2 (1.34)

p̌2 = −v̌2Z1 + (v̌1 − v̌2)Z2 (1.35)

To determine the impedanes Z1 and Z2, Eq. 1.34 and 1.35 are onverted into the form of Eq. 1.32

and 1.33. From the omparison of the equations follows then

3

F.P. Mehel, Formulas of Aoustis, Springer, 2nd edition, 2008.
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Z1 =
ρc sinh(jkd)

1 + cosh(jkd)
= ρc

cosh(jkd)− 1

sinh(jkd)
(1.36)

Z2 =
ρc

sinh(jkd)
(1.37)

For real-valued wave numbers k whih is the ase for air (k = ω/c), Z1 and Z2 an be simpli�ed further

Z1 = jρc
1− cos(kd)

sin(kd)
(1.38)

Z2 =
−jρc

sin(kd)
(1.39)

It should be noted that the pressure and the veloities related to node A in the T-type iruit in Fig.

1.24 are virtual quantities and do not orrespond to any �eld point. As an alternative to the T-type

iruit disussed above, a Π-type iruit an be used instead

4

.

Appliation to multi-layer absorbers

Multi-layer absorbers onsisting of thin sheets separated by large air avities an be suessfully modeled

by an equivalent eletrial network using the above introdued distributed element for the avity in form

of a T-type iruit. Fig. 1.25 shows an example with two absorber sheets. Za and Zb represent the

properties of the sheets, Zt is the termination impedane. p̌1 is the sound pressure on the rear side of

sheet 1 (Za) and p̌2 is the sound pressure on the front side of sheet 2 (Zb). p̌3 and p̌4 are the sound

pressures at the rear side of sheet 2 and on the surfae of the baking.

Figure 1.25: Equivalent eletrial iruit for an absorber onsisting of two sheets (represented by the

two impedanes Za and Zb) separated by an air avity (1) and mounted with an air avity (2) in front

of a termination (represented by Zt).

For a perfetly rigid baking, Zt beomes in�nitely large. In this ase v̌4 = 0 and the T-type iruit of

avity 2 redues to a series arrangement of Z3 and Z4. The equivalent impedane Zeq of avity 2 and

the rigid termination (Fig. 1.26) is given as the sum of the two impedanes:

Zeq = jρc
1− cos(kd2)

sin(kd2)
− jρc

sin(kd2)
= −jρc cot(kd2) (1.40)

Figure 1.26: Equivalent eletrial iruit for the absorber example from above in ase of rigid baking.

4

F.P. Mehel, Formulas of Aoustis, Springer, 2nd edition, 2008.
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1.5 Coupling of mehanial, aoustial and eletrial systems

1.5.1 Interfaes

The representation of oupled mehanial, aoustial and eletrial systems by one equivalent network

makes it neessary to introdue interfaes that ful�ll the underlying physial onditions. Two kinds of

interfaes are possible:

• Conversion of a potential into a potential quantity and a �ow into a �ow quantity

• Conversion of a potential into a �ow quantity and vie versa

The �rst type of interfae an be realized by a transformer (Figure 1.27).

I
1

I
2

1 : n

U
1

U
2

Figure 1.27: Network symbol of a transformer with onversion fator n.

The relations for a transformer with onversion fator n are

U2 = nU1 (1.41)

I2 =
1

n
I1 (1.42)

An example for oupled mehanial - eletrial system with an interfae of the �rst kind is a ondutor

that moves in a magneti �eld. The indued voltage in the eletrial system (potential quantity) is

proportional to veloity in the mehanial system (potential quantity). The oupling an thus be

represented by a transformer with n = Bl (B: magneti indution, l: length of the ondutor).

The seond type of interfae is realized by a gyrator (Figure 1.28).

I
1

I
2

 m : 1

U
1

U
2

Figure 1.28: Network symbol of a gyrator with onversion onstant m.

The properties of a gyrator are desribed by

U2 = I1m (1.43)

I2 = U1
1

m
(1.44)

An example for a oupled aoustial - mehanial system of the seond kind is a strethed membrane.

The mehanial fore (�ow quantity) ating on the membrane is proportional to the di�erene of the

aoustial sound pressure (potential quantity) on both sides. The oupling an thus be desribed by a

gyrator with onstant m = 1/A (A: area of the membrane).
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1.5.2 Dual onversion

The analysis of a network ontaining gyrators is umbersome. In many ases it is more onvenient to

get rid of gyrators by applying a dual onversion to a suitable portion of the network - the gyrators

an then be replaed by transformers. To identify the part of the network that has to be replaed by

it's dual, a losed urve is drawn that uts in half all gyrators. The urve may not traverse any other

element or onnetion of the network. In addition, an arbitrary onversion onstant r has to be hosen.
The following rules an be applied to determine the dual of a network:

1. A point is drawn in the middle of eah mesh. An additional dot is plaed outside all meshes.

2. All points introdued in step (1) are onneted by auxiliary lines so that there is a line through

eah element and no line passes through more than one element.

3. The dual network is found by replaing all auxiliary lines be the orresponding dual element.

Figure 1.32 shows the dual onversion of all possible network elements for a onversion onstant r.
Figures 1.29 to 1.31 show an example of a onversion of a network in it's dual.

Figure 1.29: Original network. To eliminate the three gyrators a urve is drawn that uts them in half.

The region inside the urve is then onverted.

1

2 3

4

Figure 1.30: Redrawn original network with introdued mesh points that are onneted by auxiliary

lines.

1

2 3 4

Figure 1.31: Dual network.
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Figure 1.32: Original (left) and their dual network elements (right) for a onversion onstant r.

1.5.3 Examples

Equivalent eletrial network of double wall onstrution

Double wall onstrutions onsist of two plates that are separated by a avity of air. They have

improved sound insulation harateristis ompared to single layer onstrutions. A disadvantage is

the ourrene of a oupling resonane for the double mass - ompliane system.

For low frequenies it an be assumed that the two plates vibrate in their fundamental mode as pistons.

It is further assumed that the thikness of the air layer is small ompared to the smallest wave length

of interest. In this ase the system an be desribed by lumped elements. With the following quantities:

A: area of the plates

m1: area spei� weight of the �rst plate

m3: area spei� weight of the seond plate

d: distane between the two plates (thikness of the air layer)

the analogue eletrial network an be drawn as shown in Figure 1.33.

C1 C2 C3 R4

Q0 Q4Q2F1 F3

u3u1p0

1/A:1 1/A:1

p2

1/A:1 1/A:1

p4

Figure 1.33: Analogue eletrial network for a double wall onstrution at low frequenies. p0 and p4
represent sound pressure on both sides of the onstrution.
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The network in Figure 1.33 has to be read from left to right. The sound pressure p0 in the aoustial

system is translated into a mehanial fore F1 that ats on the �rst plate by help of a 1/A : 1
gyrator. F1 exites the mass of the �rst plate - represented by the apaitane C1 = m1A - to a

vibration of veloity u1. On the rear side the sound partile veloity has to be equal to the plate

veloity u1. Consequently the translation from the mehanial into the aoustial system between

the two plates is realized by a 1/A : 1 gyrator. The avity of air between the plates orresponds to

an aoustial ompliane and is represented by the eletrial apaitane C2 = dA
ρc2 . The transition

from the aoustial to the mehanial system of the seond plate is again realized by 1/A : 1 gyrator.

The seond plate is desribed by the apaitane C3 = m3A. Finally the veloity u3 of the seond

plate is transformed by a 1/A : 1 gyrator into the volume �ow Q4. Under the assumption that

the rear side of the onstrution radiates plane waves, the ratio of sound pressure and sound par-

tile veloity is given as ρc. In the eletrial network this ondition transforms to the resistane R4 = ρc
A .

With a dual onversion (onversion fator r = 1
A) of the most inner part of the network in Figure 1.33

the network in Figure 1.34 is found.

C1 C3 R4

1:1 1:1
L2'

Q0 Q4F1 F3

u3u1p0

1/A:1 1/A:1

p4

Figure 1.34: Analogue eletrial network for a double wall onstrution at low frequenies after the �rst

dual onversion of the most inner part (L′

2 = C2
1
A2 ).

One again a dual onversion with the same onversion fator an be applied to eliminate the last two

gyrators (Figure 1.35).

R4

1:1 1:1 1:1 1:1
L1''

C2''

L3''Q0 Q4

p0 p4

Figure 1.35: Analogue eletrial network for a double wall onstrution at low frequenies after the

seond dual onversion (L′′

1 = C1
1
A2 = m1

A , C′′

2 = L′

2A
2 = dA

ρc2 , L
′′

3 = C3
1
A2 = m3

A ).

As a last step the 1:1 transformers in Figure 1.35 are omitted (Figure 1.36).

R4

L3''

C2''

L1''Q0 Q4

p0 p4

Figure 1.36: Analogue eletrial network for a double wall onstrution at low frequenies after elimi-

nation of the 1:1 transformers.

The network in Figure 1.36 an be alulated by hand or disussed with help of network analysis tools

suh as Spie.
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Chapter 2

Mirophones

Mirophones onvert aoustial signals into eletrial ones. The majority of mirophones use a thin

lightweight membrane that is set into motion by the sound �eld

1

. The membrane motion is onverted

into eletrial signals based on di�erent physial priniples. The fundamental haraterization of a

membrane based mirophone has to speify

• the membrane on�guration, and

• the onversion priniple.

Membrane on�guration

The membrane on�guration haraterizes the exposition of the membrane with respet to the sound

�eld. The motion of the membrane is the onsequene of the resulting fore on both sides of the

membrane. If the sound �eld has aess to both sides of the membrane, the resulting fore vanishes for

sound inidene parallel to the membrane. However, for perpendiular inidene, the fore is maximal.

On the other hand, if the rear side of the membrane is fully shielded from the sound �eld, the resulting

fore is no longer dependent on the angle of inidene.

Conversion priniple

The onversion priniple desribes how the motion of the membrane is transformed into an eletrial

signal. The most important examples are the eletrodynami and the eletrostati onversion priniple.

2.1 Eletrostati mirophone

2.1.1 Priniple of operation

Figure 2.1 shows the setion of an eletrostati mirophone. As the priniple of operation is based on

a apaitane, this type of mirophone is often alled ondenser mirophone.

R

U
0

U
OUT

C
0

U
c

Figure 2.1: Setion view of an eletrostati mirophone.

1

Alternative mirophone priniples ould e.g. evaluate the temperature variation that is aused by a sound wave

(adiabati behavior) or observe the refration index that is modulated by the density variation due to a sound wave.
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A ondutive, strethed membrane is plaed in front of a bak plate. This on�guration forms a plate

apaitor C0 with varying apaitane depending of the position of the membrane. In series to a

high-impedane resistane a high voltage (polarisation voltage) is applied to the apaitor to keep the

harge on the apaitane onstant.

The harge Q that is stored in a apaitor is

Q = CU (2.1)

where

C: apaitane of the apaitor
U : voltage aross the apaitor

The apaitane of a plate apaitor is

C =
ǫ0A

x
(2.2)

where

ǫ0: eletri onstant = 8.85×10−12
AsV

−1
m

−1

A: area of one plate

x: distane between the plates

In the referene position (at rest) the harge Q0 stored in the apaitor is

Q0 =
ǫ0A

x0
U0 (2.3)

where

x0: distane between the plates in the referene position

If the distane between the plates varies, the voltage hange ∆Uc aross the apaitor is

∆Uc = − Q0

ǫ0A
∆x = −U0

x0
∆x (2.4)

where

∆x: displaement of one of the plates relative to the other

With Eq. 2.4 the relation between the membrane displaement∆x and the mirophone signal ∆Uc is

found. As the output signal is proportional to the exursion of the membrane, the system has to be

operated below the spring-mass resonane.

2.1.2 Complete equivalent network

To determine the equivalent eletrial network, the relevant aoustial and mehanial elements have

to be identi�ed �rst. Figure 2.2 shows again a setion view of the eletrostati mirophone with the

orresponding elements.

C
A2

p M
A1

m, s

C
A1

M
A2, RA

Figure 2.2: Setion through an eletrostati mirophone with the relevant aoustial and mehanial

elements.

The following list desribes the elements and quantities:
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p sound pressure

m, s mehanial mass and sti�ness of the membrane

MA1 aoustial mass in front of the membrane

CA1 aoustial ompliane of the air between membrane and bak plate

MA2, RA aoustial mass and resistane of the air in the holes of the bak plate

CA2 aoustial ompliane of the air in the rear avity

Transition: sound �eld - membrane

p is the sound pressure in the undistorted sound �eld. This pressure takes e�et on the membrane

aross a layer of air in front of the membrane MA1. The mehanial fore F on the membrane is

F = p1A (2.5)

where

p1: sound pressure at the membrane position

A: area of the membrane

Sound pressure is a potential quantity, the mehanial fore on the other hand is a �ow quantity. The

interfae to link the aoustial and mehanial subsystem is therefore a gyrator (Figure 2.3).

Q

u

M
A1 F1/A : 1

p p1

Figure 2.3: Equivalent network for the interfae between sound pressure p1 and fore F ating on the

membrane.

Membrane

The behavior of the membrane is determined by its mass and sti�ness. Both elements move with the

same veloity whih is the potential quantity. Therefore they have to be arranged in parallel in the

equivalent network (Figure 2.4).

m 1/s

F

u

Figure 2.4: Network representing the mehanial aspets of the membrane.

Transition: membrane - interior of the mirophone

The membrane moves with veloity u. This reates on the rear side an aoustial volume �ow Q:

Q = uA (2.6)

where

u: veloity of the membrane
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A: area of the membrane

The membrane veloity u is a potential quantity while the volume �ow Q is a �ow quantity. Again a

gyrator is needed for the translation of one quantity into the other (Figure 2.5).

u

F 1/A : 1 Q

p

Figure 2.5: Network of the interfae between membrane veloity and volume �ow.

Interior of the mirophone

The interior of the mirophone is an aoustial system that onsists of the ompliane CA1 of the air

between membrane and bak plate, the aoustial mass and resistane MA2, RA of the air in the holes

in the bak plate and the ompliane CA2 of the air in the rear avity. CA2 is fed by volume �ow

through RA and MA2, resulting in a network aording to Figure 2.6.

Q

p C
A2

C
A1

R
A

M
A2

Figure 2.6: Equivalent network for the interior of the mirophone.

Eletrial output

The voltage at the output of the mirophone is proportional to the variation of the apaity (Eq. 2.4:

∆Uc = −U0
∆x

x0
(2.7)

The exursion ∆x of the membrane depends on the sti�ness s of the spring and the fore Fs ating on

the spring:

∆x =
Fs

s
(2.8)

Therefore

∆Uc = −Fs
U0

sx0
(2.9)

The mehanial fore is a �ow quantity while the output voltage is a potential quantity. The onversion

needs therefore again a gyrator (Figure 2.7). The apaitor in series to the eletrial output represents

the eletrial apaitane of the membrane system.

The linkage of all parts �nally leads to the equivalent network of the eletrostati mirophone as shown

in Figure 2.8.

The network in Figure 2.8 ontains three gyrators. They an be eliminated by replaement of the grey

network part by it's dual arrangement. As onversion onstant r = 1/A is hosen where A is the area

of the membrane. The orresponding network is shown in Figure 2.9.

With the seletion of r = 1/A as onversion onstant, two of the three transformers get a onversion

fator of 1:1. As they are onneted to ground they an simply be removed (Figure 2.10).
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m 1/s

F

U
C

C
el

- Uo/(s.xo) : 1

Figure 2.7: Equivalent network of the eletrial output of the ondenser mirophone.

Q

u

M
A1 F1/A : 1

p

m 1/s

U
C

C
el

u

F Q

p C
A2

C
A1

R
A

M
A2

-Uo/(s.xo) : 1

1/A : 1

Figure 2.8: Complete network of the eletrostati mirophone.

Q M
A1

1 : 1

p

m/A2 A2/s

C
el

1 : 1

C
A2

C
A1

R
A

M
A2

Ausgang

-A Uo

s xo

1 :

Figure 2.9: Equivalent network of the eletrostati mirophone after dual onversion to get rid of the

gyrators.

Q M
A1

p

m/A2 A2/s

C
el

C
A2

C
A1

R
A

M
A2

Ausgang

-A Uo
s xo

1 :

Figure 2.10: Complete equivalent network of the eletrostati mirophone with the 1:1 transformers

removed.

24



2.1.3 Simpli�ed network

The eletrostati mirophone senses the displaement of the membrane. To obtain a �at frequeny

response the system has to be operated below resonane. The prinipal behavior of the mirophone

an thus be disussed for low frequenies. In this ase the network in Figure 2.10 an be simpli�ed

onsiderably:

• All indutanes an be short-iruited.

• In the series on�guration RA and CA2, the apaitane CA2 dominates. Thus RA an be

removed.

• The parallel arrangement CA1 and CA2 an be replaed by CA2, as CA2 ≫ CA1 (ompare the

volume of the orresponding avities).

With the above, a simpli�ed low frequeny approximation of the network an be drawn (Figure 2.11).

Q

p A2/s C
el

C
A2

U
C

-A Uo

s xo
1 :

Figure 2.11: Simpli�ed equivalent network of the eletrostati mirophone for low frequenies.

Finally from the simpli�ed network (Figure 2.11) the transfer funtion of the mirophone an be deter-

mined:

∆Uc = p
CA2

CA2 +A2/s

−AU0

sx0
(2.10)

where

p: sound pressure

∆Uc: mirophone output voltage

Eq. 2.10 reveals the strategy to maximize the mirophone sensitivity (

∆Uc

p ):

• The apaitane CA2 representing the rear side volume of the mirophone body has to be hosen

large enough so that CA2 ≫ A2/s.

• The polarization voltage U0 should be made as large as possible while the membrane - bak plate

distane x0 at rest should be made as small as possible. The orresponding limits are given by

the isolation apability of the air. Typial values are U0 = 200 V and x0 = 20 µm.

• The area A of the membrane should be made as large as possible. However with inreasing area

of the membrane the sound �eld distortion by the mirophone inreases.

• The sti�ness of the membrane should be minimized. At the same time this lowers the resonane

of the system and thus brings down the upper end of the frequeny range of operation.

The need for a polarization voltage an be avoided by making usage of eletret materials. Certain

syntheti materials an be loaded with a permanent harge. For that purpose they have to be exposed

simultaneously to high temperatures and high eletri �elds. In heap mirophones the membrane is

made from suh eletret materials. In this ase ompromises are neessary regarding the eletrial and

mehanial properties. The better solution is to make the bak plate from eletret material. Eletret

ondenser mirophones are often alled prepolarized mirophones.

If the mirophone shall sense sound pressure, the membrane has to be arranged in suh a way that

standard absolute air pressure ats on the rear side. This is ahieved by a tiny opening in the mirophone
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body, allowing a slow pressure equalization. This measure introdues a lower limiting frequeny for the

mirophone operation. However, if the opening is small enough this frequeny an be made as low as

1 or 2 Hz.

2.1.4 Free-�eld and pressure mirophones

Mirophones for measuring purposes are usually built as pressure sensors with omnidiretional hara-

teristis. This is reahed by exposing only one side of the membrane to the sound �eld. However, at

high frequenies (wave length < diameter of the membrane) the mirophone body itself produes an

inrease of pressure for normal sound inidene. This orresponds to a signal ampli�ation up to 13

dB (at 13 kHz) for a 1 inh membrane. For sound inidene parallel to the membrane no ampli�ation

ours. There are two strategies to overome this problem:

• The mirophone is used for sound inidene parallel to the membrane only. In this ase no

measures are neessary. Suh mirophones are alled pressure mirophones.

• The mirophone is used for normal sound inidene only. The ampli�ation due to the sound �eld

distortion at high frequenies is ompensated by an aoustial �lter in the mirophone apsule

itself or by an eletrial �lter in the ampli�er. These mirophones are alled free-�eld mirophones.

2.1.5 Power supply of the mirophone ampli�er

The apaitane at the output of the mirophone is very small (5. . .50 pF). In order to minimize the

urrent, a mirophone ampli�er has to be attahed diretly to the apsule. In audio appliations two

iruits are in use to feed the ampli�er in ase of a symmetrial able with two signal wires and a

ground shield.

T-powering

In ase of T-powering (Tonaderspeisung) the power supply urrent �ows over the two signal wires (Figure

2.12). This powering onept is no longer used for new mirophones as it has several disadvantages

ompared to phantom powering.

Kabel

NF

-
12V

+

Schirm

1

3

2

Figure 2.12: T-powering.

Phantom powering

The supply voltage of 12 V or - more ommon - 48 V is applied between the middle of the two signal

wires and the ground shield (Figure 2.13). The urrent thus �ows symmetrially on the two signal wires

and bak by the ground shield

2

.

Compared to T-powering, phantom powering has several advantages:

• dynami mirophones an be plugged without swithing o� the power supply (seurity aspet).

• the two signal wires an be reversed in polarity (seurity aspet).

2

DIN 45596
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Kabel

NF

Schirm

- +
48V

6k8

6k86k8

6k8

1

2

3

Figure 2.13: Phantom powering of mirophones. The numbering of the wires orresponds to the

standard on�guration of XLR onnetors.

• �utuations of the power supply voltage have no in�uene on the signal if the oupling resistors

are perfetly symmetrial. In pratie the di�erene should be < 0.4 %.

For the generation of 48 V from a 9 V battery, see e.g.

3

2.1.6 Overview of measuring mirophones

Table 2.1 shows tyoial spei�ations of di�erent measuring mirophones.

type frequeny range sensitivity apaitane dynami range

1" pressure 3 Hz - 8 kHz 50 mV/Pa 55 pF 15 - 140 dB

1" free-�eld 3 Hz - 16 kHz 50 mV/Pa 66 pF 15 - 140 dB

1/2" pressure 4 Hz - 20 kHz 12.5 mV/Pa 18 pF 20 - 160 dB

1/2" free-�eld 4 Hz - 40 kHz 12.5 mV/Pa 18 pF 20 - 160 dB

1/4" pressure 4 Hz - 70 kHz 1.6 mV/Pa 6 pF 35 - 170 dB

1/4" free-�eld 4 Hz - 100 kHz 1.6 mV/Pa 6 pF 35 - 170 dB

1/8" pressure 6 Hz - 140 kHz 1 mV/Pa 3 pF 50 - 175 dB

Table 2.1: Spei�ations of di�erent measuring mirophones.

2.2 Dynami mirophone

2.2.1 Priniple of operation

Figure 2.14 shows in a setion view the prinipal onstrution of a dynami mirophone.

coil

membrane

magnet

Figure 2.14: Prinipal building of a dynami mirophone.

A oil that is suspended in a magneti �eld is attahed to the membrane. The movement of the

membrane and the oil indues a voltage U :

U = uBl (2.11)

3

T. Shärer, Phantom-Speisung für Kondensatormikrophone, MegaLink 21/1999
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where

u: veloity of the oil and the membrane

B: magneti �eld or magneti indution

l: length of the wire of the oil

The eletrial output (voltage U) of the mirophone is thus proportional to the veloity of the membrane

with the onsequene that the system has to be operated at resonane. To realize a su�ient wide band

of �at frequeny response, several resonanes have to implemented. This leads to muh more omplex

strutures of dynami mirophones ompared to ondenser mirophones. The additional resonanes

an be realized in many di�erent ways. In the following setion one example is disussed in more detail.

2.2.2 Complete equivalent network

The relevant aoustial and mehanial omponents are shown in Figure 2.15.

coil

membrane

magnet

protection grid

transformer

cavity

tubecanal

Figure 2.15: Setion view of a dynami mirophone.

The following elements have to be onsidered in the equivalent eletrial network:

p1, p2 sound pressure in front of the mirophone and at the loation of the exit of the tube

MA1 aoustial mass in front of the protetion grid

MA2, RA2 aoustial mass and resistane of the holes in the protetion grid

CA3 aoustial ompliane of the air between protetion grid and membrane

m, s mass of the membrane and the oil, sti�ness of the membrane and the suspension

CA4 aoustial ompliane of the air between membrane and magnet

MA5, RA5 aoustial mass and resistane of the air in the dampened anal through the magnet

CA6 aoustial ompliane of the air in the rear avity of the mirophone

MA7, RA7 aoustial mass and resistane of the air in the tube

MA8 aoustial mass of the air moving at the outer end of the tube

The equivalent network is shown in Figure 2.16.

The network in Figure 2.16 ontains two gyrators. They an be eliminated by dual onversion of the

network part shown in gray. It should be noted that the whole eletrial setion has to be inluded in

the onversion as well. As onversion onstant r = 1/A (A: area of the membrane) is hosen. The

onverted part is shown in Figure 2.17.

The 1 : Bl transformer remains in the network but gets an modi�ed onversion fator. Furthermore

the original output voltage has now beome a short iruited output urrent.

For low frequenies where the wave length is muh larger than the dimensions of the mirophone, the

two sound pressures p1 and p2 are almost idential. For high frequenies this approximation is no longer
valid. However in this ase the impedane of the tube is so high that there is almost no air movement

in the tube. For that reason it is possible to set generally p1 = p2 in the network. With insertion of

the dually onverted part, the �nal equivalent network is found as shown in Figure 2.18.
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MA1

MA2
MA5

MA7

MA8

RA2

RA5

RA7

CA3 CA6

Rel Lel

1/ s

m

1 : A 1 : A

1 : Bl
p1

p2

U

CA4

Figure 2.16: Complete network of the dynami mirophone.

1/A2R
el

A2L
el

A2/sm/A2

1 : 1

Bl : 1

1 : 1

I

Figure 2.17: Dually onverted part of the network of the dynami mirophone.

M
A1

M
A2

R
A2

C
A6

MA8
MA7

RA7

C
A3

C
A4

A2/s m/A2

RA5
MA5

I

p

Bl : 1

Figure 2.18: Complete equivalent network of the investigated dynami mirophone.

2.2.3 Simpli�ed networks for di�erent frequeny ranges

In the above disussed example of a dynami mirophone �ve di�erent frequeny ranges an be iden-

ti�ed. In eah ase ertain elements dominate while the others an be negleted. The orresponding

simpli�ed networks are shown in Figures 2.19 to 2.23.

Very low frequenies

For very low frequenies the indutanes an be replaed by a short-iruit. The only relevant a-

paitanes are CA6 and A2/s. The resulting frequeny response shows an inrease with 12 dB per
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otave.

Figure 2.19: Simpli�ed network of the dynami mirophone for very low frequenies.

First resonane (around 40 Hz. . .100 Hz)

The lowest resonane is determined by the tube and the rear avity of the mirophone. The relevant

elements are the aoustial masses MA7 and MA8 and the aoustial ompliane CA6.

Figure 2.20: Equivalent network of the dynami mirophone for the lowest resonane.

Seond resonane (around 100 Hz .. 2 kHz)

Above 100 Hz the impedane of the tube beomes so large that this path an be negleted. and the

aoustial ompliane CA6 an be replaed by a short-iruit. The relevant elements are the mehanial

mass and sti�ness of the membrane. This resonane is dampened by the aoustial resistane RA5 in

the anal.

Figure 2.21: Equivalent network of the dynami mirophone for the seond resonane.

Third resonane (around 2 kHz .. 5 kHz)

The behavior in this frequeny range is determined by the mehanial mass of the membrane and the

aoustial ompliane CA4 of the air between the membrane and the magnet. The mehanial sti�ness

of the membrane an be negleted.

Figure 2.22: Equivalent network of the dynami mirophone for the third resonane.

Fourth resonane (around 5 kHz .. 8 kHz)

The highest frequeny range is dominated by the aoustial mass of the air in front of the membrane

and the aoustial mass of the air in the holes of the protetion grid as well as by the aoustial

ompliane of the air between protetion grid and membrane.
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Figure 2.23: Equivalent network of the dynami mirophone for the fourth resonane.

By proper distribution of the resonanes it is possible to realize an essentially �at frequeny response

over a wide frequeny range as shown in Figure 2.24.

log (f)
[Hz]

log |Frequenzgang|

40 100 2 k 5 k 8 k

Figure 2.24: Frequeny response of the disussed dynami mirophone.

2.3 Mirophone diretivity

As mentioned above it is possible to selet the diretivity (sensitivity regarding the angle of sound

inidene) of a mirophone independently of the onversion priniple. The diretivity is determined by

the on�guration of the membrane relative to the sound �eld.

2.3.1 Omnidiretional mirophone

An omnidiretional sensitivity (Figure 2.25) is reahed by a membrane on�guration with only the front

side exposed to the sound �eld. In this ase the mirophone senses the sound pressure whih is a salar

quantity and thus ontains no diretional information. However for high frequenies the mirophone

body introdues a sound �eld distortion that depends of the angle of inidene. Measuring mirophones

are almost always omnidiretional mirophones.

Figure 2.25: Polar plot of an omnidiretional diretivity for a membrane that is exposed only one-sided

to the sound �eld.
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2.3.2 Figure of eight mirophone

If both sides of a membrane are ompletely exposed to the sound �eld, the mirophone gets a �gure of

eight diretivity (Figure 2.26). The output signal is proportional to the osine of the angle of inidene

relative to the membrane normal diretion.

Figure 2.26: Polar plot of a �gure of eight diretivity for a membrane where both sides are exposed to

the sound �eld.

The membrane movement is the result of the net fore ating on it whih is proportional to the

sound pressured di�erene on both sides of the membrane. An inident sound wave with arbitrary

diretion will at on one side �rst and somewhat later on the seond side. The delay orresponds to

a path length di�erene of ∆x whereby ∆x depends on the osine of the inident angle. For low

and mid frequenies the relevant sound pressure di�erene on both sides of the membrane an be

interpreted with good approximation as sound pressure gradient. Mirophones with this diretivity are

thus sometimes alled pressure gradient mirophones.

From Newton's law a relation between the sound pressure gradient and the temporal derivative of the

sound partile veloity an be dedued:

gradp = −ρ
∂v

∂t
(2.12)

For harmoni time dependenies, Eq. 2.12 beomes in omplex writing with v = v̌ejωt
:

gradp = −ρjωv (2.13)

From Eq. 2.13 follows that pressure gradient mirophones are sound partile veloity sensors. In order

to obtain a �at frequeny response, the ω proportionality has to be ompensated for. This an be done

e.g. with a dynami mirophone that operates above resonane. An example of suh an implementation

is the ribbon mirophone.

2.3.3 Cardioid mirophone

Cardioid mirophones are a �rst form of diretional mirophones. Their sensitivity is signi�antly higher

for frontal sound than for sound from the rear. The orresponding polar plot is shown in Figure 2.27.

The output signal U of the ardioid mirophone depends of the sound inident angle α aording to

U(α) ∼ 0.5(1 + cosα) (2.14)

As in ase of the �gure of eight mirophone, both sides of the membrane of a ardioid mirophone are

exposed to the sound �eld. By introduing additional delay elements it an be reahed that for sound

inidene under 180◦ (from the rear), the sound pressure di�erene vanishes and thus the sensitivity

of the mirophone tends to 0. Besides the standard ardioid diretivity, further variants suh as

superardioid and hyperardioid are in use. Figure 2.28 shows the polar plots of the family of ardioid

mirophones.

A possible realization of a ardioid mirophone

4

is shown in Figure 2.29. An air avity with aoustial

4

Leo L. Beranek, Aoustis, Aoustial Soiety of Ameria, 1954/1986.
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Figure 2.27: Polar diagram of a ardioid mirophone.

Figure 2.28: Comparison of the diretivity of ardioid, superardioid and hyperardioid mirophones

(from left to right).

ompliane CA is bounded on one side by the membrane. At the other end an opening with an aoustial

resistane RA is inserted. The sound pressures on both sides of the mirophone is labeled as p1 and p2.
The path length di�erene ∆x from the front to the rear side of the membrane depends of the sound

inidene diretion α and orresponds to

∆x = ∆l cos(α) (2.15)

membrane

air cavity C

p1 p2

A

acoustical

resistance R A

Δl

Figure 2.29: Possible realization of a ardioid mirophone. The onversion elements are omitted.

A sound wave inident from diretion α is assumed. With the x axis pointing in the propagation

diretion it an be written:

p1 = p̂ej(ωt−kx)
(2.16)

With this, p2 an be expressed as:

p2 = p1 +
∂
(

p̂ej(ωt−kx)
)

∂x
∆l cos(α) = p1

(

1− j
ω

c
∆l cos(α)

)

(2.17)
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The equivalent eletrial network an then be developed as shown in Figure 2.30 where the impedane

of the membrane is denoted as ZAD.

p1 p2
CA

ZAD RA

pD

QD
Qo

Figure 2.30: Equivalent network of the ardioid mirophone. ZAD denotes the impedane of the

membrane.

For the network in Figure 2.30 follows:

p1 = QD

(

ZAD +
1

jωCA

)

− Q0

jωCA
(2.18)

p2 = −Q0

(

RA +
1

jωCA

)

+
QD

jωCA
(2.19)

Solving both equations (2.18) and (2.19) for QD yields the sound pressure di�erene aross the mem-

brane

pD = QDZAD =
ZAD

(

p1RA + p1−p2

jωCA

)

ZADRA − jRA+ZAD

ωCA

(2.20)

Insertion of Eq. (2.17) in (2.20) results in:

pD = p1
ZAD

(

RA + ∆l cos(α)
cCA

)

ZADRA − jRA+ZAD

ωCA

(2.21)

For suitable dimensioning

ZAD ≫ RA (2.22)

and

1

ωCARA
≫ 1 (2.23)

Eq. 2.21 an be simpli�ed as:

pD ≈ p1jωCARA

(

1 +
∆l cos(α)

cCARA

)

(2.24)

With seletion of the onstant B, where

B =
∆l

cCARA
(2.25)

the diretivity of the mirophone an be adjusted. For the lassial ardioid mirophone B has to be set

to 1. It should be noted that a 1/ω orretion is neessary in order to realize a �at frequeny response.

2.3.4 Mirophones with swithable diretivity

Probably the �rst mirophone with swithable diretivity was the legendary U47 from Neumann, dating

from 1947. The U47 used two ardioid apsules that were mounted bak to bak. The diretivity of

eah of the two apsules an be expressed as funtion of sound inidene angle α as follows

apsule 1 → 1 + cosα

apsule 2 → 1− cosα (2.26)
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If only the apsule faing the soure is used, the mirophone has a ardioid harateristis. If the

signals of the two apsules are summed up, an omnidiretional mirophone results. The di�erene

yields a �gure of eight harateristis (see Table 2.2). By suitable saling of one of the two signals,

further harateristis an be realized.

operation signal diretivity

apsule 1 1 + cosα ardioid

apsule 1 + apsule 2 1 + cosα+ 1− cosα = 2 omnidiretional

apsule 1 - apsule 2 1 + cosα− (1 − cosα) = 2 cosα �gure of eight

Table 2.2: Possible mirophone diretivities with two ardioid apsules that are mounted bak to bak.

Usually only one ommon bak plate is used in the on�guration of two bak to bak ardioid apsules

(Figure 2.31). The holes in the bak plate are of small diameter in order to realize an aoustial

resistane (Figure 2.29). These mirophones are usually built with large membranes.

membranes

back plate

holes

air cavities

Figure 2.31: Setion view of an eletrostati mirophone in form of two ardioid apsules with one

ommon bak plate.

2.3.5 Diretional mirophone

In some appliations mirophones are needed that exhibit a more pronouned diretional seletivity

than a ardioid harateristis. The solution lies in the sampling and phase sensitive aumulation of

the sound �eld over a region that is large ompared to the wave length. The summation is organized

in suh a way that for wanted diretions the ontributions add up onstrutively while unwanted

diretions are attenuated by destrutive interferene.

A �rst possibility is a paraboli mirror

5

. Hereby the mirophone apsule is mounted at the foal point

of the parabola. This arrangement yields strong ampli�ation of on-axis sound inidene, however only

if the dimension of the mirror is large ompared to the sound wave length.

A seond variant is a line mirophone. A line mirophones onsists of a long and narrow tube with

openings in equidistant spaing. If a sound wave hits the tube end and the openings, seondary waves

are emitted. These waves propagate inside the tube to the losed end where the mirophone apsule

is loated. For on-axis sound inidene all ontributions add up in phase to maximal amplitude. For

lateral sound inidene, the seondary waves have all di�erent phase and will thus interfere more or less

destrutively. Figure 2.32 shows the frequeny response of a tube of length 50 m for sound inidene

0◦ (on axis) and 90◦. As an be seen, the diretional sensitivity shows up only for frequenies with

wave lengths that are larger than the length of the tube. In onrete realizations of tube mirophones,

variable aoustial resistanes are put in the openings in order to ompensate for the damping inside

the tube.

5

Sten Wahlstrom, The Paraboli Re�etor as an Aoustial Ampli�er, Journal of the Audio Engineering Soiety, vol.

33, p.418-429 (1985)
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Figure 2.32: Example of a frequeny response of a tube mirophone of length 50 m for 0◦ and 90◦

sound inidene.

Instead of having holes distributed along a tube, several mirophone apsules an be plaed in a linear

arrangement. By adjusting the delays before summing up the mirophone signals, the sound inidene

diretion for maximal sensitivity an be adjusted without manipulation of the geometry.

2.3.6 Proximity e�et

Mirophones with a diretional seletivity (suh as �gure of eight or ardioid) produe an output signal

that depends on the sound pressure di�erene at two points in the sound �eld. This pressure gradient

is related to the sound partile veloity (Eq. 2.27). Therefore these mirophones an be regarded as a

sort of veloity sensors.

∂p

∂x
= −ρ

∂vx
∂t

(2.27)

In it's near-�eld and at low frequenies, a point soure produes large sound partile veloity amplitudes

ompared to the sound pressure amplitude. In this ase the impedane is signi�antly smaller than in

the sound �eld of a plane wave. Thus if the mirophone is sensitive to sound partile veloity, it's

output shows strong ampli�ation for low frequenies and lose to the soure. This phenomenon is

alled proximity e�et. Some mirophones have built in �lters to ompensate for this e�et (note that

this an be perfetly adjusted for one spei� soure-mirophone distane only). However in some ases

the low frequeny enhanement is desirable as e.g. a voie may sound warmer and more voluminous.

2.4 Exoti transduers

Besides eletrostati and dynami mirophones there exist further transduer types that are used for

speial appliations.

2.4.1 Miro�own

The miro�own transduer was invented by the university of Twente in Enshede, the Netherlands.

However the basi ideas and onepts are already quite old. In ollaboration with Sennheiser the

ompany Miro�own Tehnologies B.V.

6

developed a ommerial produt

7

,

8

. The miro�own

transduer onsists of two hot wires (heated up to 200. . .400◦) and evaluates the ooling e�et by

mirosopial wind whih is produed by the sound partile veloity (Figure 2.33).

If the sound partile veloity vetor points from one wire to the other, the ooling e�et is more pro-

nouned for the �rst wire than for the seond one. The resulting temperature di�erene is proportional

6

http://www.miro�own.om/

7

Jörg Sennheiser, MICRO-MINIATURIZED MICROPHONE FOR COMMUNICATION APPLICATIONS, 2nd Conven-

tion of the EAA, Berlin, 1999.

8

W.F. Druyvesteyn, H.E. de Bree, A Novel Sound Intensity Probe Comparison with the Pair of Pressure Mirophones

Intensity, Journal of the Audio Engineering Soiety, vol. 48, p.49-56 (2000)
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to the sound partile veloity and an be evaluated eletronially. The sensitivity of the transduer

dereases for higher frequenies due to the fat that the mass of the wires prevents to follow the quik

temperature variation. In general, the sensitivity of the miro�own sensor is rather low whih manifests

in a relatively high self noise. The diretional sensitivity orresponds to a �gure of eight diretivity.

This diretivity is preserved up to high frequenies as the dimensions of the sensor are small.

Figure 2.33: Constrution of a miro�own sensor. The two wires of approximately 1 mm length serve

at the same time as heating elements and temperature sensors.

2.4.2 Sound�eld Mirophone

The sound�eld mirophone is a ommerially available mirophone system that aptures sound by

four nearly oniident ardioid apsules. Signals obtained by a sound�eld mirophone are - after some

proessing - suitable for reprodution by an ambisonis system.

The four ardioid apsules are arranged at the orners of a tiny tetrahedron. By eletroni �ltering,

the apsule signals are interpolated to the enter of the tetrahedron

9

. The oniidene an be ahieved

up to a frequeny of about 10 kHz. The �ltered apsule signals (LF, RF, LB, RB) form the so alled

A-format. By linear-ombination, the orresponding B-format signals are obtained:

W = LF + LB +RF +RB (2.28)

X = LF − LB +RF −RB

Y = LF + LB −RF −RB

Z = LF − LB −RF +RB

2.5 Mirophone measurements

The requirements to measure mirophones are rather high. Usually measurements have to be performed

under free �eld onditions whih makes a re�etion free hamber neessary. In addition, to investigate

the lower end of the dynami range, an extremely quiet environment is needed.

2.5.1 Frequeny response measurements

For the exitation of the mirophones usually loudspeakers are used. A di�ulty is that the frequeny

response of the loudspeaker is in almost all ases worse than the expeted response of the mirophone.

For that reason frequeny response measurements of mirophones need a referene mirophone for

omparison purposes. Of ourse the properties of the referene mirophone have to be superior om-

pared to the mirophone under test. A omplete doumentation of the frequeny response is the plot

of the urve. If a spei�ation by a few �gures is needed, the lower and upper limiting frequenies are

indiated for a deviation of ±x dB relative to the referene sensitivity at 1 kHz. x is usually understood

as 3 dB or in some ases as 6 dB.

9

M. Gerzon, The Design of Preisely Coinident Mirophone Arrays for Stereo and Surround Sound, Paper No. L-20,

AES Convention, Marh 1975.

37



2.5.2 Mirophone diretivity

The diretivity of a mirophone is evaluated at a few disrete frequenies (e.g. in otave steps). The

mirophone under test is mounted on a turntable. For a onstant exitation by a loudspeaker, the

diretivity is obtained by reording the mirophone level as a funtion of sound inidene angle.

2.5.3 Non-linear distortion - maximum sound pressure level

The evaluation of non-linear distortions of a mirophone makes it neessary to generate sound �elds

with very high undistorted sound pressure (140 up to 160 dB). As diret radiating loudspeakers would

introdue exorbitant distortions, triks suh as Helmholtz resonators (spei�ally tuned bass re�ex

abinets) are needed. The measurements are usually performed at 1 kHz. The maximum sound

pressure level of a mirophone is de�ned as the level that leads to a ertain limit of the distortion fator

(0.5%, 1%). The maximum sound pressure level of mirophones with small membranes an easily reah

values above 140 dB.

2.5.4 Self-noise

Self-noise desribes the fat that any mirophone generates a ertain output signal even if there is no

sound exitation at all. This self-noise is expressed as equivalent sound pressure level that orresponds

to the output voltage of the mirophone without exitation. Usually the A-weighting is applied to

aount for the frequeny dependent sensitivity of the ear. In this ase the spei�ations use the term

� aording to IEC 651�. Large membrane mirophones reah values as low as 10 dB(A). Alternatively

a frequeny weighting aording to CCIR bzw. ITU-R 468 may be used. This weighting gives typially

11. . .14 dB higher levels.
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Chapter 3

Loudspeakers

3.1 Transduer priniples

3.1.1 Eletrodynami loudspeaker

The eletrodynami loudspeaker gets it's exitation in form of the fore that ats on a ondutor in a

magneti �eld. This fore F is given as

F = BlI (3.1)

where

B: magneti �eld or magneti indution

l: length of the ondutor

I: urrent

On the other hand a movement of the ondutor indues a voltage U with

U = Blu (3.2)

where

B: magneti �eld or magneti indution

l: length of the ondutor

u: veloity of the ondutor

3.1.2 Eletrostati loudspeaker

The eletrostati loudspeaker gets it's exitation in form of the eletrostati fore F that ours between

plates of di�erent potential where

F =
ǫ0SU

2

2x2
(3.3)

with

ǫ0: eletri �eld onstant = 8.85×10−12
AsV

−1
m

−1

S: area of eah of the two plates

U : voltage between the plates

x: distane between the plates

The relation between voltage and fore in Eq. 3.3 is not linear. To approximate linear behavior, a bias

voltage is needed. To guarantee proper operation, this bias voltage has to be hosen muh larger than

the highest signal voltage.
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3.2 Sound radiation of a membrane

3.2.1 Radiated power

The aoustially radiated power of a moving membrane in its piston mode depends on the membrane

veloity, the area of the membrane and the medium in whih sound is radiated. The loading of the

membrane by the medium an be desribed by the radiation impedane ZRo where

ZRo =
p

v
(3.4)

with

p: average sound pressure on the membrane surfae

v: normal omponent of the sound partile veloity on the membrane surfae (equals the mehanial

veloity of the membrane)

The radiation impedane desribes the sound pressure amplitude that establishes for a given membrane

veloity. The alulation of the radiation impedane requires wave theoretial approahes. In the ase

where the membrane is surrounded by a wall of in�nite extension, the Rayleigh integral an be applied.

An alternative de�nition for the radiation impedane is based on the volume �ow instead of the sound

partile veloity:

ZR =
p

Q
(3.5)

with

p: average sound pressure on the membrane surfae

Q: volume �ow (produt of partile veloity and area of the membrane)

The de�nition (3.5) for ZR di�ers from (3.4) for ZRo in a saling by the membrane area only. The

de�nition with the volume �ow is very well suited for usage in the ontext of equivalent eletrial iruits.

Usually the radiation impedane is a omplex quantity indiating that there is an ative and a reative

omponent. The ative omponent leads to e�etive sound radiation while the reative omponent

orresponds to air that is moved bak and forth in front of the membrane.

The sound power W that is e�etively radiated by a membrane is given as

W = Q2Re[ZR] (3.6)

with

Q: volume �ow

Re[ZR]: real part of the radiation impedane

The radiation impedane ZRo of a membrane mounted in a in�nitely extended wall has Real and

Imaginary parts aording to Figure 3.1 (top). The parameter ka is the produt of the wave number

k = 2π/λ and the radius a of the membrane. For small ka values the Real part of the radiation

impedane is proportional to k2. For ka > 2 the Real part is almost onstant and approximates the

value of the impedane of plane waves. The bottom part of Figure 3.1 shows the radiation impedane

for the free membrane. Here for small ka values the Real part inreases proportional to k4. From this

follows that the free membrane is very ine�ient in radiating low frequenies.

In equivalent eletrial networks, the radiation impedane is usually inserted as a frequeny dependent

resistor (Real part) and an indutane (Imaginary part) arranged in series. If a deviation of about ± 30%

an be aepted, the radiation impedane an be represented by a frequeny independent resistane

R = ρc and an indutane L = ρa/
√
2 in parallel

1

.

3.2.2 Radiation diretivity

The radiation diretivity of a vibrating membrane mounted in an in�nitely extended wall an be deter-

mined by evaluating the Rayleigh integral. It expresses the sound pressure p at an arbitrary position in

spae by the integration of the membrane veloity v̌n over the surfae of the membrane S:

1

B. B. Bauer, Notes on Radiation Impedane, J. Aoustial Soiety of Ameria, v. 15, p. 223-224 (1944).
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Figure 3.1: Real- and Imaginary part of the radiation impedane ZRo as a funtion of ka (k: wave

number, a: radius of the membrane). The impedane is shown relative to the free �eld impedane of

the plane wave ρc. Top: membrane mounted in an in�nitely extended wall, bottom: free membrane.

p̌ =
jωρ

2π

∫

S

v̌n
1

r
e−jkrdS (3.7)

Under the assumption that the reeiver position is not too lose to the membrane, the 1/r term in the

integral (3.7) is in a �rst order approximation onstant. The integration has to onsider the phase term

only. The solution an �nally be expressed with help of Bessel funtions:

p̌(φ) =
v̌n
r0

jka2ρc
J1(ka sin θ)

ka sin θ
(3.8)

with

v̌n: veloity of the membrane
r0: referene distane
k: wave number = 2π/λ
a: radius of the membrane
θ: angle between the membrane normal vetor and the diretion to the reeiver point

Figure 3.2 shows examples of resulting diretivities.
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Figure 3.2: Radiation diretivity for a membrane in an in�nitely extended wall for ka = 1, ka = 2,
ka = 5, ka = 10 (from left to right), shown as polar diagrams with a saling of 10 dB per division.

3.3 Eletrodynami loudspeaker

3.3.1 Priniple of operation

Figure 3.3 shows the setion view of the onstrution of an eletrodynami loudspeaker. The one-

like membrane is driven by a oil that an move bak and forth in a magneti �eld. At the outer

irumferene the membrane is suspended to a ring by a soft spring. The inner part of the membrane

is entered by an inner suspension (spider) to restrit the motion of the loudspeaker to one diretion.

coil

cone

inner suspension

outer suspension

permanent magnet

dust cap

Figure 3.3: Setion view of the onstrution of an eletrodynami loudspeaker.

3.3.2 Equivalent network

Referring to Figure 3.3, the following elements for the equivalent iruit an be identi�ed:

MAR, RAR aoustial mass and resistane of the air at the rear side of the membrane (orresponding

to real and imaginary part of the radiation impedane)
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m, s mehanial mass of the membrane and the oil and sti�ness of the membrane and the suspension

Rm mehanial frition losses of the suspension of the membrane

MAV , RAV aoustial mass and resistane of the air at the front side of the membrane (orresponding

to real and imaginary part of the radiation impedane)

RE , LE eletrial resistane and indutane of the oil

The above elements are arranged to an eletrial equivalent network as shown in Figure 3.4. The

interfae to the onnetors of the loudspeaker is realized by a 1 : Bl transformer with oil resistane

RE and indutane LE. This represents in a orret way the driving fore that depends on the urrent

(3.1) and on the other hand the indued voltage that depends on the oil veloity (3.2).

MAR MAV

RAR

RAV

RE LE

1/ s
m

1 : A 1 : A

1 : Bl

U

1/ Rm

F

Figure 3.4: Equivalent eletrial network of the eletrodynami loudspeaker. F represents the driving

fore.

The two gyrators in Figure 3.4 an be eliminated by dual onversion with r = 1/A (Figure 3.5):

M
AR

M
AV

R
AR

R
AV

1/R
E
 A2

A2 L
E

A2/sm/A2 R
m
/A2

Bl
:
1

I = UA

Q

Figure 3.5: Equivalent eletrial network of the eletrodynami loudspeaker after dual onversion and

elimination of the gyrators.

The radiated power is given by the produt of the square of the volume �ow and the real part of the

radiation impedane. The volume �ow orresponds to the urrent in the RLC series onneted iruit.

Three frequeny domains an be distinguished:

• At low frequenies the apaitane is dominating. Therefore Q inreases proportionally to ω.

• Around resonane, Q is maximal and only limited by the resistanes.

• Above resonane, the indutanes are dominating. The volume �ow Q dereases proportionally

to 1/ω.

To obtain a �at frequeny response (radiated power independent of frequeny) the loudspeaker has to

be operated above resonane where Q2 ∼ 1/ω2
ompensates for the ω2

dependeny of the real part of

the radiation impedane. This is ful�lled by a membrane in an in�nite wall for not too high frequenies

(ka < 1). This high frequeny limit an be overome to a ertain degree with a membrane onstrution
that separates the membrane area into a number of rings. The membrane is then tuned in suh a way

that for high frequenies only the inner part is in motion, resulting in smaller ka values.
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3.3.3 Nonlinearities

Up to now it was assumed that the elements in the equivalent iruit are onstant. However for higher

signal amplitudes this is no longer perfetly true. The mehanial spring elements representing the

inner and outer membrane suspension produe restoring fores that are no longer linearly related to the

exursion. In addition large exursion of the oil an lead to variations of the indutane of the oil LE

and the fore fator B × l.

3.3.4 Mounting in a abinet

The usage of an in�nitely extended wall for a loudspeaker is of ourse not a suitable approah. Indeed

the fundamental e�et of the wall is a separation of the front and rear side of the membrane. This

an be realized more onveniently by a box or abinet. However, the abinet introdues an additional

ompliane depending on the box volume. At the same time the radiation impedane on the rear side

is no longer relevant. Figure 3.6 shows the modi�ed equivalent network for a loudspeaker mounted in

a abinet.

M
AV

R
AV

1/R
E
 A2

A2 L
E

A2/sm/A2 R
m
/A2

Bl
:
1

I = UA

Q

CA

Figure 3.6: Equivalent eletrial network of the eletrodynami loudspeaker mounted in a abinet that

introdues an additional ompliane CA.

The aoustial ompliane that is introdued by the abinet is a apaitane CA that is in series to the

existing apaitor representing the membrane sti�ness. Due to this series arrangement the resulting

apaitane is smaller than the smaller of the two. This leads to an inrease of the resonane frequeny

and thus to an inrease of the lower limiting frequeny of the loudspeaker. This unwanted e�et an

be kept in limits if the volume of the abinet is not too small. In addition, if the abinet is �lled with

damping material, the proesses in the box are no longer adiabati but isothermal whih inreases the

e�etive volume by 15 %.

An other approah to virtually simulate larger box volumes is the usage of the adsorption e�et of

ertain porous materials

2

. These materials an aumulate or adsorb gas moleules at their surfae.

During the ompression phase a ertain portion of the air inside the abinet is assimilated by the

material. This redues the density of the air and thus redues the sti�ness of the aoustial ompliane.

During the deompression phase this proess is reversed. The e�etive volume seems larger by a fator

of about 1.5 to 3 ompared to the geometrial one.

Finally after ombining orresponding elements and after dual onversion of the omplete network

with a onversion onstant r = 1/A the equivalent network as shown in Figure 3.7 is found. This the

network that is usually presented in literature about dynami loudspeakers. As a simpli�ation the real

part of the radiation impedane an be negleted for low frequenies.

The volume �ow Q as quantity of interest has been transformed to the voltage U ′

S where

U ′

S =
Q

A
(3.9)

The other network elements are

2

J. R. Wright, The Virtual Loudspeaker Cabinet, Journal of the Audio Engineering Soiety, vol. 51, p.244-247 (2003).
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Figure 3.7: Simpli�ed equivalent eletrial network for the dynami loudspeaker mounted in a abinet.

C′

R = A2MAV +m (3.10)

L′

R =
A2

s CA

A2

s + CA

1

A2
(3.11)

R′

R =
1

Rm
(3.12)

The transformer in the above network (Figure 3.7) an be eliminated by saling of the impedanes on

the right hand side by B2l2 (Figure 3.8).

US

Loudspe -

klemmen

RE LE

U CR LR RR

loudspeaker

terminals

Figure 3.8: Network of the dynami loudspeaker after elimination of the transformer.

In Figure 3.8, the voltage US orresponds to:

US = BlU ′

S = Bl
Q

A
(3.13)

and the other elements are

CR =
1

B2l2
C′

R =
A2MAV +m

B2l2
(3.14)

LR = B2l2L′

R =
CA

s B2l2

A2

s + CA

(3.15)

RR = B2l2R′

R =
B2l2

Rm
(3.16)

With help of the network in Figure 3.8, the eletrial impedane as seen from the loudspeaker terminals

an be disussed. For very low frequenies the indutanes represent short-iruits. The impedane

is thus determined by RE and onsequently frequeny independent. For an inrease in frequeny

the impedanes of the indutanes beome larger and thus relevant (note: LR ≫ LE). CR and

LR represent a parallel resonant iruit. At resonane it's impedane is limited by RR. For further

inrease of the frequeny above resonane the impedane beomes smaller again and reahes RE as

the apaitane will more and more represent a short-iruit. For very high frequenies the indutane

LE of the oil omes into play. The impedane will inrease linearly with frequeny. Figure 3.9 shows
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Figure 3.9: Frequeny response (amplitude only) of the eletrial impedane as seen at the terminals

of a loudspeaker.

a typial frequeny response of the eletrial impedane at the loudspeaker terminals.

The harateristi impedane of a loudspeaker is given by the nominal impedane whih orresponds

to the minimum in the impedane urve above resonane. Typial values are 4 and 8 Ohms.

3.3.5 Frequeny response of sound pressure

As mentioned above, the radiation of the loudspeaker is determined by the veloity of the membrane

and the radiation impedane. For low frequenies an omnidiretional radiation with equal strength in

all diretions an be assumed. For a hassis mounted in a abinet, the sound pressure p at distane d
an be expressed as:

p(d) =

√

Wρ0c

4πd2
=

Q
√

Re[ZR]ρ0c√
4πd

(3.17)

where

W : radiated sound power

Q: volume �ow on the membrane (produt of membrane veloity and membrane area)

Re[ZR℄: real part of the radiation impedane

For low frequenies the real part of the radiation impedane of the membrane in a abinet (Figure 3.1)

an be approximated by:

Re[ZR] =
ρ0c

2
(ka)2

1

a2π
=

ρ0ω
2

2πc
(3.18)

with

k: wave number
a: radius of the membrane
ω: angular frequeny

Eq. 3.18 inserted in Eq. 3.17 yields

p(d) = Qω
ρ0

d
√
8π

(3.19)

With help of Eq. 3.13 the volume �ow Q in Eq. 3.19 an be expressed by the voltage US from the

network in Figure 3.8. Finally one gets:

p(d) = USω
ρ0A

d
√
8πBl

= USω
ρ0a

2

d
√
8Bl

(3.20)

With Eq. 3.20 and the network in Figure 3.8 the sound pressure frequeny response p(d)/U of the

loudspeaker an be determined:
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p(d)

U
=

US

U
ω

ρ0a
2

d
√
8Bl

(3.21)

The voltage transfer funtion US/U in Eq. 3.21 an be found with the network in Figure 3.8 for low

frequenies (LE an be negleted) as

US

U
=

jωLRRR

−ω2LRRRCRRE + jω(LRRR + LRRE) +RRRE
(3.22)

Eq. 3.22 inserted in Eq. 3.21 yields

p(d)

U
=

ρ0a
2

d
√
8Bl

1

j

1

RECR

−ω2LRCR

−ω2LRCR + jωLRRR+LRRE

RRRE
+ 1

(3.23)

The frequeny dependent part of Eq. 3.23 orresponds to a seond order high pass funtion and an

be expressed in the form:

G(jω) =
−ω2T 2

c

−ω2T 2
c + jω Tc

QTC
+ 1

(3.24)

with

T 2
c = CRLR = 1

ω2
c
, where ωc is the lower limiting angular frequeny of the high pass �lter (orrespond-

ing to the resonane of the loudspeaker)

QTC =
√
LRCR

RRRE

LRRR+LRRE
(quality fator of the high pass �lter)

Insertion of the element values yields as quality fator:

QTC =
1

ωc

CA
s

A2

s
+CA

(

Rm + B2l2

RE

)
(3.25)

Figure 3.10 shows the resulting frequeny response p(d)/U for di�erent values of the quality fator

QTC
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Figure 3.10: Sound pressure frequeny response of the dynami loudspeaker for di�erent values of the

quality fator QTC (absissa: frequeny relative to the resonane fc).

3.3.6 Thiele-Small parameter

The spei�ation of a loudspeaker hassis is usually based on the so alled Thiele-Small parameters:

Resonane frequeny fs [Hz℄:

The resonane frequeny of the hassis indiates the lower end of the frequeny range of operation.
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The resonane frequeny an be determined most easily from the peak in an eletrial impedane

measurement. The relation between the orresponding angular frequeny and the elements introdued

above is:

ωs =

√

s

A2MAV +m
(3.26)

Compliane equivalent volume VAS [l℄:

The sti�ness s of the membrane and the supporting devie is expressed by an equivalent volume VAS

of equal ompliane. For that purpose the mehanial spring is transformed into an aoustial system.

As shown in Figure 3.5 the spring beomes a apaitane with CF = A2/s. The aoustial ompliane
of the air volume VAS orresponds to a apaitane CAS = VAS/ρ0c

2
. From the postulation of equal

apaitanes follows

1

s
A2 =

VAS

ρ0c2
(3.27)

Quality fators:

For an RLC parallel resonane iruit the quality fator Q of the resonane in the impedane response

is given as

Q = RCωs (3.28)

where

Q: Quality fator orresponding to the ratio of the resonane frequeny to the -3 dB bandwidth

ωs: angular frequeny at resonane

The LC parallel resonane iruit in Figure 3.8 is damped in two ways. The resistane RR represents

mehanial damping, while RE is responsible for the damping on the eletrial side (assuming an ideal

driving voltage soure). Consequently two quality fators an be spei�ed:

Mehanial Q fator QMS :

QMS = ωsCRRR = ωs
A2MAV +m

Rm
(3.29)

Eletrial Q fator QES :

QES = ωsCRRE = ωs
A2MAV +m

B2l2
RE (3.30)

Total Q fator QTS : The total Q fator is then given as

QTS =
QMSQES

QMS +QES
=

1

ωs

s

(

Rm + B2l2

RE

)
(3.31)

Area of the membrane A [m2℄

DC resistane RE [Ohm℄

Fore fator B × l [T·m℄

The Thiele-Small parameters Q, VAS , fs and RE an be determined from the amplitude response of

the eletrial impedane at the hassis terminals. This measurement has to be performed one for the

hassis in free air and one built in in a abinet of known volume

3

.

As mentioned above, the hassis has to be mounted in a abinet to get a �at frequeny response. The

behavior at the lower end of the operating range is determined by the resulting resonane frequeny fc
and the total quality fator QTC . For a abinet of e�etive volume VB follows:

fc = fs

√

VAS

VB
+ 1 (3.32)

3

R. H. Small, Diret-Radiator Loudspeaker System Analysis, J. Audio Eng. So., vol. 20, n.5, p.383-395 (1972).
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and

QTC = QTS

√

VAS

VB
+ 1 (3.33)

3.3.7 Veloity and displaement of the loudspeaker membrane

As seen above the dynami loudspeaker has to be operated above it's resonane frequeny. Consequently

the membrane veloity shows in the frequeny range of interest an amplitude response that is inversely

proportional to frequeny. The membrane displaement follows thus a 1/f2
behavior. The question of

maximum exursion of the membrane has to be disussed at the lower end of the operating range.

3.3.8 Bass re�ex abinet

The reprodution of low frequenies is one of the fundamental hallenges in the onstrution of

loudspeakers. A trik to improve the low frequeny behavior is the usage of so alled bass re�ex

abinets (Figure 3.11). This abinet type is equipped with an additional opening that is onneted

to the interior with a tube of distint length and ross setion. The mass of the air in the tube ats

together with the ompliane of the air in the abinet as a spring-mass resonator. By appropriate

tuning of this resonane, the range of operation of the loudspeaker an be extended somewhat towards

lower frequenies. At resonane the osillation of the air in the tube is maximal while the membrane

motion is minimal. The sound radiation is generated by the tube alone.

A serious draw bak of the bass re�ex abinet is a worsened transient response. In addition, if narrow

tubes are used, �ow indued noise an our as the sound partile veloity in the tube may beome

very large. This noise has broad band harater, however shows a maximum around the tube resonane

(tube length = λ/2). An improvement in this respet is the widening of the tube diameter towards the

opening

4

. On the other hand the shape of the tube shall not be too onial as no longer an osillating

air olumn is formed.

RP,MP

Figure 3.11: Bass re�ex abinet. An additional resonane is introdued by the interation of the air

mass Mp (and resistane Rp) in the tube and the ompliane of the abinet volume.

An alternative onstrution priniple is the passive membrane system. Hereby the mass is realized

mehanially by an additional membrane that has no oil and is therefore not driven atively. This

membrane introdues an additional sti�ness that adds to the ompliane of the air in the abinet.

3.3.9 Bandpass abinet

A modi�ation of the bass re�ex abinet is the bandpass abinet (Fig. 3.12). It is sometimes used for

sub-woofers that have to radiate low frequenies only. Hereby the driving hassis is mounted inside the

abinet. It ats on the air volume inside the abinet whih itself makes osillate the air in a tube that

is responsible for the exterior radiation. By this aoustial �lter the radiation of higher frequenies is

suppressed as desired for a sub-woofer.

4

N. B. Roozen et. al. Vortex sound in bass-re�ex ports of loudspeakers, Journal of the Aoustial Soiety of Ameria,

vol. 104, p.1914-1924 (1998).
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Figure 3.12: Bandpass abinet. The aoustial ompliane and the aoustial mass form an aoustial

�lter that attenuates the radiation at higher frequenies.

3.3.10 Feed-bak strategies

Espeially near resonane, loudspeaker hassis show non-optimal transient behavior. In addition, for

large membrane exursions non-linearities may our that produe harmoni distortions. Both aspets

an be signi�antly improved by the introdution of a feed-bak loop. A �rst idea is to install a seond

oil that indues a voltage proportional to the membrane veloity. This voltage an be used as a

feed-bak signal. Other methods make usage of information about the momentary displaement of the

membrane

5

.

A very elegant method is the ombination of a loudspeaker hassis with a driving power ampli�er that

has a negative output impedane that ompensates the resistane of the oil of the hassis

6

. From

the equivalent eletrial network of the dynami loudspeaker (Figure 3.8) an be seen that suh a

ompensation allows for diret ontrol of the veloity of the membrane by the driving voltage. In this

ase the neessary 1/f dependeny of the veloity has to be realized by an eletrial �lter that ats

on the signal voltage. For high frequenies the indutane of the oil beomes relevant and makes the

ompensating e�et less e�etive. The negative output impedane is realized in a pratial appliation

by superposition of a voltage signal that is dedued from the measured output urrent. This has the

e�et that an inrease of the output urrent produes an inrease of the output voltage. To avoid

instability of the system it has to be guaranteed that the sum of the negative output impedane and

the resistane of the oil is greater than 0 at any time.

3.3.11 Digital equalizing

An other method to improve the non-ideal behavior of loudspeakers is to use digital �lters

7

. A promising

strategy is to measure the impulse response h(t) of the loudspeaker and then to alulate the inverse

�lter g(t) where h(t) ∗ g(t) = δ(t). By pre-�ltering of the signal with g(t) - at least theoretially - a

system with perfet sound pressure impulse response and frequeny response is obtained. Of ourse

there is a limitation by physial onstraints. If the radiation of the hassis itself is weak at ertain

frequenies, the inverse �lter will introdue very high ampli�ations and thus very high voltages that

an destroy the hassis. Furthermore as the radiation harateristis of a loudspeaker varies with angle,

a perfet ompensation is possible for one distint diretion only. And �nally it should be noted that

non-linear behavior an not be orreted by digital equalizing.

3.4 Horn loudspeaker

The radiation of a piston mounted in a wall or a abinet is very ine�ient as the real part of the

radiation impedane is low in the typial frequeny range of operation. The introdution of a horn

(Figure 3.13) improves the e�ieny signi�antly due to a more optimal impedane mathing.

Most ommon are exponential horn shapes. The ross setional area S an be desribed as

5

W. Geiger, Servo Control of Loudspeaker Cone Motion Using an Optial Linear Displaement Sensor, J. Audio

Engineering Soiety, vol. 53, p.518-524 (2005).

6

K. E. Stahl, Synthesis of Loudspeaker Mehanial Parameters by Eletrial Means, J. Audio Eng. So., v.29, p.

587-596 (1981).

7

Matti Karjalainen et. al., Comparison of Loudspeaker Equalization Methods Based on DSP Tehniques, J. Audio

Eng. So., v.47, p. 14-31 (1999).
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Figure 3.13: Example of a horn loudspeaker. The horn is folded to ahieve a smaller overall length of

the speaker.

S(x) = ST e
mx

(3.34)

where

S(x): ross setional area at position x
ST : ross setional area at the throat (x = 0)
m: geometrial onstant

If the length of the horn and the irumferene at the mouth that are larger than the wavelength, the

horn an be regarded as in�nitely extended and no signi�ant re�etions our at the mouth. Assuming

that the ross setional area in the horn hanges only slowly, the sound propagation an be regarded

as plane. In this ase the onerning di�erential equation is

8

∂2p

∂t2
− c2m

∂p

∂x
− c2

∂2p

∂x2
= 0 (3.35)

The e�et of the horn beomes visible in the seond term in Eq. 3.35. If the horn onstant m is set

to 0 (the horn degenerates to a tube with onstant ross setion), Eq. 3.35 just beomes the ordinary

one-dimensional wave equation. As solution of Eq. 3.35, a plane wave with general amplitude term

an be assumed:

p(t) = p̂eaxejωt
(3.36)

By insertion of Eq. 3.36 into Eq. 3.35, the oe�ient a is found as

a = −
(

m

2
+ j

√

4(ω/c)2 −m2

2

)

(3.37)

From Newton's law follows a relation between the loal derivative of sound pressure and the temporal

derivative of sound partile veloity in the orresponding diretion:

∂p

∂x
= −ρ

∂vx
∂t

(3.38)

In omplex writing, Eq. 3.38 translates into

v = − 1

jωρ

∂p

∂x
(3.39)

By insertion of the derivative of sound pressure, the sound partile veloity is found as

v =
1

jωρ

(

m

2
+ j

√

4(ω/c)2 −m2

2

)

p (3.40)

8

Leo L. Beranek, Aoustis, 1954 and 1986
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For the radiation impedane follows

ZRo =
p

v
=

2jωρ

m+ j
√

4(ω/c)2 −m2
(3.41)

Depending on the parameter setting of m, two frequeny regions for ZRo an be distinguished:

2(ω/c) < m ZRo is pure imaginary (Re[ ZRo℄ = 0)

2(ω/c) ≥ m ZRo has a real and an imaginary part with Re[ ZRo℄ = ρc
√

1− m2

4(ω/c)2
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Figure 3.14: Frequeny response of the real part of the radiation impedane (rel. to ρc) of an exponential
horn with m = 3.7.

The real part of the radiation impedane ZRo is 0 for low frequenies. For frequenies above the

threshold 2(ω/c) ≥ m, Re[ ZRo℄ inreases quikly (Figure 3.14) and reahes asymptotially the value

of the free �eld impedane ρc. Frequeny independent radiated power an be obtained in the range

where Re[ZRo℄ and the volume �ow are both almost onstant. The eletrodynami driving unit has

therefore to be operated at resonane. By strong damping, a �at frequeny range an be obtained

within a bandwidth of about two otaves. With eletroni �lters the low end high end deay an be

ompensated for to a ertain degree.

Compared to the diret radiator speaker, horn loudspeakers show a signi�antly higher e�ieny. How-

ever a possible problem arises due to the high sound partile veloities in the throat of the horn. They

may introdue non linear distortions.

3.5 Eletrostati loudspeaker

Modern eletrostati loudspeakers usually work on basis of the push-pull priniple. Figure 3.15 shows

the prinipal onstrution. A very lightweight membrane (0.2 g/dm

2
) is mounted between two

perforated and thus aoustially transparent eletrodes.

The polarization voltage Up adjusts the point of operation in order to linearize the relation between

input voltage Usignal and fore ating on the membrane. The resulting fore and thus the exursion

of the membrane remains relatively small. To obtain a reasonable amount of volume �ow at low

frequenies, the membranes of eletrostati loudspeakers have to be relatively large. However without

ounter measures this introdues high diretivity at higher frequenies whih is not desirable. This an

be avoided either by urved membranes or by separating the membrane into several segments that are

driven individually depending on frequeny.

Eletrostati loudspeakers are dipole radiators. In order to avoid interferene with sound that is radiated

from the rear side and re�eted at the wall, they have to be set up with a ertain distane to the walls.
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Figure 3.15: Constrution priniple of an eletrostati loudspeaker in push-pull arrangement.

3.6 Loudspeaker systems

The ideal loudspeaker overs the audible frequeny range from 20 Hz to 20 kHz. However this is very

di�ult to reah. The hassis resonane limits radiation at the lower end, the high frequeny limit is

given by the ondition ka < 2.

An other di�ulty with a broadband hassis is the ourrene of Doppler distortions. These may

beome audible if a low and a high frequeny signal omponent are radiated simultaneously. The

membrane movement due to the low frequeny omponent will then modulate the frequeny of the

high frequeny omponent.

Due to the reasons mentioned above, sound generation of a loudspeaker is usually split to several

speialized hassis. The lowest frequenies are reprodued by a large membrane woofer, the high

frequenies are radiated by a small tweeter. In some ases additional mid-range speakers are used. The

signal separation is ahieved by rossover networks that �lter the orresponding frequeny ranges for

eah hassis.

Loudspeaker systems an either be passive or ative. Passive systems ontain no ampli�er, they are

fed by a low impedane voltage of an external power ampli�er and �ltered by a rossover network

with passive elements. Ative systems have a power ampli�er built-in and an be fed with a high

impedane line signal. Ative systems do the rossover �ltering before the power ampli�ation takes

plae. Therefore ative �lters with OpAmps an be used. They an be more omplex than passive

�lters.

The rossover networks are often seond or third order �lters (12 or 18 dB/otave). The dimensioning

of passive �lters is somewhat ompliated as the hassis do not represent pure resistive loads. It is

often neessary to implement a iruit to linearize the impedane frequeny response. Ative systems

allow for the implementation of Lipshitz-Vanderkooy �lters

9

that realize an optimal amplitude and

phase response. The phase response is of speial relevane in the transition frequeny range where two

hassis ontribute to the total sound pressure.

Possible phase di�erenes are the onsequene of the hassis properties, the phase response of the

rossover �lters and the path length di�erene from the aoustial enters of the hassis to the reeiver

point. The path length di�erene an be made zero just for one spei� listening position. As the

listener position varies mainly in the horizontal plane it is advantageous to stak the hassis vertially

on top of eah other. It should be noted that the path length di�erene problem with di�erent hassis

an be avoided ompletely by using oaxial systems where woofer and tweeter have an idential

aoustial enter.

9

S. Lipshitz, J. Vanderkooy, A Family of Linear-Phase Crossover Networks of High Slope Derived by Time Delay, J.

Audio Eng. So. 31, p.2-19 (1983).
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The maximum power that an be handled by a loudspeaker system is usually spei�ed as eletrial power

at the terminals of the loudspeaker. The limitations ome in on one hand by the maximal allowable

exursion of the membrane (given by the peak power) and by the heating of the moving oil (given

by the average power). The maximum allowable average power is determined by usage of a weighted

noise signal aording to IEC 268 (Figure 3.16). This signal represents the frequeny ontent of typial

audio material (speeh and di�erent kinds of musi). The noise weighting is ruial as it determines

the portions of the total power that has to be handled by eah hassis in a loudspeaker system.

2
0

3
1
.5 5
0

8
0

1
2
5

2
0
0

3
1
5

5
0
0

8
0
0

1
k
2
5

2
k

3
k
1
5

5
k

8
k

1
2
k
5

2
0
k

third octave band center frequency [Hz]

−25

−20

−15

−10

−5

0
th

ir
d
 o

c
ta

v
e
 b

a
n
d
 l
e
v
e
l 
[d

B
]

Figure 3.16: Third otave band spetrum of average audio material aording to IEC 268.

A signal with third otave spetrum aording to Figure 3.16 an be generated by using pink noise and

a weighting �lter aording to Figure 3.17.

430 2.2µ

3.3k 91n

330 2.2µ

3.3k 68n

0.47µ

10k
IN OUT

Figure 3.17: Weighting �lter to transform pink noise into a noise signal with a spetrum aording to

IEC 268.

Figure 3.18 and Table 3.1 show the umulated power of the IEC 268 noise signal. For a given frequeny

range of operation, the fration of the total power that has to be handled by a single hassis an easily

be determined. It is ommon praxis to speify the maximum power of a hassis by the total power

of the system. Thus a typial spei�ation for a tweeter may be: maximum power = 100 W with a

rossover network of 12 dB per otave and a limiting frequeny of at least 3 kHz. As an be seen from

Table 3.1, the e�etive power at the tweeter is in this ase 7 W only.

3.7 Loudspeaker measurements

The doument IEC 268

10

desribes standard proedures for loudspeaker measurements. The most

relevant quantities to desribe loudspeakers are

11

:

• frequeny response of the eletrial impedane at the terminals

• frequeny response of the sound pressure on axis

• impulse response of the sound pressure on axis

• umulative deay spetrum of the sound pressure on axis

• diretivity of the sound pressure for various disrete frequenies

10

IEC 268, Part 1 and 5, Eletroaousti devies, General and Loudspeakers.

11

Joseph D'Appolito, Testing Loudspeakers, Audio Amateur Press (1998).
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Figure 3.18: Cumulated power from 0 Hz up to the spei�ed frequeny for the noise IEC 268 signal.

frequeny [Hz℄ umulated power [%℄ frequeny [Hz℄ umulated power [%℄

16 0.12 630 61.20

20 0.36 800 66.74

25 0.89 1k 72.16

32 1.90 1k25 77.33

40 3.58 1k6 82.16

50 6.05 2k 86.56

63 9.32 2k5 90.40

80 13.33 3k15 93.52

100 17.84 4k 95.88

125 22.78 5k 97.59

160 28.07 6k3 98.70

200 33.49 8k 99.34

250 39.03 10k 99.69

315 44.57 12k5 99.88

400 50.12 16k 99.96

500 55.66 20k 100.00

Table 3.1: Cumulated power from 0 Hz up to the spei�ed frequeny for the noise IEC 268 signal.

3.7.1 Cumulative deay spetrum

The umulative deay spetrum of the sound pressure desribes the transient behavior of the

loudspeaker. In ontrast to the impulse response the umulative deay spetrum ontains frequeny

dependent transient information.

A diret method to obtain a deay spetrum is to exite the loudspeaker with a sinusoidal signal that

is disontinued in a zero rossing (tone burst) as shown in Figure 3.19.

t =  0

Figure 3.19: At time t = 0 disontinued sinusoidal signal of frequeny f for the evaluation of the

transient behavior at frequeny f .

The loudspeaker will respond to the signal of Figure 3.19 with an osillation of deaying amplitude.

This an be represented as sω(t) where
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sω(t) = Hω(t) sin(ωt) (3.42)

with

Hω(t): modulation of the amplitude

ω: angular frequeny of the signal

Hω(t) is a funtion that usually deays to zero very quikly. These modulation funtions an now be

determined for many di�erent frequenies and be displayed in a waterfall representation (Figure 3.20).

At time t = 0 the amplitude response for stationary exitation appears.

frequency

time

Figure 3.20: Waterfall representation of the amplitude modulation as a funtion of time for di�eren

frequenies (deay spetrum).

The determination of the deay spetrum with single tone bursts is very time onsuming. It is muh

more e�ient and elegant to evaluate the impulse response �rst. The umulative deay spetrum an

then be alulated without additional information

12

.

In omplex writing the tone burst signal from Figure 3.19 an be represented as

fω(t) = ejωtu(−t) (3.43)

where

ω: angular frequeny of the sinusoidal signal
u(t): step funtion u(t) = 1 für t ≥ 0, u(t) = 0 für t < 0

The signal of interest orresponds to the imaginary part of fω(t). With h(t) as the impulse response

of the loudspeaker, the response gω(t) to the tone burst an be desribed as onvolution where again

the imaginary part is used:

gω(t) = Im

[
∫

∞

−∞

h(τ)ejω(t−τ)u(τ − t)dτ

]

= Im

[

ejωt

∫

∞

−∞

h(τ)e−jωτu(τ − t)dτ

]

(3.44)

with

Im[ ℄: imaginary part of [ ℄

The integral in the expression on the right hand side of Eq. 3.44 orresponds to the Fourier transfor-

mation of the impulse response h(t) that is time windowed with u(τ − t). As we are only interested in

the amplitude, the phase term ejωt
an be ignored. For disrete time steps, the set of all funtions gω

an be represented as series of Fourier transforms of the appropriately time windowed impulse response

funtions (Figure 3.21). Figure 3.22 shows as an example the umulative deay spetrum of a midrange

loudspeaker.

12

T. Suzuki et. al, Three-dimensional displays for demonstrating transient harateristis of loudspeakers. Journal of

the Audio Engineering Soiety, vol 26, p.946-955 (1978).
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Figure 3.21: Generation of the umulative deay spetrum by putting together the amplitude of Fourier

transforms of the suitably time windowed impulse response funtions.

Figure 3.22: Cumulative deay spetrum of a midrange loudspeaker (Dynaudio D-76).

57



Chapter 4

Sound storage media

Devies for storage and reprodution of aoustial signals are available for about one hundred years.

Figure 4.1 shows the main building bloks of a sound storage devie.

storage

medium

converter

converter
recording

equalizer

play-back

equalizer

p

U

U

p

Figure 4.1: Prinipal onstrution of a storage devie for aoustial signals. The input onverter p/U

is usually a mirophone, the output onverter U/p is a loudspeaker. The reording and play-bak

equalizers realize optimal adaption of the signal to the storage medium.

4.1 Vinyl reords

The history of vinyl reords starts with the invention of the phonograph by Edison in 1877. In his

arrangement a graver that was oupled to a membrane transformed the aoustial signal into a groove

of varying depth. At the beginning tin ylinders were used as media, later the ylinders got a layer

of wax. During play bak a needle followed the groove and transformed the depth variations into

vibrations of a membrane. In 1887 Berliner ame up with a disk as medium. Thereby the aoustial

signal was stored in form of lateral exursion of a groove. The main advantage of this priniple was

the possibility of simple dupliation by a press proess. Westrex launhed in 1957 the 45-45 system

that allowed for storage of two hannels (stereo signal). The two hannels modulate the two �anks

of the groove. As the two �anks form an angle of 90◦, the signals are orthogonal and an thus vary

independently of eah other - at least in theory. In pratie a hannel separation in the order of 30 dB

an be reahed. Figure 4.2 shows a setion view through a groove.

Both transduers for reording and play-bak operate as eletrodynami onverters with the onsequene

that the voltage is proportional to the veloity of the graver or the needle. The exursion shows a 1/f
proportionality relative to the veloity. Together with the fat that typial audio signals show largest

amplitudes at low frequenies it beomes obvious that the exursions at high frequenies are very small.

Without further measures, inauraies in the prodution proess and dirt in the groove would a�et

in an unbalaned way the signal/noise ratio at high frequenies only. To distribute the noise more
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modulation

left channel
modulation

right channel

center of disk

Figure 4.2: Setion view of a groove in the 45-45 reording format.

equally over the whole frequeny range, the RIAA

1

equalization was introdued. At reording, the high

frequenies are ampli�ed with a �lter slope of about 15 dB per deade. This equalization is inverted at

play-bak (Figure 4.3).
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Figure 4.3: RIAA equalization used for vinyl reords.

4.2 Analog tape reorder

The priniple to store an audio signal in form of magnetization of a wire or tape was invented by Oberlin

Smith

2

. The �rst pratial implementation of the onept was presented by Valdemar Poulsen around

1898

3

. Modern forms of tape reorders use as storage medium a syntheti tape oated with material

that an be magnetized. By help of a winding system the tape is moved in longitudinal diretion along

three heads. Figure 4.4 shows the priniple onstrution.

Löschkopf

Aufnahmekopf

Wiedergabekopf

Antriebswelle

Gummiandruckrolle

erase head

record head

play head
capstan

pinch roller

Figure 4.4: Priniple of operation of an analogue tape reorder.

During reording the reord head produes a magneti �eld that leaves behind a permanent magne-

tization on the tape. During play-bak the time varying magneti �eld stored on the tape indues a

voltage in the play head that orresponds to the signal that was originally reorded.

Materials that an be magnetized show a hysteresis as shown in Figure 4.5.

1

Reording Industry Assoiation of Ameria.

2

Oberlin Smith, Some Possible Forms of Phonograph, The Eletrial World, September 8, 1888, p.116-117.

3

Heinz H.K. Thiele, The 25 Essential Development Steps of Analogue Magneti Tehnology, 104th AES Convention

1998, Amsterdam
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Figure 4.5: Typial hysteresis urve of the relation between magneti �eld H (horizontal axis) and

indution B (vertial axis).

The exposure of a magneti tape to a �eld H1 leads to an indution B1. After disontinuation of the

magneti �eld, the indution dereases until the remanene BR1 is reahed. This remanene represents

the information that is stored on the tape. A larger initial magneti �eld H2 yields a higher remanene

BR2. However the relation between H and BR is strongly nonlinear with the onsequene of high

distortions espeially for low amplitude signals (Figure 4.6).

Figure 4.6: Curve of remanene showing the relation between the magneti �eld H and the remanene

BR (left) and resulting nonlinear distortions for a sinusoidal signal of varying amplitude (right).

The distortions shown in Figure 4.6 an be lowered dramatially by introduing a bias urrent. The

most obvious strategy is to add a DC omponent to the signal (d bias). However for the following

reasons this is not the best solution:

• The remaining distortions are still signi�ant due to the nonlinear and asymmetri remanene

urve. The asymmetry produes odd and even order harmonis.

• The signal-to-noise ratio is relatively small as only one half of the possible magnetization is used.

More advantageous is the introdution of a bias. Hereby a high frequeny signal (f = 50. . .150 kHz) is
added to the audio signal in suh a way that the amplitude of the high frequeny signal spans the region

of zero-remanene. The magnetization is now symmetri and thus no even order harmoni omponents

our. As the positive and negative branh of the magnetization urve are used, the signal-to-noise

ratio is improved signi�antly. Figure 4.7 shows the d- and a biasing of magneti reording.

The reord on a magneti tape is in longitudinal writing. With tape speed v and signal frequeny f ,
the wave length λ of the magneti indution is given as

λ =
v

f
(4.1)
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Figure 4.7: Redution of non-linear distortions by d (left) and a (right) biasing.

The tape speeds are standardized. For professional appliations 38.1 m/s (15 inh/s) and 19.05 m/s

are used while onsumer devies usually o�er 9.5 m/s and 4.75 m/s. If the wave length λ equals

the width of the tape head, the resulting indution is 0. This limit de�nes an the upper end of the

frequeny range of operation. For a typial tape head width of 5 µm and a tape speed of 19.05 m/s

an upper limiting frequeny learly higher than 20 kHz is possible.

For high reord and play-bak quality the tape heads have to be adjusted optimally regarding their

position relative to the tape. A misalignment leads to an enlargement of the e�etive head width and

thus to a lowering of the high frequeny sensitivity.

The amplitude of the remanene Br that is stored during reording is almost proportional to the

magneti �eld H and thus to the signal urrent. During play bak a voltage is indued that is

proportional to the hange of the magneti �ux. This implies a ω-proportional frequeny response that
has to be ompensated for in a play bak equalizer.

Dolby noise redution

Analog reordings typially su�er from an insu�ient signal-to-noise ratio. Early attempts to improve

this situation go bak to Sott

4

and Olson

5

. A promising idea is the implementation of ompander-

expander systems. Hereby low level segments of the audio signal are ampli�ed during reording and

attenuated during play bak. Sine the sixties of the last entury, Dolby is the most important manu-

faturer of suh systems. Figure 4.8 shows a typial Dolby noise redution blok diagram.

tape
audio IN audio OUT

G1 G1

+ -

Figure 4.8: General blok diagram of a Dolby noise redution system.

The networks G1 and G2 in Figure 4.8 are frequeny dependent ampli�ers that are steered by the input

signal. It an be shown easily that Audio Out = Audio In if G1 = G2. The di�erent Dolby variants

di�er from eah other regarding the omplexity of these networks and in the number of individually

proessed frequeny bands.

In the following the Dolby B system is disussed in more detail

6

. Dolby B uses only one single frequeny

4

H. H. Sott, Dynami Noise Suppressor, Eletronis 20, 96 (1947).

5

H. F. Olson, Audio Noise Redution Ciruits, Eletronis 20, 118 (1947).

6

R. Berkovitz, K. Gundry, Dolby B-Type Noise Redution System, Audio, September/Otober 1973.
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band. During reording low level mid and high frequenies are ampli�ed up to 10 dB. At play bak

this ampli�ation is reversed with the onsequene of signi�antly lowering the noise from the tape.

The prinipal blok diagram of a Dolby B system is shown in Figure 4.9. It orresponds to the general

diagram from Figure 4.8 with the trik, that the same network an be used for reording and play bak

(but not simultaneously). This minimizes errors due to parameter variations.

variable

filter

audio IN audio OUT
+

rectifier

integrator

inverter

Figure 4.9: Blok diagram of a Dolby B noise redution system. The swith deides whether the

network is used for reording or play bak.

At reording, the mid and high frequeny omponents are ampli�ed by a �lter with variable ampli�ation

and added to the original signal. The ampli�ation depends on the average mid and high frequeny

signal level. The lower this level, the higher the ampli�ation with a maximum of 10 dB (Figure 4.10).

During play bak the feedbak loop adjusts itself in suh a way that the original signal is reonstruted.

As with all ompander-expander systems a serious di�ulty is the temporal adjustment of the time

varying ampli�ation fator. Dolby B uses a time onstant in the range of 1. . .100 ms, depending on

the signal variation. The signal-to-noise improvement with Dolby B is about 10 dB. For professional

appliations Dolby A and Dolby SR were ommon

7

. Both systems operated in several frequeny bands

to minimize the di�ulties with the traking of the ampli�ation of the �lter. Together with professional

tape reorders Dolby SR reahed a dynami range of more than 90 dB.

Figure 4.10: Ampli�ation of the variable �lter in Dolby B as a funtion of the mid- and high frequeny

signal level.

7

R. Dolby, The Spetral Reording Proess, J. Audio Eng. So. 35, 99-118 (1987).
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4.3 Compat Dis

Besides online downloads the Compat Dis (CD) is the most important medium for the distribution

of sound. The CD stores sound in digital form with a sampling rate of 44.1 kHz and a resolution of 16

Bit. This yields a frequeny response from 20 Hz to 20 kHz and a dynami range of more than 90 dB.

The CD is a plasti dis of 12 m in diameter and 1.2 mm thikness. The CD is produed by a press

proess and onsists of several layers (from top to bottom):

• protetion layer with imprint

• metal layer of 50. . .100 nm thikness

• transparent layer

The digital information is stored in form of grooves of about 120 nm depth. The metal layer follows

these grooves and ats as re�etive termination. The grooves are arranged on a spiral with the starting

point at the enter of the dis. The width of the grooves is 0.5 µm, their length is 1 or 3 µm,
depending on the value of the Bit. The distane between two spiral ourses is 1.6 µm, the total length
of the spiral is about 5 km. The grooves are sensed optially by a laser diode from the bottom side of

the dis. The wavelength of the laser light is 500 nm. The re�etion from the bottom of a groove

leads to a path length di�erene of about half a wavelength and thus together with the re�etion from

the surrounding area of the groove a pronouned destrutive interferene ours. The re�eted light is

deteted with a photodiode. By usage of an array of several sensors a ontrol signal an be dedued

to trak the spiral ourse. Depending on the dis type the speed of reading lies between 1.2. . .1.4
m/s. Depending on the reading position this results in a rotational speed between 500 U/min at the

beginning (enter of the dis) and 200 U/min at the end. The bitstream presents a onstant bit rate

of 4.3218 Mbit/s. For a maximum play length of 74 minutes this orresponds to a apaity of 2.4 GByte.

Although the information on a CD is stored in a robust way, one has to assume a error rate of typially

10

−6
. To orret for these errors, additional redundany has to be introdued. For that purpose the

CD uses the CIRC (ross-interleave Reed-Solomon ode). The CIRC is very e�ient as only one fourth

of the total data is redundant. With this error orreting system missing data due to gaps of about 1

mm an be reonstruted.

The CIRC oded audio signal an not be written diretly to CD. An appropriate modulation is needed

to avoid that:

• there are too high frequeny omponents in the Bit stream (inter-symbol interferene)

• there are too low frequeny omponents in the Bit stream (inaurate reonstrution of the lok

signal)

These requirements are ful�lled by FEM (Eight to Fourteen Modulation). Thereby eah Byte (8 Bits)

is mapped onto a symbol onsisting of 14 Bits. Additionally the linking of two adjaent symbols has

to be ontrolled by insertion of three transition Bits. The audio information is then ompleted by a

subode. The subode ontains information about the number of traks, the start and end times of

the traks and so on. In total, the original audio data stream (16 Bit × 2 hannels × 44'100 samples

per seond) of 1.4 Mbit/s grows to a volume that is three times as high.

4.4 DVD Audio and Super Audio CD

With inreasing density of storable data on optial diss the appetit for more audio data grows as well.

A higher apaity ompared to the CD would allow for larger play lengths, an inreased resolution with

more Bits, a higher sampling rate and more than two hannels. While the quality improvement due to

an inreased sampling rate and a higher resolution (44.1 kHz, 16 Bits → 192 kHz, 24 Bits) is usu-

ally inaudible

8

, the step to more than two hannels is a very onvining hange in the audible experiene.

With DVD-Audio and Super Audio CD two onurring formats were launhed. DVD-Audio will dis-

appear soon, there are no longer new reordings published in this format. The Super Audio CD will

probably endure the same destiny.

8

E. B. Meyer, D. R. Moran, Audibility of a CD-Standard A/D/A Loop Inserted into High-Resolution Audio Playbak,

J. Audio Engineering, vol. 55, no. 9, 775-779 (2007).
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4.4.1 DVD Audio

The DVD Audio standard was published in 1999. One layer of a DVD has a net apaity of 4.7 GByte,

whih orresponds to the apaity of about 7 CD's. DVD Audio uses 16, 20 or 24 bit quantization

and sample frequenies between 44.1 and 192 kHz. The audio data are usually stored in unompressed

form. However MLP (Meridian Lossless Paking) or pereptual oding suh as Dolby Digital (AC3) or

MPEG are possible as well. Without any data redution a single layer DVD an store 258 minutes of a

stereo signal sampled at 48 kHz. 43 minutes are possible for a 5.1 surround signal sampled at 96 kHz.

4.4.2 Super Audio CD

The Super Audio CD format was developed by Sony and Philips. The apaity is idential to the one

of a single layer DVD. With Super Audio CD, standard stereo signals as well as surround formats are

possible. Some Super Audio CD's have an extra layer that an be read by standard CD players.

4.5 Harddisk reorder

Harddisk reorder store digital audio information on ommon digital media suh as harddisks or memory

ards. Computer based solutions use the omputer hardware and an audio interfae with ampli�ers and

A/D and D/A onverters for the onnetion to the analog world. Moreover there exist stand-alone

reorders that ombine all neessary bloks in one devie. Maximum sampling frequenies are typially

192 kHz, maximal resolution is 24 Bit.

Figure 4.11: Example of a harddisk reorder as a stand-alone devie.

4.6 Compressed audio formats

Digitized audio material is quite demanding regarding memory spae and neessary hannel apaity

for transmission. Consequently solutions were sought to redue the bit-rate of audio signals. Two

ategories of ompression strategies have to be distinguished:

lossless ompression hereby only true redundany is eliminated whih means that the original signal

an be reonstruted perfetly, sample by sample.

lossy ompression hereby the original signal will not be reonstruted perfetly, the aim is that the

reonstrution sounds like the original signal without relevant audible artifats.
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4.6.1 Lossless ompression

Lossless ompression eliminates true redundant information. If a new sample an be predited om-

pletely from the past samples, the new sample arries no new information and is thus redundant. An

extreme example is a pure sinusoidal signal. As soon as one full period is reorded, the value of the signal

an be predited at any time in the future. Suh a signal would thus be desribable very ompatly. The

other extreme is white noise. Hereby all past information about the signal is of no help to predit the

new sample. The signal is not redundant at all - white noise an not be ompressed in a lossless manner.

Real audio signals lie somewhere between these two extremes, however loser to noise than the sinusoid.

The ompression potential is thus rather low in the order of 50 %. The strategies for lossless ompression

are based on similarities between di�erent hannels in multihannel signals and the partial preditability

of future samples from the past of a signal. Di�erent formats are in use suh as:

Apple Lossless ALAC: proprietary format of Apple for the ompression of WAV or AIFF �les.

Free Lossless Audio FLAC: freely available format from Xiph.Org

Meridian Lossless Paking MLP: proprietary format of Meridian Audio, also known as Dolby Lossless.

MPEG-4 Audio Lossless MPEG-4 ALS: ompression format spei�ed by the Moving Piture Expert

Group under ISO/IEC 14496-3:2001/AMD 4, Audio Lossless Coding (ALS).

4.6.2 Lossy ompression

Muh higher ompression fators an be reahed if lossy ompression is aepted that only reprodues

a signal that sounds like the original. Basis for lossy ompression is the fat that the human ear only

evaluates ertain attributes of an audio signal. In addition some frequeny omponents of the signal are

not heard due to masking by other omponents. In onsequene, it is in prinipal possible to modify an

audio signal without any hange of the audible impression. With suitable oders, ompression fators

in the order of 10 are possible, whih means that 90 % of the information an be eliminated. Coders

that are based on pereptual e�ets of the ear are alled Pereptual Coders.

Some atual examples are:

Adaptive Transform Aousti Coding ATRAC: proprietary format of Sony, used e.g. in MiniDis.

MPEG-1 Layer 2,3 MP2, MP3: format de�ned by the MPEG (Moving Piture Experts Group) MP2

mainly in digital broadast appliations, MP3 for internet and portable musi players.

Advaned Audio Coding AAC: developed by the MPEG and launhed as suessor of MP3.

Windows Media Audio WMA: proprietary format de�ned by Mirosoft.

Lossy ompression is suited for end produts that don't have to ful�ll highest demands. Di�ulties

arise as soon as ompressed audio material is edited or if an enoded signal is deoded and enoded

again.

Prinipal struture of pereptual oders

Figure 4.12 shows the prinipal building bloks of a pereptual oder. The digital audio signal x[n] is
split into N frequeny bands by help of a �lter bank. At the outputs of the �lter bank, the �ltered

time signals x1 to xN are available. Simultaneously a psyhoaousti model is operated to simulate

the fundamental properties of the human ear. This psyhoaousti model de�nes the neessary

quantization of eah time signal x1 to xN . Finally the set of oded signals is olleted to a data

stream xc.

Compared to the oder, the deoder is muh simpler (Figure 4.13) and needs substantially less om-

putational e�ort. The deoder only has to demultiplex and deode the data stream xc into the �ltered

time signals x′

1 to x′

N and then to resynthesize the audio signal y[n].
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Figure 4.12: Prinipial building bloks of a pereptual oder based on subband oding.

demultiplexer

and

decoder

resynthesis

filter bank

y[n]xc

x'1

x'N

Figure 4.13: Prinipal building bloks of a pereptual deoder based on subband oding.

ISO-MPEG-1 Coding

In the following the pereptual oding sheme MPEG-1 is illustrated in more detail

9

. For MPEG-1

di�erent variants - labeled as layer 1, 2 and 3 - were developed. The MPEG-1 spei�ations de�ne

the deoders, the enoders an vary within the orresponding ompatibility limits. Sine 1999 the

layer 3 variant (MP3) is very popular. A driving fore behind the development of the format was the

Fraunhofer Institut für Integrierte Shaltungen

10

.

The analysis �lter bank in MPEG enoding splits the signal into 32 subbands of onstant width.

Aording to the layer 3 spei�ation eah of the 32 subbands splits then into another 6 or 18 bands.

The quantization in eah band depends on a psyhoaousti model. The main task of this model is to

simulate the e�et of frequeny masking. For that purpose in eah band i the signal power level LS(i)
is determined. The presene of a signal omponent in band i lifts the hearing threshold in this band.

For noise like signals this new threshold LT (i) lies 5.5 dB below LS(i). For tonal signals the di�erene
is somewhat larger. The quantization in band i is then hosen in suh a way that the quantization

noise just lies below the shifted threshold (Figure 4.14).

frequency

power density

signal component

shifted hearing threshold

frequency

power density

noise due to 16 Bit

quantization

noise due to 8 Bit

quantization

Figure 4.14: Inaudible inrease of the quantization noise due to oarser quantization.

The e�et of frequeny masking is used not only within the band of the masker but in the neigh-

bor bands as well. With the frequeny response LTm
of the shifted threshold a level di�erene

SMR(i) = LS(i)−LTm
(i) between the signal power level LS(i) and LTm

is alulated for eah band.

SMR(i) determines then the neessary quantization of eah subband. The bit alloation is dynami

whih means that the number of bits per subband varies with the signal.

9

Karlheinz Brandenburg, Marina Bossi, Overview of MPEG Audio: Current and Future Standards for Low-Bit-Rate

Audio Coding, J. Audio Engineering Soiety, v.45, n.1/2, 4-21 (1997).

10

http://www.iis.fhg.de/amm/
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In ase of multihannel signals further data redution is possible by using the fat that the di�erenes

between the hannels are usually small. Therefore it an be bene�ial not to ode the hannel signals

but only the di�erenes.

With bit rates of about 128 kBit/s for a stereo signal - orresponding to a ompression of 1:12 - MP3

yields very good results with barely audible di�erenes between original and ompressed signal. For

bit rates of 160 kBits/s and higher most people an not distinguish between original and ompressed

signals

11

.

11

Gilbert A. Soulodre et al., Subjetive Evaluation of State-of-the-Art Two-hannel Audio Codes, J. Audio Engineering

Soiety, v.46, no. 3, 164-177 (1998).
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Chapter 5

Reording tehnique

For a more thorough introdution, see e.g. the book by the Bartletts

1

.

5.1 Stereo reordings

Stereo was patented in 1931 by the British Alan D. Blumlein. He stressed the fat that diretional

information is neessary for a plausible reprodution of diret sound and re�etions that our in a room.

The human auditory system an loalize sounds with help of information about intensity and time of

arrival di�erenes at the two ears. Consequently stereo reording on�gurations an be ategorized

aording to the diretional information they provide in the stereo signal:

• intensity stereophony: the two mirophone signals di�er only in their intensities

• time-of-arrival stereophony: the two mirophone signals di�er only in their phase

• mixed stereophony: the two mirophone signals di�er in their intensities and in their phase.

Although intensity stereophony reprodues diretional information quite well, spaiousness is usually

more onvining in time of arrival stereophony. However an advantage of intensity stereophony is it's

mono ompatibility.

5.1.1 Intensity stereophony

XY arrangement

The XY arrangement uses two ardioid mirophones that are installed at the same position but with

di�erent orientation (Figure 5.2). As the two apsules lie very lose to eah other, almost no phase

di�erenes our. Due to the ardioid diretivity one mirophone will reord a sound wave inident from

a lateral diretion with higher amplitude. The mirophones are usually oriented with an angle φ of 65◦

relative to the frontal diretion. This orresponds to the -3 dB point for the diretivity 20 log(1+cos(φ)).

A serious disadvantage of the XY arrangement is the fat that the most important inidene diretion

front is deteted with 65◦ o�-axis. As mirophones are tuned for best performane on-axis, ertain

deviations in the amplitude response are probable.

As the two mirophone membranes an't be installed exatly at the same loation, they have to be

arranged in suh a way that lateral sound arrives at the orresponding mirophone �rstly (Figure 5.2).

MS arrangement

For the MS arrangement two mirophones with di�erent diretivities are installed as lose as possible

to eah other. The �rst apsule is usually an omni or ardioid mirophone, the seond apsule is always

a �gure of eight mirophone. The membranes of the two mirophones form an angle of 90◦. The name
MS expresses that one mirophone reords a M id signal and the other a S ide signal. The two stereo

1

On-Loation Reording Tehniques, Brue and Jenny Bartlett, Foal Press, 1999.
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φ

Figure 5.1: Stereo mirophone on�guration in the XY arrangement. The angle φ is usually hosen as

65◦.

Figure 5.2: left: orret XY arrangement (sound from the left hits the left mirophone �rstly), right:

wrong XY arrangement (sound from the left hits the right mirophone �rstly).

hannels left and right orrespond to the sum and di�erene of the M- and the S-signal. By saling

the M- and S-signal di�erently, the opening angle an be varied. If a high quality reording devie is at

hand, it is bene�ial to reord the M- and S-signal and do the left/right mixing later. This allows for

an adjustment of the opening angle at a later time.

Blumlein arrangement

The Blumlein arrangement is one of the oldest stereo reording tehnique. It is based on two �gure of

eight mirophones that form an angle of 90◦. The mirophone signals orrespond diretly to the left

and right stereo hannels. The di�ulties with the Blumlein arrangement is the high amount of room

signal due to the high sensitivity towards the rear diretion and the weakness in the low frequenies of

the �gure of eight mirophones.

5.1.2 Time of arrival stereophony

AB arrangement

The AB arrangement uses two omnidiretional mirophones that are installed with a ertain lateral

distane. The stereo e�et results solely due to time of arrival di�erenes. A typial lateral separation

is 20 m. However, if the mirophones are plaed further away from the soure, the spaing an be

made larger. If the spaing is made too large, the loalization will be lost due to the ambiguity of the

phase information at high frequenies.

A big advantage of AB stereophony lies in the fat that pressure mirophones an be used that ome

loser to the ideal mirophone ompared to mirophones with a ardioid or �gure of eight diretivity.

The AB arrangement is often used for the reording of lassial musi in hurhes and in onert halls.

5.1.3 Mixed stereophony

ORTF arrangement

The ORTF arrangement was developed by the Frenh Radio. Thereby two ardioid mirophones are

used that are installed with a lateral spaing of 17 m. Eah mirophone is oriented with an angle

of 55◦ relative to the frontal diretion, resulting in a total opening angle of 110◦. This arrangement

produes intensity di�erenes as well as time of arrival di�erenes.
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Jeklin dis (=OSS)

An alternative method to introdue intensity and time of arrival di�erenes is the use of two laterally

separated omnidiretional mirophones with a massive dis in between. This arrangement is named

after it's inventor Jürg Jeklin

2

. The lateral spaing is responsible for time of arrival di�erenes, the

dis leads to intensity di�erenes. A di�ulty of the Jeklin dis are re�etions at the dis surfae that

lead to interferenes with the diret sound and thus to omb �lter e�ets. Therefore the dis has to be

made as absorptive as possible.

Binaural stereophony

Instead of a dis as used by Jeklin, an arti�ial head an be installed as separation of the two mi-

rophones. Consequently the mirophone membranes are then plaed at the position of the eardrums.

Suh a binaural stereophony arrangement produes intensity and time of arrival di�erenes and in ad-

dition frequeny �ltering by the aurile and the ear anal. Instead of an arti�ial head, the own head

an be used with small mirophones plaed in the ear anals. Binaural stereo reordings are suited for

reprodution by headphones. For best quality, the transfer funtion from the headphone membrane to

the eardrum has to be ompensated for. Binaural stereo produes an impressive auditory spaiousness,

however the front-bak di�erentiation is often di�ult. A good overview of the loation auray of

binaural reordings an be found in the paper by Möller

3

. The reprodution of binaural reordings by

loudspeakers is not satisfying as the head related transfer funtion is involved two times.

Summary of stereo mirophone on�gurations

Figure 5.3: Polar diagrams of the mirophones used in di�erent stereo reording on�gurations. Top

row: XY, MS and Blumlein, bottom row: AB, ORTF and Jeklin dis.

5.2 Positioning of mirophones

Usually a reording shall provide information about the soure and the room. If only a stereo

mirophone is used, the distane to the soure determines the ratio of diret and di�use sound that

arries information about the room. If the mirophone is installed loser to the soure than the ritial

distane, the diret sound dominates. The reording is very transparent but laks of spaiousness. If

the distane of the mirophone to the soure is larger than the ritial distane, the reording is too

di�use and blurred. The ritial distane is thus often a good ompromise and the ideal position for a

stereo mirophone. In onert halls the ritial distane is in the order of a few meters. If diretional

mirophones are used, the optimal distane to the soure inreases.

2

Jürg Jeklin, A Di�erent Way to Reord Classial Musi, Journal of the Audio Engineering Soiety, vol. 29, pp.

329-332 (1981).

3

Henrik Möller et al., Evaluation of Arti�ial Heads in Listening Tests, Journal of the Audio Engineering Soiety, vol.

47, pp. 83-100 (1999).
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The above mentioned neessary ompromise between diret and di�use sound an be dismissed, if

both ontributions are reorded separately. For that purpose often a stereo mirophone is installed

lose to the soure to reord the diret sound and additionally a distant omnidiretional mirophone

reords the di�use sound.

The amount of di�use sound in a reording an be used to adjust the apparent distane to a soure. If

the signal of an instrument is mixed with a large portion of di�use sound, the instrument appears far

away. On the other hand, if the signal ontains mostly diret sound, the instrument seems to be very

lose to the listener.

Maximal �exibility in the mixing proess is obtained, if eah instrument or group of instruments is

reorded separately with its own mirophone. However the plaement of the mirophones needs speial

are. In any ase it has to be avoided that the same instrument is reorded with similar strength by

two di�erent mirophones as this would lead to possible interferene e�ets while summing up the

mirophone signals. To avoid this problem, small walls an be installed between the instruments. If

the mirophones are then plaed suitably, the walls shield the unwanted ontributions. However speial

are has to be taken that the walls don't introdue omb �lter e�ets due to re�etions. Pressure zone

mirophones that are installed diretly on the re�eting surfae an help to overome this di�ulty.

5.3 Surround sound

With stereo a sound image an be produed that seems to origin from a frontal diretion within an

opening angle of about 60◦. This represents more or less the diret sound of an extended orhestra on

stage. However stereo is unable to reprodue appropriate diretional information of room re�etions

and di�use reverberation. An extension to a perspetive of 360◦ are surround sound formats. For

movie sound the 5.1 format is nowadays a quasi standard

4

. With newer sound storage media

surround sound beomes interesting for pure audio produtions. First ideas for multihannel audio

date bak to the 1930's. Essential experiments were onduted by Disney for the movie Fantasia.

In the 1960's the four hannel system quadrophony was launhed, however without ommerial suess.

The 5.1 format stores the audio information digitally, usually in a ompressed format

5

. 5.1 o�ers two

stereo hannels left and right and in addition a enter hannel, a left surround and a right surround

hannel and (indiated by .1) a low frequeny e�ets LFE hannel. The �rst �ve hannels over the

full audio range while the LFE hannel is responsible for frequenies between 20 and 120 Hz only. The

motivation for the LFE hannel is a relief of the 5 main hannels as they don't need to reprodue the

highest low frequeny amplitudes. The enter hannel is important for sound that should be heard

from the middle in ase of a listener that is not exatly seated on the symmetry axis between the left

and right loudspeakers.

Regarding reording tehniques, surround sound introdues additional degrees of freedom ompared to

stereo

6

. Firstly it has to be lari�ed whih perspetive should be reprodued. Besides speial e�ets

reordings, two main onepts are ommon:

• The diret/ambient perspetive seeks to reate a realisti listening experiene as it would be heard

in a real environment. For that purpose the three front hannels left, right and enter are used

to reprodue the diret sound of the soure. The two surround hannels over the lateral and

rear sided room re�etions and reverberation. For the front hannels usually a stereo mirophone

is used while the surround hannels are produed by omnidiretional room mirophones.

• The inside the band perspetive reates the illusion of a listening position within the soure, e.g.

in the middle of an orhestra. For maximal �exibility usually distributed mirophone arrangements

are used.

4

Tomlinson Holman, 5.1 Surround Sound - Up and Running, Foal Press, 2000.

5

Marina Bosi, High-Quality Multihannel Audio Coding: Trends and Challenges, Journal of the Audio Engineering

Soiety, vol. 48, no. 6, p.588-595 (2000)

6

Franis Rumsey, Mirophone and Mixing Tehniques for Multihannel Surround Sound, Journal of the Audio Engi-

neering Soiety, vol 46, n. 4, p. 354-358 (1998).
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Chapter 6

Reprodution of audio signals

6.1 Stereo loudspeakers

Probably still the most ommon reprodution arrangement is a stereo loudspeaker pair. As a rule of

thumb the listening position should form an equilateral triangle together with the two loudspeakers

(Figure 6.1). The line between the two loudspeakers is alled stereo basis. Due to intensity and time

of arrival di�erenes between the loudspeaker signals the ear reates the illusion of phantom soures

that seem to be loated on the stereo basis. A level di�erene of 25 dB or a delay of 2 ms between the

loudspeaker signals results in ompletely lateral loalization.

stereo basis

60°

Figure 6.1: Standard stereo loudspeaker arrangement. The listener and the two loudspeakers form an

equilateral triangle.

6.2 Headphones

At the reprodution by headphones the transduers are loated diretly in front of the outer

ear. In ontrast to the loudspeaker ase, with headphones there is no rosstalk from the left

hannel to the right ear and vie versa. An other advantage is that the aoustial ondition of the

listening room is irrelevant. However headphone reprodution often leads to loalization inside the head.

In a typial live listening situation an extended soure is loated in front of the listener. The diret

sound signals stem from an azimuthal angle of maybe ±30◦. As a onsequene of the head related

transfer funtion from the soure to the ear drums a signi�ant linear frequeny distortion ours. If

one listens with headphones to a stereo reording that was performed with help of a normal mirophone

arrangement suh as XY or AB, the head related transfer funtion is by-passed. For that reason,

headphones are usually equipped with a free �eld equalization.

Headphones an be built in open or losed form. The speiality of the losed variant is that the

headphone and the ear anal form a pressure hamber. The sound pressure at the ear drum just follows
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the exursion of the headphone membrane.

Most headphone transduers are of the eletro-dynami type. However some headphones use eletro-

stati systems.

6.3 Loudspeaker reprodution with rosstalk anelation

The sound pressure at a listener's ear drums an be ontrolled almost perfetly with loudspeaker

reprodution and rosstalk anelation

1

,

2

. For that purpose a onventional stereo listening arrangement

is used. Prior to listening the transfer funtions from both loudspeakers to both ear drums have to

measured. From these the orresponding rosstalk anelation �lters an be derived. They make sure

that the signals from the left speaker to the right ear and from the right speaker to the left ear are

nulli�ed. In ontrast to headphone reprodution this arrangement produes no loalization inside the

head. However a serious disadvantage of the method is that the rosstalk anelation transfer funtions

are very sensitive to hanges in geometry. This makes it neessary that the head of the listener is kept

at rest at the prede�ned position.

6.4 Room simulators

Two hannel stereo reprodution an reate phantom soures along the stereo basis. A step further go

room simulators that reate a room impression by adding re�etions and reverberation from non frontal

diretions. A di�ulty with normal reordings and reprodution in not spei�ally treated listening

rooms is the fat that information of three rooms overlays:

• the stereo reording ontains reverberation and thus information about the reording room

• the room simulator adds the aoustis of the arti�ial room

• at reprodution the listening room adds re�etions and reverberation.

Best results with room simulators an be expeted if anehoi reordings are used and the listening

room is heavily dampened with absorptive material at the room surfaes.

The room simulator adds two omponents to the original signal:

disrete re�etions: delayed opies of the original signal from spei� diretions and possibly equalized

aording to the absorption oe�ient of the orresponding re�eting surfae

di�use reverberation: re�etions with high temporal density (reverberation) from all diretions, spe-

i�ed by the parameters deay time and frequeny response

While the generation of disrete re�etions is quite straight forward, the simulation of di�use reverbera-

tion is more elaborate. Before digital solutions

3

were available, people used tape reorders with feedbak

loops

4

, spring reverb devies

5

, hall plates

6

or eho hambers. Today's systems work exlusively digital.

The simplest struture to produe reverberation is shown in Figure 6.2.

The ondition for stability for the struture shown in Figure 6.2 is g < 1. The resulting impulse response
h(t) has the form:

h(t) = δ(t− τ) + gδ(t− 2τ) + g2δ(t− 3τ) + g3δ(t− 4τ) + . . . (6.1)

1

M. R. Shroeder, B. S. Atal, Computer Simulation of Sound Transmission in Rooms, IEEE International Convention

Reord, Part 7, p.150-155 (1963).

2

O. Kirkeby, P. Nelson, H. Hamada, Loal sound �eld reprodution using two losely spaed loudspeakers, J. Aoustial

Soiety of Ameria, vol. 104, p.1973-1981 (1998).

3

Barry Blesser, An Interdisiplinary Synthesis of Reverberation Viewpoints, Journal of the Audio Engineering Soiety,

vol. 49, p.867-903 (2001).

4

G. R. Crane, G. A. Brookes, Arti�ial Reverberation Failities for Auditoriums and Audio Systems. J. Audio Engi-

neering So. n.3, vol. 9, p.198-204 (1961).

5

H. E. Meinema et. al. A New Reverberation Devie for High Fidelity Systems. J. Audio Engineering So. n.4, vol.

9, p.284-326 (1961).

6

K. Aras, A. Chaigne, On the quality of plate reverberation, Applied Aoustis, vol. 71, p.147-156 (2010).
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+ Delay, τ

Gain, g

IN OUT

Figure 6.2: Simplest struture of a reverberation generator.

with the spetrum

H(ω) = e−jωτ + ge−jω2τ + g2e−jω3τ + g3e−jω4τ + . . . (6.2)

Eq. 6.2 represents a geometri series. The sum is given by

H(ω) =
e−jωτ

1− ge−jωτ
(6.3)

The amplitude response of (6.3) is:

|H(ω)| = 1
√

1 + g2 − 2g cos(ωτ)
(6.4)

The funtion (6.4) orresponds to a omb �lter. The amplitude di�erenes between maxima and minima

inrease for growing g. This non-�at amplitude response is a drawbak of this simplest reverberation

struture. Shroeder

7

has shown that by the subtration of a suitable amount of the original signal

(Figure 6.3) a �at amplitude response an be obtained.

+ Delay, τ

Gain, g

IN

Gain, -g

Gain, 1-g
2

+ OUT

Figure 6.3: Modi�ed struture of a reverberation generator with a �at amplitude response.

The output of the reverberation generator deays by the fator g per delay time τ . This orresponds

to a level drop of 20 log(g). Consequently the resulting reverberation time for a deay of 60 dB is

RT = τ
60

−20 log(g)
(6.5)

The reverberation generator produes a onstant eho density 1/τ . For a realisti auralization of a

di�use �eld the eho density should be in the order of 1000 per seond. To reah suh a value, usually

several reverberation units have to be put in series.

6.5 Surround sound

Surround sound reordings an reprodue sound events not only from within the 60◦ of the stereo angle
but from bakward diretions as well. Thus, surround sound allows for a more realisti reprodution

of the aoustis of rooms. Earlier systems suh as Dolby Surround used matrix-oded formats with

four hannels mapped onto two physial traks - however with the disadvantage of a limited hannel

separation. Atual surround sound suh as Dolby Surround Digital (5.1) is based on fully separated

hannels.

7

M. R. Shroeder, Natural Sounding Arti�ial Reverberation, J. Audio Engineering So. n.3, vol.10, p.219-223 (1962).
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In 1992 Dolby launhed the format Dolby Surround Digital for movie sound. It is often labeled as SR.D

or 5.1. The format uses 5+1 digitally oded independent audio hannels. The hannels represent the

following diretions:

• left (20. . .20'000 Hz)

• enter (20. . .20'000 Hz)

• right (20. . .20'000 Hz)

• surround left (20. . .20'000 Hz)

• surround right (20. . .20'000 Hz)

• LFE (low frequeny e�ets) (20. . .120 Hz)

The LFE hannel is optional. The main purpose is to relieve the 5 other hannels from the reprodution

of the lowest frequenies with high amplitude. The audio signals are usually oded in a ompressed

format suh as Dolby AC-3. The ideal loudspeaker on�guration for the 5.1 sound is shown in Figure

6.4.

110°

30°

Links Surround Rechts Surround

Links Rechts

Mitte

LFE

Figure 6.4: Ideal listening on�guration for 5.1 surround sound with the �ve main hannels left, right,

enter, left surround and right surround and the optional low frequeny e�ets hannel LFE.

The reprodution of surround sound material is possible by headphones as well. The headphone signals

are generated by proessing of eah loudspeaker hannel with the left and right head related trans-

fer funtions HRTF for the orresponding sound inidene diretion. Advaned headphone systems

are equipped with a head traker to detet head movements. In this ase the HRTF's are adjusted

aordingly with the result that the sound �eld remains at it's original position in the virtual room.

These systems usually allow for the addition of arti�ial reverberation to ompensate for the missing

reverberation of the listening room.

6.6 Wave �eld synthesis

Stereo- and surround sound reprodution reate the desired listening impression in a sweet spot by

appropriate level- and time of arrival di�erenes. The optimal reprodution system however would be

apable to synthesize an arbitrary sound �eld in an extended region of a room. From a theoretial

point of view this appears possible if sound pressure p̌S and the normal omponent of sound partile

veloity v̌S on a losed surfae around the volume of interest an be ontrolled perfetly. This priniple

of sound generation is alled wave �eld synthesis

8

. The mathematial-theoretial priniple is given in

form of the Kirhho�-Helmholtz integral:

8

Günther Theile, Wave �eld synthesis - a promising spatial audio rendering onept, Proeedings of the 7th Int.

Conferene on Digital Audio E�ets, 2004.
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p̌(x, y, z, ω) =
1

4π

∫

S

(

jωρ0v̌S(ω)
e−jωr/c

r
+ p̌S(ω)

∂

∂n

e−jωr/c

r

)

dS (6.6)

or in a somewhat modi�ed form:

p̌(x, y, z, ω) =
1

4π

∫

S

(

jωρ0v̌S(ω)
e−jkr

r
+ p̌S(ω)

1 + jkr

r2
cosφe−jkr

)

dS (6.7)

The integrand in Eq. 6.7 is omposed of an omnidiretional monopole ontribution v̌S and a dipole

ontribution p̌S with a os(φ)-diretivity. For the ontrol of sound pressure p̌(x, y, z) at a point in

spae, the surfae S has to be paked densely with monopole and dipole soures. These soures are

then steered aordingly to reate the desired sound �eld.

In a pratial realization, the following limitations are enountered:

spaial disretization the ontinuous sound pressure and sound partile veloity distribution on the

surfae S has to be approximated by a limited number of disrete soures. Above a ertain limiting

frequeny, this spaial disretization leads to aliasing with the onsequene of errors in the sound

�eld. This upper limiting frequeny an be inreased by installation of more loudspeakers on a

�ner mesh.

room re�etions re�etions at the boundary of the listening room introdue errors in the synthesized

sound �eld. The relevane of these re�etions an be redued by overing walls and eiling by

absorptive material. If the re�etion at the boundary surfaes an be desribed exatly, their

presene an be taken into aount and ompensated for in the wave �eld synthesis alulation.

e�ort due to the enormous e�ort regarding the number of soures, pratial wave �eld synthesis

realizations are often restrited to two dimensions. A suitable loudspeaker arrangement is then a

irle.

6.7 Ambisonis

Ambisonis is a multi-hannel reording and reprodution tehnique, invented by Mihael Gerzon in the

early 1970s. Ambisonis represents sound from a ertain diretion with help of a multipole expansion.

The multipole expansion is formulated as a sum of spherial harmonis. The distribution of signal

diretivity at a ertain point in spae is thus deomposed into

• 1 monopole part C0
0

• 3 dipole parts C−1
1 , C0

1 , C
1
1

• higher order parts C−j
n , . . . , Cj

n

Ambisonis is mostly used in form of �rst order Ambisonis whih utilizes the monopole (zeroth

order) and dipole parts (�rst order) only. These four hannels are labeled as W, X, Y and Z and

form the so-alled B-format. W is the monopole part while X, Y and Z orrespond to the diretional

omponents. X an be thought of as a reording with a pressure mirophone (omnidiretional). The

X, Y and Z hannel orrespond to oinident reordings with �gure-of-eight mirophones pointing in

x, y and z diretion of a three dimensional oordinate system (Figure 6.5)

9

.

The signal s(t) of a soure that is seen under azimuthal angle α (0 = frontal diretion, ounter-lokwise

diretion of rotation assumed) and elevation angle β (relative to the horizontal plane, positive angles

represent points above the plane) (Figure 6.6) is onsequently enoded in the four B-format hannels

as:

9

An example of a ommerial B-format sensor system is the Sound�eld mirophone.
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Figure 6.5: Zeroth and �rst-order spherial harmonis, orresponding to the diretivities of the four

B-format hannels (green and red represent opposite signs).

W =
1√
2
· s(t)

X = cos(α) cos(β) · s(t)
Y = sin(α) cos(β) · s(t)
Z = sin(β) · s(t) (6.8)

x

y

source

α

front

z
source

top

β

Figure 6.6: Azimuthal angle α and elevation β de�nition. Left: top view, right: setion view.

If only diretional information in the horizontal plane is needed, Eq. 6.8 redues to the 2D-version in

Eq. 6.9.

W =
1√
2
· s(t)

X = cos(α) · s(t)
Y = sin(α) · s(t)
Z = 0 (6.9)

It should be noted that the saling fator 1/
√
2 in the W hannel is introdued by onvention. By

linear-ombination of the four B-format hannels it is possible to reate the audio signal that would

have been aptured by any �rst-order mirophone (omni, ardioid, �gure-of-eight) pointing in any

diretion.

Similarly it is easily possible to modify the orientation of a soure oded in B-format. An aousti

senery an be rotated around the x-axis (tilt), the y-axis (tumble) or the z-axis (rotate) or any

ombination of them. Starting with given W,X, Y, Z the new B-format signals W ′, X ′, Y ′, Z ′
are

found by appropriate saling:

W ′ = k1W + k2X + k3Y + k4Z

X ′ = k5W + k6X + k7Y + k8Z

Y ′ = k9W + k10X + k11Y + k12Z

Z ′ = k13W + k14X + k15Y + k16Z (6.10)

The reprodution of a B-format sound an be done in a very �exible way by any number of loudspeakers.

The reation of the loudspeaker signals from the B-format is alled the Ambisoni deoding proess.
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Depending on the appliation, several deoders have been proposed

10

,

11

. As loalization of the human

auditory system uses interaural time di�erenes at low frequenies and interaural level di�erenes at

high frequenies, an optimal deoding sheme should behave di�erently at low and high frequenies.

In the following it is assumed that sound is reprodued in 2D only (horizontal plane) by a regular

arrangement of loudspeakers. The N loudspeakers are plaed on a irle around the listener and form

azimuthal angles θi with respet to the frontal diretion (Figure 6.7).

listener position

L1

L2

L3 L4

L5

x

y

θ2

Figure 6.7: Example of a regular arrangement of loudspeakers for the reprodution of B-format sound.

The loudspeaker signals Fi an be expressed as

Fi = K1 ·W +K2 · [X cos(θi) + Y sin(θi)] (6.11)

The ardioid deoder or in-phase deoder uses a ratio

K1

K2
=

√
2 (6.12)

and has the advantage that under no irumstanes signal aneling (out-of-phase summation) ours

at the listener position. In omparison to other deoders, this aspet makes the the loalization less

sensitive with respet to hanges in listener position. Consequently a larger listening area with proper

loalization an be expeted. Figure 6.8 shows the loudspeaker signal amplitudes for the arrangement

in Figure 6.7.

The energy loalization vetor deoder uses a ratio

K1

K2
= 1 (6.13)

and is believed to yield optimal loalization results in the frequeny range from 700 to 4000 Hz where

inter-aural level di�erenes are of importane (Figure 6.9).

Finally the veloity loalization vetor deoder with a ratio

K1

K2
=

1√
2

(6.14)

is onsidered as optimal in the low frequeny range where inter-aural time di�erenes are responsible

for loalization (Figure 6.10).

10

M. A. Gerzon, Ambisonis in Multihannel Broadasting and Video, Journal of the Audio Engineering Soiety, vol.

33, p.859-871 (1985).

11

A. J. Heller et al., Is My Deoder Ambisoni? 125th Convention of the Audio Engineering Soiety, San Franiso,

USA.
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Figure 6.8: Loudspeaker signal amplitudes for the ardioid deoder as a funtion of azimuth angle of

the soure.
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Figure 6.9: Loudspeaker signal amplitudes for the energy loalization deoder as a funtion of azimuth

angle of the soure.
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Figure 6.10: Loudspeaker signal amplitudes for the veloity loalization deoder as a funtion of azimuth

angle of the soure.

As for di�erent frequeny bands di�erent loalization ues are of importane, the optimal deoder

setting is expeted to be frequeny dependent. This an be realized by applying shelf-�lters.

The ambisonis deoders assume oherent summation of the loudspeaker signals at the listener position.

At least at higher frequenies this assumption is violated by the fat that the listener's head introdues
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a sound �eld distortion and that the two ears sample the sound �eld at slightly di�erent points in spae.

At higher frequenies a more appropriate model for the superposition is thus energy summation. As in

this ase out-of-phase signals make no sense, the K1/K2 ratio should tend to the value of the ardioid

deoder.

6.8 Auro 3D

6.9 Audibility of transmission errors

6.9.1 Distortion of the amplitude response

In the best ase the amplitude of the transfer funtion of an audio hain (mirophone - storage medium

- sound generating element (headphones or loudspeaker and listening room) is frequeny independent.

This an never be reahed perfetly. The resulting deviations from a �at frequeny response urve

are alled linear distortions. The term �linear� is important, as no new frequenies our as in ase of

�non-linear� distortions. The ear is most sensitive to amplitude errors, if the deviation is restrited to a

relative narrow band of about one third-otave. In a diret A/B listening test, a deviation of about 1

dB an be heard. Without the possibility of a diret omparison, the just notieable di�erene is about

3 dB. Exaggerations are heard more easily than dips.

6.9.2 Distortion of the phase response

Helmholtz and Ohm postulated more than 100 years ago that the audible oloration of a omplex tone

depends on the amplitude spetrum only whereas the phase spetrum has no in�uene. This �nding is

still reognized as orret. However there exist speial signals that di�er in pereption if the phase is

hanged. Suh signals are omposed of low and mid frequeny omponents. The masking e�et of the

low frequeny omponents for the mid frequeny omponent depends on the time ourse of the signal

and thus is in�uened by possible phase shifts.

6.9.3 Non-linear distortion

A non-linear transfer funtion of one element of the audio hain introdues �non-linear� distortion. As

a onsequene, new frequenies are generated that are not ontained in the original signal. Non-linear

transfer harateristis are usually desribed by a power series:

y = a0 + a1x+ a2x
2 + a3x

3 + . . . (6.15)

where

x: time response of the input signal
y: time response of the output signal
ai: oe�ients

In ase of a weak nonlinearity, the following relation for the oe�ients holds:

ai ≪ a1 for i = 2, 3, . . . (6.16)

The transmission of a sinusoidal signal x(t) = X cos(ωt) yields

y(t) = a0 + a1X cos(ωt) + a2X
2 1

2
[1 + cos(2ωt)] + a3X

3 1

4
[3 cos(ωt) + cos(3ωt)] + . . . (6.17)

Ignoring the DC omponent and having the relation 6.16 in mind, the output y(t) from Eq. 6.17 an

be written as:

y(t) ≈ a1X cos(ωt) + a2
X2

2
cos(2ωt) + a3

X3

4
cos(3ωt) + . . . (6.18)

The transmission of a sinusoidal signal of frequeny f through a non-linear transfer harateristis

produes harmoni omponents at the frequenies 2f, 3f, . . .. In ase of sound of musial instruments

these omponents usually ause no harm as they are masked by harmoni omponents already present
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in the original signal.

However, if the original signal ontains two sinusoidal omponents of di�erent frequenies, additional

ombination frequenies our. To keep the analysis simple, the ase of a quadrati distortion hara-

teristis is investigated here. The input signal is omposed of a �rst omponent with amplitude X1 and

angular frequeny ω1 and a seond a seond omponent with amplitude X2 and angular frequeny ω2:

x(t) = X1 cos(ω1t) +X2 cos(ω2t) (6.19)

The transfer harateristis of a weak quadrati non-linearity is assumed as

y = a1x+ a2x
2

(6.20)

with

a2 ≪ a1

The output is found as

y(t) ≈ a1 (X1 cos(ω1t) +X2 cos(ω2t)) +
1

2
a2
(

X2
1 cos(2ω1t) +X2

2 cos(2ω2t)
)

(6.21)

+a2X1X2 [cos ((ω2 + ω1)t) + cos ((ω2 − ω1)t)]

The transmission of to sinusoidal signal omponents with frequenies f1 and f2 yields harmoni

distortion omponents 2f1 and 2f2 and in addition sum- and di�erene tones at frequenies f2 + f1
and f2 − f1. Often, the di�erene tone is audible as he lies below the lowest signal omponent and is

thus not masked. Very ritial in this respet is the performane of two instruments that are poor in

harmonis suh as e.g. �utes.

The degree of non-linearity an be desribed by di�erent quantities, depending on the e�et one is

interested in. The ourrene of additional harmoni omponents for exitation with one pure tone is

alled harmoni distortion. The generation of sum- and di�erene tones for simultaneous exitation

with two or more pure tones is desribed by the intermodulation distortion.

Harmoni distortion is quanti�ed by the distortion fator k or by the THD ( Total Harmoni Distortion).

For sinusoidal exitation k is given as

k =

√

√

√

√

√

√

√

∞
∑

n=2
X2

n

∞
∑

n=1
X2

n

× 100% (6.22)

where

X1: amplitude of the fundamental omponent

Xn: amplitude of the n-th harmoni produed by the non-linearity

If the measurement of the distortion fator ontains the ontribution of the noise as well, the quantity

is labeled as THD+N.

6.9.4 Residual noise

Eah omponent of an audio hain ontributes to some extent to the residual noise. Residual noise

an be separated in the ategories hum and noise.

Hum desribes tonal omponents that are related to the power supply frequeny or its harmonis.

With proper wiring of the omponents (in the best ase with di�erential signaling) hum omponents

an be easily kept as low as that they are inaudible.

Noise is produed by eah individual eletri omponent of the iruits involved. However modern low

noise ampli�er onepts ahieve very good values in self-noise. For the spei�ation of residual noise,
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di�erent proedures are applied. They di�er in the signal attributes that are evaluated and the usage

of frequeny weighting.

6.10 Di�erential signaling

In professional audio, analog omponents have balaned inputs and outputs and are onneted to eah

other by di�erential signalling. Hereby two signal wires and a shield are used. The voltages of eah of

the two signal wires with respet to shield potential have opposite sign or 180◦ phase shift. At the

input of a reeiving omponent the di�erene between these two signals is determined. By this opera-

tion, possible unwanted eletromagneti interferene is eliminated as it an be expeted to our on

both signal wires in the same way. For that reason, long ables an be used without relevant interferene.

Di�erential signalling uses often XLR-onnetors (Figure 6.11). The wiring of the pins is shown in

Figure 6.12. If a balaned and an unbalaned omponent are onneted, the old wire (b) is onneted

to the shield on the side of the unbalaned omponent (Figure 6.13).

Figure 6.11: XLR able onnetors, female on the left and male on the right.

Figure 6.12: Wiring of XLR onnetors. 1: shield, 2: positive signal (hot), 3: negative signal (old).

unbalanced

connector

balanced

connector

2: hot

3: cold

1: ground

Figure 6.13: Connetion of a omponent with an unbalaned onnetor and a omponent with a

balaned onnetor.

6.11 Digital onnetions, AES/EBU, SPDIF

Digital audio omponents suh as CD-players or hard-dis reorders usually o�er - besides analog

input/output - digital onnetions for the signal exhange. Professional devies use the serially

operating AES/EBU interfae for stereo signals. The signal is transmitted by balaned wiring and XLR

onnetors, the voltage lies between 2 and 7 V peak-peak. For moderate lengths, standard symmetrial

audio ables an be used. The AES/EBU format uses 32 Bit per single hannel audio sample. For
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the representation of the sample itself, 24 Bit are available. The remaining bits are used for status

information, parity hek and so on. With help of the hannel status bit further information an be

oded by distribution over several samples. The two audio hannels are sent one after the other. With

a sampling rate of 48 kHz, the volume of the data stream is 48'000×2×32 = 3.072 MBit/se.

Consumer omponents are usually equipped with an SPDIF-interfae (Sony Philips Digital Interfae).

The format is losely related to the AES/EBU standard. In many ases a diret data transfer SPDIF

↔ AES/EBU is possible. The main di�erenes lie in the usage of the hannel status information and in

the eletrial spei�ations of the onnetion. SPDIF uses unbalaned wiring with Chinh onnetors

and has a peak voltage of 0.5 V. Reent devies are often equipped with an additional optial interfae

suh as TOSLINK introdued by Toshiba.
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Chapter 7

Publi address systems

7.1 Introdution

The primary goal of a publi address system (PA system) is the suitable aoustial reprodution of an

eletrial signal by loudspeakers. Hereby a onstant (+/-3 dB) diret sound pressure level in the whole

audiene region shall be produed. A signal-to-noise level di�erene of 10. . .25 dB shall be ahieved.

Typial �elds of appliation for PA systems are:

• ampli�ation of soures that are too weak

• ampli�ation of soures with an insu�ient diretionality, with the onsequene that the di�use

�eld is exited too strongly

• ampli�ation of soures that are not present (reprodution of an audio signal that was aptured

elsewhere.

Historially seen, the demand for PA systems sprung up with the introdution of sound in movies. For

the history of PA systems see e.g.

1

.

An important area of appliation of PA systems is the ampli�ation of speeh in auditoria. In the

following, PA systems for speeh will be disussed in more detail.

To start with, some fats about speeh signals are presented. A person produes with normal voie in

1 m distane about 65 dB(A) sound pressure level. The orresponding third-otave band spetrum is

shown in Figure 7.1.
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Figure 7.1: Third-otave band spetrum of average human voie aording to ANSI.

1

J. Eargle, M. Gander, Historial Perspetives and Tehnology Overview of Loudspeakers for Sound Reinforement,

Journal of the Audio Engineering Soiety, vol. 52, p.412-432 (2004).
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Table 7.1 shows the relevane of eah third-otave band for the speeh intelligibility. Of great importane

for the pratie is the fat that frequenies below 300 Hz do not ontribute signi�antly to speeh

intelligibility.

third-otave [Hz℄ 200 250 315 400 500 630 800 1000

weight 4 10 10 14 14 20 20 24

third-otave [Hz℄ 1250 1600 2000 2500 3150 4000 5000

weight 30 37 37 34 34 24 20

Table 7.1: Relevane (weight) of eah third-otave band for speeh intelligibility (soure: determination

of the Artiulation Index).

7.1.1 Considerations of sound pressure levels

The building bloks of a PA system for speeh are the mirophone, ampli�er and loudspeaker and the

room-aoustial onditions. The goal is to produe by help of the loudspeakers a sound pressure in the

audiene area that is signi�antly ampli�ed ompared to the diret sound of the original soure (the

speaker).

A potential problem is the ourrene of feedbak in the loop loudspeaker - room - mirophone.

Feedbak may beome audible already below the point of instability. It manifests as linear distortions

of the frequeny response and in strething of transient signals. For that reason, as a rule of thumb,

a margin of 10 dB to the point of instability should be guaranteed. This ondition has to be ful�lled

at all frequenies. It is therefore bene�ial to �atten the frequeny response of the loudspeaker system

(in it's interation with the room) by an equalizer.

If the PA system has to reprodue speeh signals only, the frequeny response of the system an be

limited aording to Figure 7.2.

Figure 7.2: Su�ient frequeny response for the reprodution of speeh signals.

7.1.2 Maximal ampli�ation

For a typial sound reinforement situation in a room, as shown in Figure 7.3, the maximal possible

ampli�ation an be estimated from a few parameters. The key for the analysis is the separation of

the sound �eld into diret and di�use sound. The diret sound dereases with 6 dB per doubling of

distane, the di�use �eld is onstant all over the room. It is assumed that the PA system onsists of n
idential loudspeakers, where the mirophone is in the diret sound �eld produed by one speaker only.

Similarly the listener reeives diret sound from one speaker only.

The situation from �gure 7.3 an be translated into a blok diagram aording to Figure 7.4.

The relevant quantities for the alulation are:
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Figure 7.3: Situation of a PA system in a room with the soure, one mirophone, n idential loudspeakers

and the reeiver.
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Figure 7.4: Blok diagram of the PA system from Figure 7.3.

p2Q1m: sound pressure square produed by the soure (speaker) in 1 m distane

p2M : sound pressure square ating on the mirophone (taking into aount the diretional harater-

istis of the mirophone

p2E : sound pressure square at the reeiver position

p2LS1m: sound pressure square produed by one loudspeaker in 1 m distane in the main radiation

diretion

ν =
p2

LS1m

p2

M

p2LS1m(γ): sound pressure square produed by one loudspeaker in 1 m distane in diretion γ relative

to the main radiation diretion

p2LS1m: sound pressure square produed by one loudspeaker in 1 m distane averaged over all diretions

RWLS(γ): diretivity of the loudspeaker =
p2

LS1m(γ)

p2

LS1m

RWM (β): diretivity of the mirophone

Q: diretivity fator of the loudspeaker =
p2

LS1m

p2

LS1m

A: total absorption in the room

The transfer funtion G1 is given as superposition of the diret sound signal from loudspeaker 1 and

the di�use �eld ontribution from all loudspeakers. The diret sound orresponds to

p2M,direct = p2MνRWLS(γ)
1

d2LSM

RWM (β) (7.1)

The di�use �eld ontribution p2diffuse from one loudspeaker with radiated sound power W is
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p2diffuse =
4ρ0cW

A
(7.2)

The radiated sound power W an be expressed by sound pressure square in 1 m distane and the

diretivity fator Q:

W =
p2LS1m4π

ρ0cQ
(7.3)

By insertion of (7.3) in (7.2), the di�use �eld ontribution of one loudspeaker is found as

p2M,diffuse = p2Mν
16π

AQ
(7.4)

G1 is then found as

G1 = νRWLS(γ)
1

d2LSM

RWM (β) + ν
16π

AQ
n (7.5)

The ondition for G1 for a safety margin of 10 dB to the point of instability is

G1 < 0.1 (7.6)

The transfer funtion G2 is found analogously as superposition of diret and di�use sound:

G2 = ν
1

d2LSE

+ ν
16π

AQ
n (7.7)

G3 �nally desribes the diret sound derease from the soure to the mirophone:

G3 =
1

d2QM

(7.8)

The sound pressure square

˙p2E produed by the soure at the reeiver without PA system is

˙p2E = p2Q1m

(

1

d2QE

+
16π

A

)

(7.9)

With the PA system in operation, the sound pressure square at the reeiver beomes (ignoring the

feed-bak path):

p̈2E = p2Q1mG3G2 + p2Q1m

(

1

d2QE

+
16π

A

)

(7.10)

The pressure square ampli�ation by the PA system is thus given as

Gain =
p̈2E
˙p2E

= 1 +
G3G2
1

d2

QE

+ 16π
A

(7.11)

Maximal ampli�ation is reahed for G1 = 0.1 (orresponding to 10 dB margin to the instability point).

From this follows with Eq. 7.5

ν =
0.1

RWLS(γ)RWM (β) 1
d2

LSM

+ 16π
AQn

(7.12)

After insertion of (7.12) in (7.7) and (7.11) the maximal ampli�ation is found as

GainMAX = 1 +
0.1 1

d2

QM

(

1
d2

LSE

+ n 16π
AQ

)

(

1
d2

QE

+ 16π
A

)(

RWLS(γ)RWM (β) 1
d2

LSM

+ n 16π
AQ

)
(7.13)

It should be noted that for speeh transmission only the diret sound ontribution is useful for speeh

intelligibility. This part is found by evaluating Eq. 7.13 with A → ∞.

In the following, it is assumed that the PA system is well on�gured and produes signi�ant ampli�-

ation. In this ase the following relations are valid:
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• GainMAX ≫ 1

• 1
d2

LSE

≫ n 16π
AQ (the distane loudspeaker-reeiver is smaller than the ritial distane, meaning

that the reeiver is supplied mainly with diret sound)

• n 16π
AQ ≫ RWLS(γ)RWM (β) 1

d2

LSM

(feed-bak is dominated by the di�use �eld)

With the above assumptions it an be onluded that:

• GainMAX ∼ 1
d2

QM

→ the maximal ampli�ation is inversely proportional to the square of the

distane of the speaker to the mirophone

• GainMAX ∼ 1
n → the maximal ampli�ation is inversely proportional to the number of loud-

speakers

• GainMAX ∼ Q → the maximal ampli�ation is proportional to the diretivity fator of the

loudspeakers

7.1.3 Examples of soures with high diretivity

As seen above high ampli�ation an be reahed with loudspeakers of high diretivity only. This an

be ahieved by two strategies:

• horn speakers

• one- or two-dimensional arrangement of several speakers (with arrangement dimension ≈ wave-

length

Horn loudspeakers

Horn loudspeakers ahieve an improved e�ieny due to better impedane mathing. In addition they

allow for a better ontrol of diretivity. Table 7.2 shows Q values and level redutions for 60◦ relative

to the the main radiation diretion for a typial mid-frequeny horn with an opening area of 70 m x

40 m and a length of 40 m.

500 Hz 1 kHz 2 kHz 4 kHz

Q 14 12 14 12

∆L(60◦) [dB℄ 5 12 10 18

Table 7.2: Q values and level redutions ∆L at 60◦ relative to the main radiation diretion for a typial

mid-frequeny horn loudspeaker.

Column speaker

Column speakers with many oherently driven hassis arranged in a line are a ommon solution to fous

the radiated sound energy in one dimension

2

. Table 7.3 shows typial Q values and level redutions

at 60◦ for a 1.3 m long olumn.

250 Hz 500 Hz 1 kHz 2 kHz 4 kHz 8 kHz

Q 8 11 18 22 18 45

∆L(60◦) [dB℄ 15 15 20 12 15 10

Table 7.3: Q values and level redutions ∆L at 60◦ relative to the main radiation diretion for a 1.3 m

long olumn speaker onsisting of 8 hassis.

The fousing of olumn speakers depends strongly on frequeny. Consequently the resulting amplitude

response may be very uneven. The high diretionality at high frequenies ompared to the low

frequenies an be redued by dividing the olumn into shorter segments that are tilted relative to

2

M. S. Ureda, Analysis of Loudspeaker Line Arrays, J. Audio Engineering Soiety, vol. 52, p.467-495 (2004).
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eah other (Figure 7.5). At low frequenies the diretionality is still given by the total length while at

higher frequenies the diretionality is determined by the shorter segments.

Figure 7.5: Splitting of a olumn speaker into several segments to redue the strong frequeny depen-

deny of diretionality.

A more versatile solution is to ontrol the amplitude and phase of eah hassis individually. Suh an

arrangement is alled a line array. Within the limits given by the ratio of olumn length and wave

length, almost any possible diretivity an be realized

3

(of ourse only in one dimension). Of speial

interest is the possibility to steer the elevation of the beam independently of the physial orientation

of the olumn. It is therefore possible to mount suh olumns �ush to a wall whih allows for highly

aestheti solutions. Furthermore the problem of wall re�etions is eliminated whih is ommon in ase

of inlined mounting (Figure 7.6). With suitable exitation it is even possible to produe two or more

beams that point in di�erent diretions. Conventional olumns fous at distane = ∞. Line arrays

allow for an arbitrary foal point. By proper adjustment of this parameter, it possible to produe a

sound �eld that varies only little with distane. This is a highly desirable e�et as it redues the danger

of feed-bak.

Figure 7.6: Conventional olumn speakers require tilted mounting to maximize radiation towards the

audiene. This leads to re�etions at the vertial wall and produes a seond unwanted beam.

7.1.4 Feed-bak suppression

Wobbling

Feed-bak an be signi�antly suppressed if the radiated loudspeaker signal is modulated in frequeny.

This results in a ontinuous alteration of the phase relation of the feed-bak loop with the onsequene

that frequenies with positive feed-bak at one time will experiene negative feed-bak the next moment.

The idea of frequeny modulation as feed-bak suppressor dates bak to 1928. The modulation was

realized by mounting the loudspeaker and the mirophone like a pendulum. In our times, Nishinomiya

4

3

M. Möser, Amplituden- und Phasen-gesteuerte akustishe Sendezeilen mit gleihmässiger Horizontal-Rihtwirkung.

Austia, vol. 60, p.91-104, (1986).

4

Nishinomiya, G. Improvement of Aousti Feedbak Stability of P.A. Systems by Warbling. 6th International Congress

of Aoustis, 1968, E-3-4, pp.E-93.
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optimized the frequeny modulation parameters for this appliation. He found a variation of 10 Hz with

a modulation frequeny of 4.5 Hz best suited. The improvement is about 5 dB, however a drawbak is

the audibility of the modulation at low frequenies.

Frequeny shifting

The room transfer funtion between a soure and a reeiver shows isolated resonanes at low frequenies.

Towards higher frequenies the resonane density inreases and beomes so high, that the transfer

funtion gets a random harater with a fast alteration of peaks and dips. By introduing a frequeny

shift before the signal is radiated by the loudspeaker, the uneven transfer funtion is smoothed to a

ertain extent as peaks may be mapped to dips and vie versa. In onsequene an improved stability

limit is reahed. For pratial appliations a frequeny shift of 5 Hz is typially used whih results in a

stability inrease of about 6 dB.

Noth �lter

For a given room and �xed mirophone and loudspeaker positions, the number of frequenies that

tend to positive feed-bak is typially in the order of 10. . .20. It is therefore possible to suppress these

frequenies by a relatively small set of noth �lters. However if the mirophone position is not �x, the

feed-bak frequenies vary. With adaptive �lters these frequeny shifts an be followed up to a ertain

extent.

Estimation and ompensation for the feed-bak loop

If the feed-bak loop (G1 in Figure 7.4) an be estimated with su�ient auray, it an be reprodued

by a digital �lter and thus ompensated for. A method to do this with a subtration �lter

5

is shown

in Figure 7.7. Hereby G′

1 is the estimate of the feed-bak loop G1. By the subtration operation

it is ahieved that signals that have passed the feed-bak loop one will annulate. The priniple of

operation an be understood most easily by investigating a pulse like exitation signal. The pulse hits

the mirophone and runs through the �lter G′

1. At the same time the pulse is radiated by the speaker.

After the travel time from the speaker to the mirophone (G1), the feed-bak portion of the pulse is

aptured again by the mirophone. In the meantime the pulse has passed through �lter G′

1 as well.

Both signal omponents annulate by the subtration operation.
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Figure 7.7: Blok diagram of a PA system with a subtration �lter to suppress feed-bak. G1 represents

the aousti feed-bak loop, G′

1 is the estimate and eletroni simulation of G1.

The major di�ulty is the aurate estimation of the feed-bak loop. For �xed loudspeaker and mi-

rophone positions it may be possible to measure the system properties in advane. However it an't

neessarily be assumed that suh a system is time-invariant. The presene of audiene for example or a

hange in temperature an alter the system transfer funtion. A way out is the ontinuous measurement

of the system properties, for example with MLS at an inaudible level.

7.2 Speeh intelligibility

The fundamental quantity to desribe speeh intelligibility is the intelligibility of syllables. It is

determined by listening tests where test persons have to protool the syllables they have understood.

5

A. Goertz, Erprobung vershiedener Digital�lter zur Unterdrükung der akustishen Rükkopplung in Beshallungsan-

lagen. Fortshritte der Akustik, DAGA 94, p.305-308 (1994).

90



The perentage of syllables that were understood orretly orresponds to the intelligibility of syllables.

Good speeh intelligibility requires a value of about 90%. With the redundany inherent to speeh,

words and sentenes an then be understood to 100%.

In rooms, speeh intelligibility is in�uened by the following parameters:

• signal/noise ratio

• reverberation time of the room

• ratio of diret to di�use sound (determined by the distane soure - reeiver)

• early re�etions (omb �lter e�ets as a onsequene of delays in the order of about 1 ms are

detrimental)

• late re�etions (eho e�ets for delay times above 50 ms)

For the objetive measurement and prognosis of speeh intelligibility, the following measures are in use:

• %ALcons
6

(perentage of lost onsonants)

• STI (Speeh Transmission Index or RASTI)

• D50 Deutlihkeit

7

(ratio of the early and thus bene�ial sound energy to the total energy in the

impulse response)

Investigations at a great many of rooms have shown that the three mentioned measures for speeh

intelligibility are highly orrelated among eah other. Consequently, formulas exist to transform one

measure into an other

8

. For the objetive evaluation of speeh intelligibility an IEC standard exists

9

.

7.2.1 Artiulation Loss

Peutz found a semi-empirial relation between the perentage of lost onsonants %ALcons and aous-

tial and geometrial riteria of the room:

%ALcons =
200D2RT 2N

V Q
for D < 3.2rH

%ALcons = 9RT for D ≥ 3.2rH

where

D: distane soure - reeiver

RT : reverberation time in the frequeny range 500 Hz. . .2 kHz

V : room volume

Q: diretivity of the soure

N : ratio of the loudspeaker power that ontributes to the di�use �eld and the one that ontributes to

the diret sound (for a single loudspeaker N = 1)

A: total absorption

rH : ritial distane =

√

QA
16π

%ALcons - values below 10 % orrespond to a very good speeh intelligibility, values between 10 and 15

% signify good speeh intelligibility. With help of Eq. 7.14 a PA system an be designed for su�iently

high speeh intelligibility. As a design target a value of %ALcons of 15 % is usually hosen. For an

overview of algorithms for the alulation of %ALcons see

10

.

6

Peutz V.M.A. Artiulation Loss of Consonants as a Criterion for Speeh Transmission in a Room. Journal of the

Audio Engineering Soiety, v.19 (1971).

7

Ahnert, Reihardt, Grundlagen der Beshallungstehnik, Hirzel 1981.

8

Bradley, J. S. Relationships among Measures of Speeh Intelligibility in Rooms, Journal of the Audio Engineering

Soiety, v. 46, p.396-405 (1998).

9

IEC 60268-16:2011 Sound system equipment - Part 16: Objetive rating of speeh intelligibility by speeh transmission

index, 2011.

10

Sylvio R. Bistafa, John S. Bradley, Revisiting Algorithms for Prediting the Artiulation Loss of Consonants, Journal

of the Audio Engineering Soiety, vol. 48, p. 531-544 (2000).
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7.2.2 Speeh Transmission Index

The Speeh T ransmission Index STI is based on the modulation transfer funtion of the system

soure - room - reeiver. The speeh signal is simulated as noise that is slowly modulated in amplitude.

The original modulation depth is redued by e�ets that are detrimental for speeh intelligibility suh

as reverberation and noise. The evaluation of the loss of modulation depth results in a measure for the

speeh intelligibility.

The STI is mostly used to assess existing systems by measurements. However in its original

spei�ation the measurement is very time onsuming. A simpli�ed and faster proedure, alled

RASTI (Rapid Speeh T ransmission Index) was therefore introdued. Hereby the exitation signal

is omposed from 500 Hz and 2 kHz otave band noise. The levels are hosen to orrespond to

the typial soure strength of a real human speaker. The noise signals are modulated in amplitude

with 9 di�erent frequenies between 0.5 and 12 Hz. At the reeiver the orresponding redutions in

modulation depth are evaluated and ombined to a RASTI value between 0 and 1. Values around 0.85
stand for very good speeh intelligibility, 0.65 is good while values below 0.3 represent a bad intelligibility.

Alternatively, RASTI and STI an be alulated from impulse response measurements. In this ase

RASTI has no advantage over STI. Caution is advised if feed-bak anelers are part of the system as

the impulse response measurement (e.g. MLS) may reat very sensitive to nonlinear or non-stationary

system properties.

7.2.3 Relation between Artiulation Loss and RASTI

The quantity %ALcons is mainly used for alulations while RASTI and STI are suited for measure-

ments. %ALcons and RASTI an be onverted into eah other with help of the equations 7.14 and

7.15.

%ALcons = 170.54e−5.42RASTI
(7.14)

RASTI = 0.95− 0.185 ln(%ALcons) (7.15)

7.2.4 Deutlihkeit D50

The quantity Deutlihkeit D50 is based on the fat that signal ontributions that arrive up to 50 ms

after the diret sound are bene�ial for speeh intelligibility while the later part in the impulse response

is detrimental. D50 is determined from an impulse response h(t) between soure and reeiver:

D50 =

50ms
∫

0

h2(t)dt

∞
∫

0

h2(t)dt

× 100% (7.16)

D50 an be predited easily with room aoustial simulation programs that provide energy impulse

responses. Alternatively D50 an be determined from room impulse response measurements. A D50
value of 50 % orresponds to an intelligibility of syllables of about 90 %, whih represents a very good

speeh intelligibility.

7.2.5 STI-PA

STI-PA is a new Speeh Transmission Index variant. It an be understood as suessor of RASTI.
Similarly as with RASTI an asynhronous operation of sender and reeiver is possible. However

STI − PA overs a wider frequeny range and uses more di�erent modulation frequenies. Modern

measurement instruments allow for numerial adaption of the results for di�erent levels of bakground-

noise.
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7.3 Loalization

Besides the ampli�ation of the soure signal, a high-end sound reinforement system tries not the a�et

the loalization of the original soure. In the ideal ase the PA system is even not heard onsiously.

This is possible thanks to the preedene e�et of the ear. As long as the reinfored signal by the PA

system is not more than 10 dB above the original signal level and if the delay of the loudspeaker signal

is hosen appropriately, the ear will loalize the original soure. The reinforement system inreases the

level and the intelligibility but as suh is not audible. The orret delay of the loudspeaker signal an

be ahieved by suitable plaement or by introduing a digital delay.

7.4 Types of PA systems

Depending on the loal distribution of the loudspeakers, di�erent types of PA systems are distinguished.

7.4.1 Centralized PA system

Centralized PA systems use one or several loudspeakers that are all loated at the same position. In

rooms with an axial orientation, horn speakers are often used. In non-diretional rooms suh as ie

hokey stadiums, lusters of loudspeakers may be installed at a enter position.

Centralized PA systems usually allow for a homogeneous sound pressure distribution in the audiene

region. In addition the loalization is often good, if the loudspeakers are installed in the viinity of

the position of the original soure. However if the reverberation times are too large (above about 2

seonds) entralized PA systems usually fail, as the distanes from the speakers to the reeivers are

generally large.

7.4.2 Distributed PA system

In very reverberant rooms or rooms with a low eiling, often distributed PA systems with several

loudspeakers plaed at di�erent loations have to be employed. Problems may arise in transition zones

that are supplied by di�erent speakers. Here interferene e�ets an play a role and may produe loal

sound pressure variations. As the speakers are relatively lose to the listeners, the level distribution is in

general not that homogeneous as in ase of a entralized system. Loalization an often be improved by

inserting a delay to ensure that the diret sound of the original soure arrives at the listeners ears earlier

than the reinfored signal from the loudspeakers. In its extreme form, a distributed system provides a

loudspeaker for eah listener.

7.4.3 100 V systems

Analogous to the idea of high voltage transmission lines, some PA system use the so alled 100 V

tehnique. To minimize the neessary urrent and thus the neessary ross setional area of the ables,

the loudspeaker signal is transformed at the output of the power ampli�er to a higher voltage of typially

100 V. At the loudspeaker end of the able the voltage is then transformed down to the original voltage

level appropriate for the speaker. Besides 100 V systems, voltage levels of 70 and 25 V are ommon.

Compared to onventional abling, the 100 V systems have the following advantages and disadvantages:

advantages:

• ables with smaller diameters an be used

• installations with a ommon entral power ampli�er unit and long ables to the speakers are

possible

disadvantages:

• good sound quality requires expensive transformers

• the transformers inrease the soure impedane as seen by the loudspeaker
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7.5 Tools for the simulation of PA systems

For the design of a PA system (seletion, plaement and orientation of appropriate loudspeakers)

a variety of di�erent software tools are available. They model the radiation harateristis of the

loudspeaker systems and simulate the aoustis of the room. For a systemati olletion of data

and uni�ed desription of the loudspeaker properties, the CLF (Common Loudspeaker Format) was

proposed. Meanwhile CLF is supported by many manufaturers and software developers. There is a

free viewer for loudspeaker CLF data

11

.

7.6 Eletroaoustial adjustment of reverberation

Many today's rooms are used in a multi-funtional way. As varying usage usually requires di�erent

reverberation times, the room aoustial properties have to be made adjustable. This an be reahed

by varying the absorption properties of the room surfaes. An even more elegant solution is to inrease

reverberation by eletroaoustial means. Experiene shows that the initial reverberation time an be

prolonged by about 100 %.

Eletroaoustial prolongation of reverberation an be realized in two di�erent ways:

In-Line systems These systems pik up the soure signal by mirophones on stage, add reverberation

by means of a reverberation generator and �nally radiate the signals by several loudspeakers to

the audiene region.

Feed-bak systems, Assisted Resonane Hereby autonomous mirophone-loudspeaker units are in-

stalled on the room surfaes. Eah loudspeaker radiates the digitally proessed signal piked up

by his own mirophone. A major di�ulty is the suppression of feed-bak between loudspeaker

and mirophone. With one unit, a prolongation of the reverberation time of about 1. . .2 % an

be obtained without relevant signal oloring. For a doubling of the reverberation time, typially

about 25 to 40 units are needed.

11

http://www.lfgroup.org/index.htm
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Chapter 8

Audio signal proessing

8.1 E�ets

In eletroni musi, e�ets to modify the original audio signal are often used. Motivations an be to

redue the audibility of unwanted signal omponents or to reate new sounds. Modern e�et proessors

work digitally

1

.

8.1.1 Equalization

Equalizers allow for an adjustment of the amplitude response of a signal. A typial �eld of appliation

is the orretion of the frequeny response of a loudspeaker.

Parametri Equalizers

Parametri equalizers are omposed of a series of bandpass and noth �lters with freely adjustable �lter

properties suh as enter frequeny, bandwidth and ampli�ation of attenuation.

Graphi Equalizers

Graphi equalizers onsist of a series of bandpass �lters with �xed enter frequenies and onstant

relative bandwidths. Usually they orrespond to the standard otave or third-otave �lter series. The

user an adjust the ampli�ation or attenuation in eah band. The bandwidth and slope of the amplitude

response is adjusted in suh a way that two �lters next to eah other produe a �at response if they

are set at idential level. The ampli�ation and attenuation range is usually between +/- 10 and +/-

20 dB.

8.1.2 Reverbs

Reverbs are systems that add arti�ial reverberation to an audio signal. They are used e.g. to make

single instruments sound more reverberant. In a multi-hannel reording this is then pereived as if the

instrument would be loated more distant. An other appliation is to add reverberation to a reording

that sounds too dry.

Today's omputer power allows for real-time reverberation algorithms that perform a onvolution with

a spei� room impulse response. Of ourse the orresponding alulation is done in the frequeny

domain.

8.1.3 Compressors / Limiters

Compressors and limiters are used to redue the dynamis of an audio signal. As loudness of an

audio signal is a very strong psyhoaoustial attribute, sound engineers use ompressors in many

appliations. This is of speial importane if the audio signal has to attrat the attention of people.

Compressed audio signals are bene�ial in listening situations with high environmental noise, e.g. in

ars. Limiters ore often found in digital sound reorders. They prevent lipping if the audio signal

1

Jon Dattorro, E�et Design Part 1, Journal of the Audio Engineering Soiety, vol. 45, p.660-684 (1997).
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exeeds the maximum range of the A/D onverter.

The priniple of onstrution of a ompressor or a limiter is shown in Figure 8.1. The key element is

a voltage ontrolled ampli�er (VCA) whereby the steering voltage depends on the audio signal itself.

Whenever the audio signal level exeeds a ertain limit, the ampli�ation is lowered aordingly. In ase

of a limiter, the ampli�ation is lowered in suh a way that the output level remains onstant.

VCA
Audio In Audio Out

Figure 8.1: Priniple of operation of a ompressor / limiter.

Figure 8.2 shows the dependeny of the VCA ampli�ation from the input level or as an alternative

representation the output level as a funtion of the input level for di�erent ompression ratios.
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Figure 8.2: Compressor / limiter harateristis. Left: ompressor VCA ampli�ation in dependeny of

the level of the input signal for di�erent ompression rates and a threshold of 0 dB. Right: ompressor

output level in funtion of the level of the input signal.

To obtain the VCA steering voltage, the audio input signal has to be transformed into a time dependent

squared average with a suitable time onstant. Usually two separate values are used for the positive and

negative slopes. For a signal inrease the time onstant is typially in the order of a few milliseonds.

For a signal derease, the time onstant is in the range of 10 to 3000 milliseonds. The hoie of

these time time onstants is ruial. If the positive slope time onstant is too small, start transients of

musial instruments may be distorted. If the negative slope time onstants are too small, a modulation

of weak signal omponents by dominant omponents may our (pumping e�et). On the other hand,

a too large time onstant prevents the neessary reation after a loud signal part followed by a silent part.

As a last step before release, many musi produtions run through a so alled �nalizer proess. These

proessors introdue limiting and ompression in separate frequeny bands to inrease the pereived

loudness. Aording to the formula: �louder sounds better�, these praties have already been alled

loudness war

2

. It has been found in pop musi from 1980 to 2000 that the typial average rms level

inreased by almost 20 dB. This inrease in rms is aompanied by a orresponding redution in dynami

range. There is inreasing onern that this loss in dynami range deteriorates the quality of modern

musi produtions.

8.1.4 Noise Gates

Noise Gates are used to suppress unwanted bakground noise during silent phases. Therefore a threshold

is de�ned, below whih the signal is attenuated by a ertain fator. Above the threshold the signals

2

E. Vikers, The Loudness War: Bakground, Speulation and Reommendations, AES 129th Convention, San Fran-

iso, 2010.
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are transmitted unaltered. Figure 8.3 shows the relation between input and output of a noise gate. As

with ompressors and limiters the seletion of an appropriate time onstant is ruial.
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Figure 8.3: Output signal level dependeny from the input signal level for a noise gate. The parameters

threshold (here -15 dB) and step (here 10 dB) an be hosen freely.

8.1.5 Flanger

The �anging e�et is reated by summation of the original signal with a delayed opy, where the delay

time varies slowly (Figure 8.4). The e�et modi�es the signal spetrum aording to a omb �lter with

varying frequeny positions of the minima and maxima. The delay times vary typially between 0 and

5 ms, the modulation frequenies lie in the range of a few tenth of a Hz.

+var. Delay IN OUT

Figure 8.4: Blok diagram of a �anger.

8.1.6 Chorus

If several �angers are put in parallel but with independently varying delay times in the range of about

10. . .25 ms, a horus e�et results that simulates the dupliation of the original instrument or voie.

8.1.7 Phaser

The phasing e�et is produed by summation of the original signal and a opy of it that is shifted

in phase. The phase shift is varied over time. Similarly to the �anging e�et, ampli�ations and

attenuations in the spetrum our. However with the phaser, the frequenies for onstrutive and

destrutive interferene are not neessarily harmonis of a fundamental omponent.

8.1.8 Leslie

The Leslie e�et introdues a Doppler frequeny shift and an amplitude modulation by help of a rotating

loudspeaker. If the Leslie abinet is used in a room, the spaial distribution of the sound �eld varies

with rotation due to varying distribution of the re�etions.

8.1.9 Pith-Shift and time-saling

An important modi�ation of an audio signal is the shift of its pith without hanging the time sale

(pith-shift). An equivalent task is to modify the signal duration without hanging the pith (time-

saling). The problem an be solved in the time domain

3

or in the frequeny domain. In general

3

R. Tan, A. Lin, A Time-Sale Modi�ation Algorithm Based on the Subband Time-Domain Tehnique for Broad-Band

Signal Appliations, Journal of the Audio Engineering Soiety, vol. 48, p.437-449 (2000).
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algorithms that work in the frequeny domain are omputationally more demanding but at the bene�t

of larger possible saling fators.

8.2 Audio watermarking

8.2.1 Introdution

With audio watermarking

4

,

5

additional information that has nothing to do with the audio data is hidden

in the audio stream. This information an be used e.g.

• for opyright management

• to proof that an audio signal has not been modi�ed

• to label the originator

• to monitor the usage by television or radio

Naturally, the musi industry holds bak information about implementations of audio watermarking.

However it an be assumed that at least in parts, watermarking tehniques are applied today.

The onept of hidden messages has a long tradition in history. A famous example is the usage of

invisible ink. For an outsider, the message is not reognizable and the orresponding doument of no

use. On the other hand, a reeiver that knows about the seret an treat the doument in a suitable

manner and then disover the written message.

8.2.2 Requirements for audio watermarking

The insertion of watermarking information has to onsider the following requirements:

audio quality, transpareny the watermarking proess shall not seriously in�uene the quality of the

audio signal. There is no lear limit regarding the allowable distortions. In the ideal ase the

watermarked signal is indistinguishable from the original. In this ase that watermarking proess

an be regarded as totally transparent.

apaity the information density of the watermark shall be high.

robustness, reliability watermarks shall not be easily detetable for an attaker. In addition, the

watermark shall be insensitive to possible manipulations of the audio signal. In the best ase,

the watermark information is preserved as long as the manipulated audio signal is of any value.

Depending on the purpose of the audio watermark, a high reliability is essential. Suh a sensitive

appliation is the allowane of aess based on a watermark.

8.2.3 Methods for audio watermarking

Although the watermarking methods already used ommerially are unknown, a few fundamental

priniples an be dedued from literature. Hereby four ategories an be distinguished.

The time-domain methods manipulate the signal in the time domain and use attributes that an be

evaluated by an analysis of the time ourse of the signal. With frequeny-domain methods, attributes

are used that an be deteted in the frequeny domain. wavelet-domain methods are based on a

signal representation as wavelets and onsequently manipulate the orresponding oe�ients. The

ode-domain methods �nally are appliable in the ontext of MPEG oding and modify diretly the

ode oe�ients.

4

Changsheng et al., Appliations of Digital Watermarking Tehnology in Audio Signals, Journal of the Audio Engi-

neering Soiety, vol. 47, p.805-812 (1999).

5

R. Walker, Audio Watermarking, BBC R&D White Paper, WHP 057 (2004).
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Time-domain methods

Superposition of 'noise'

In its simplest form, an audio watermark an be added to an audio signal by superposition of an

additional signal that arries the information. However the level of this additional signal has to be

su�iently low in order not to seriously impair the original audio signal. From a pereptional point of

view it is bene�ial if the additional signal has a noise-like harater.

If a 6 dB higher noise �oor in a digital signal is aeptable, the least signi�ant bit of eah sample

an be modulated aording to the watermark information. This method yields a very high information

density but is very fragile. Already simplest signal manipulations destroy the watermark ompletely.

Superposition of 'ehoes'

Aording to the preedene e�et, the human hearing is insensitive to ehoes of that arrive shortly

after the diret sound. By superposition of an arti�ial eho, watermark information an thus be added

to an audio signal without in�uene on audible quality. The ehoes have typial levels of -20. . .-40 dB

relative to the diret sound. A oding method might be that an eho at 10 ms orresponds to a Bit

value 0 while an eho at 30 ms signi�es a Bit value 1. Detetion is performed by an autoorrelation

analysis. The superposition of ehoes is a very robust method, however the watermark information

density is relatively low.

Modulation of amplitude

Watermark information an be introdued by modifying the envelope of the audio signal. One applia-

tion is to set very short setions of the audio signal to 0. Alternatively, the envelope an be manipulated

on a larger time sale. The modulation of amplitude yields robust watermarks, however the information

density is very small.

Frequeny domain methods

Modi�ation of the phase

The human auditory system is insensitive to phase information. With this in mind a watermark strategy

an be developed that modi�es expliitly the phase spetrum of an audio signal. For that purpose

the audio signal is Fourier transformed on a frame-by-frame basis. In this representation the phase is

modi�ed aording to the watermark information and a prede�ned oding strategy. By inverse Fourier

transformation the signal is then retranslated into the time domain.

Superposition of a modulated tone

Watermark information an be added to an audio signal by superposition of one or several pure tone

omponents. To make sure that these omponents are inaudible, their level is adjusted in suh a way

that they are masked by the original audio signal.

Suppression of frequeny bands (noth �lter)

Watermark information an be introdued by appropriate suppression of narrow frequeny bands of

the audio signal. These noth �lters are usually realized in the frequeny domain. In a spetral

representation, one or a few frequeny lines are removed. If this spetral gap is su�iently narrow, the

pereptual quality of the audio signal is unaltered. The disadvantage of this method is the rather low

information density and the fat that the watermark is easily detetable.

Wavelet-domain methods

By appliation of a wavelet transformation, an audio signal an be translated into the wavelet-domain.

In this domain the orresponding signal oe�ients an be modi�ed aording to the watermark infor-

mation

6

.

6

I. Daubehies, Orthonormal bases of ompatly supported wavelets, Comm. Pure & Appl. Math. 41, pp. 909-996

(1988)
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Code-domain methods

In audio signals that are already oded in a format suh as e.g. MPEG or AC3, the watermark information

an be added diretly as a suitable bit stream.

8.2.4 Tests of audio watermarking

To test the robustness of watermarks, di�erent lasses of attaks (signal manipulations) are used. A

well known olletion is the StirMark Benhmark for Audio (SMBA)

7

. Some of the manipulations are

listed in Table 8.1.

attak desription

Compressor dynamis ompression

Highpass high-pass �ltering

Lowpass low-pass �ltering

Eho addition of an eho

Reverb addition of reverberation

Flanger addition of an eho with variable delay

Pithshifter pith variation without in�uene on the time sale

Timestrether time strething without in�uene on pith

AddNoise addition of pink noise

AddSinus addition of a pure tone

CutSamples deleting every x-th sample

CopySamples dupliating every x-th sample

Exhange exhanging neighbor samples for all samples

LSBZero the least signi�ant bit of eah sample is set to 0

Normalize ampli�ation up to the maximal possible value

Resampling hanging the sampling rate

Smooth averaging over neighbor samples

ZeroCross samples below a ertain threshold are set to 0

ZeroRemove elimination of all samples with value 0

Table 8.1: Some of the attaks listed in the StirMark Benhmark for Audio.

7

M. Steinebah et al., StirMark Benhmark: Audio watermarking attaks, Int. Conferene on Information Tehnology:

Coding and Computing (2001)
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Chapter 9

Appendix

9.1 dB onventions in eletroaoustis

name type de�nition referene value

dBm power ratio dBm = 10 log W
W0

W0 = 1.0× 10−3
Watt

dBu voltage ratio dBu = 20 log U
U0

U0 = 0.775 Volt

dBW power ratio dBW = 10 log W
W0

W0 = 1.0 Watt

dBV voltage ratio dBV = 20 log U
U0

U0 = 1.0 Volt

Table 9.1: dB onventions in eletroaoustis.

dBm and dBu are related to eah other with respet to a 600 Ohm line. The voltage referene U0 =

0.775 Volt orresponds to the voltage that produes a power of W0 = 1.0× 10−3
Watt in a resistane

of 600 Ohm.
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