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Designing hi-fi speaker systems -

part 1

D. Hermans* and M. D. Hull**

This is the first of a series of articles on sealed loud-
speaker enclosure systems. Section | contains the
derivations of formulae used later in the three ar-
ticles. Such material would normally be included
as an appendix but is presented first because of the
serialization of the total article. Section 2 analyses
the mechanical and electrical design of the moving
coil direct radiator loudspeaker. Further articles
in the series will cover the design of sealed enclo-
sure systems, cross-over filter networks, specifica-
tions, measurements and listening room acoustics.

Introduction

Prior to 1925, the power output of most radio
sets was only a few milliwatts. The sets used
valves which were very inefficient and, since the
power was supplied from batteries, the current
drain had to be kept to a minimum.

Early in the 1920s, C. W. Rice and E. W,
Kellogg of the General Electric Company,
U.S.A., designed what was then something quite
unheard of — a one watt, mains driven power
amplifier. With this ‘powerful’ tool at hand, they
set to work on a new type of loudspeaker; one
that did not rely on resonances to give sufficient
output. In 1925, they described the results of
their work and went on the market with the first
moving coil loudspeaker as we know it today,
complete with its power amplifier.

The Rice-Kellogg loudspeaker had a 6-inch
diameter cone and a rubber surround. The mag-
netic field was provided by a direct current flow-
ing in a coil.

* Philips Loudspeaker Development Laboratories,
Dendermonde, Belgium.
** Philips Electronic Components and Materials Division,
Eindhoven, The Netherlands.

[t was soon realized that the same kind of
direct current used to supply the loudspeaker
field winding could also be applied to power the
radio set and the all-mains radio receiver was
born.

Later the Marconi Company patented the idea
of using the field coil as the smoothing choke in
the receiver HT supply line but, when efficient
permanent magnets became available, the days
of the mains-energized loudspeaker were num-
bered.

Despite 50 years of scientific and technical
progress in all aspects of sound reproduction, the
moving coil loudspeaker remains substantially
the same today as it was in 1925 when Rice and
Kellogg disclosed the results of their work.
Materials and methods of production have
changed, and so has the performance. There have
been many improvements with different sizes,
different impedances, extended frequency ranges
and less distortion. But, after half-a-century of
research and development, no satisfactory alter-
native has yet been devised. For all the other
refinements in audio engineering, the last remain-
ing stumbling block to the ultimate goal of per-
fect sound reproduction is the moving coil loud-
speaker.

There can be few homes in the civilized world
that cannot boast at least one loudspeaker. Some
have three or four. Even cars have stereo. There
are literally millions and millions of loudspeakers.
It would therefore seem surprising that there is
anything more to be said about them. However,
circumstances change; over-population and the
preference for smaller, easy-to-run households
has brought with it a size reduction in housing
accommodation. Smaller furniture and, conse-
quently, more compact domestic sound instal-
lations are a necessity. The modern requirement

!



is for small boxes; the smaller, the better. But, at
the same time, a more affluent society demands
higher quality reproduction, and is prepared to
pay for it. So, even with a 50-year-old com-
ponent, there are still new developments.

Reducing the size of a speaker enclosure means
reducing its efficiency at low frequencies. More
power input is needed to obtain the same loud-
ness and, as perfection is the goal, there must be
higher power amplifiers to drive the speakers.
Thanks to semiconductor developments, ampli-
fiers with output powers undreamed of a few
years ago can now be accommodated in small
attractive units in keeping with modern decor,
The simplest way to make a good loudspeaker
enclosure is to make a closed box. Its cost is
reasonable and, in general, this method of
mounting has proved very acceptable to both
manufacturer and customer alike. What is most
important technologically is that the perform-
ance can be carefully controlled.

1 The wave equation and acoustic
elements

1.1 Sound propagation

Consider a plane surface vibrating in air. As it
moves forward from rest, the surface will accel-
erate adjacent particles and compress the air just
in front of it. The accelerated particles collide
with their neighbours and in that way transfer
momentum so that the compression is propagated
outwards. When the vibrating surface reverses
its motion a rarefaction occurs in front of it, Air
particles move in to fill the void and are followed
in turn by more remote particles so that the rare-
faction, like the compression, is also propagated
outwards from the surface. The outward moving
alternation of compression and rarefaction is a
sound wave. The wave is propagated at a certain
speed and each particle in the medium moves
with the same frequency as the vibrating surface.
The wavelength 4, frequency f, and speed of
propagation c are related by

2= c/f.

At sound frequencies there is no time for heat
exchange, so the pressure alterations are essen-

2

tially adiabatic and the medium behaves accord-
ing to the equation,

PV?" = a constant

(1.1)
where,

P = pressure

V' = volume

and p is the ratio of specific heat at constant
pressure to specific heat at constant volume. For
air, ¥ &~ 1,4,

1.2 Wave equation

We shall now derive the wave equation for sound
propagation in tubes or horns. Although the
derivation is based on the assumption of small
diameter compared to wavelength, the resulting
equation also holds for plane or spherical free
progressive waves (a spherical wave may be
regarded as being propagated in a number of
conical horns radiating from a common centre).

1.2.1 EQUATION OF MOTION

In Fig 1.1 we have a volume of air in a conical
horn. Sections S, and S, are perpendicular
to the direction of sound propagation, x. When
dx tends to 0, §, = §; = S, the enclosed air
mass is then given by

M = gSdx

where g is density, The force on the left side of §
is PS and the force on the right side is

Frus = {P + (0P[ox)dx}S,
so the resulting force acting on the mass M is

P
F=— —dxS.
ox

Then, from F = Ma = M dy/dt, we can derive:

JP dv
——dxS=pSdx—
ox d?

51 S2

Fig. 1.1

- dx —»



whence
P & dv 5 (1.2
Ox e ds o )

This also holds if sections S; and S, are unequal
for then the greater force on the larger section is
balanced by the horizontal component of the
force on the conical sides (see Fig. 1.2).

Fig. 1.2

1.2.2 CONTINUITY EQUATION

During time increment d¢ the mass displace-
ment on the left side is vS, and on the right side
{v 4+ (vdx)dx} {S + (dS/ox)dx}. Since no mass
can be lost between S, and S,, the volume
V (= Sdx) must change at a rate

oV ov Y
—=(S—+v—-)dx. (1.3)

1.2.3 GAS LAWS

By differentiating eq. (1.1) with respect to time
we get

oV oP
YRVl — 4+ VI — =0
of ot

in which P = Py + p, where P, is static pressure
and p is alternating (sound) pressure. Thus we
can write

dP Op
—=— and P~ P,
ot ot
whence
oV V 9
— = _‘? (1.4)
ot vP, 0Ot

Combining eq. (1.3) and eq. (1.4) gives,

V o op Sdxop dv 08
yPy Ot yPy 0f 0x Ox
whence
1 9 ov ERY
% w, vas
yPy 0t Ox S ox
and
1 dop v o(ln S
—+—+v ) =i, (1.5)
yPo 0t  dx Ox

Differentiating eq. (1.5) with respect to time gives,

1 2% %

dv d(In §) "
yP, 012 oxdt Ot  Ox

Differentiating eq. (1.2) with respect to x, and
making the substitution dP = dp, gives,

Combining these two expressions then yields the
wave equation,

o ¥ ¥p op d¥(nS)

yPo 0t2  dox*  dx dx

in which the factor o/yP, = 1/c?, where c is the
propagation speed. Thus,

1 %

c? ot dx?  dx Ox

o%p op d(InS)

(1.6)

We now introduce the velocity potential @ such
that

P 00 D _
—F =i+ —j+—k
0x oy 0z

where 7 is the velocity vector and 7, j and k are
unit vectors in the x, y and z directions. Thus,
for the one-dimensional case,

20

p=——1
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and eq. (1.6) can be written in the form

1 920 2@ 2P d(nS)

c? ot? dx2  dx  dx

If the horn is perfectly rigid, S is not a func-
tion of time and we can make the substitution
(ln §)/ox = d(In §)/dx; thus,

1 220 2?0 2® d(InS)

o
c* ot? dx? ox  dx

(1.7)

Furthermore, fromeq. (1.2)

oP ov

0x ot

which, for the one-dimensional case, we can write
in the form

oP ( bz@)
—_— _9 J—
0x 0xD!

whence

Y
P=og—. (1.8)
ot

1.3 Mechanical and acoustic elements

1.3.1 ACOUSTIC IMPEDANCE

Mechanical impedance Z,, is defined by the
relation
F
ZM —_——

v

This can be represented either by an impedance
circuit (Fig. 1.3) or a mobility circuit (Fig. 1.4).

Fig. 1.3 Fig. 1.4

In acoustics we are more interested in pres-
sures and volume velocities than in forces and
particle velocities. Acoustic impedance Z, is
therefore defined by the relation

=2
U

where p is sound pressure and U is volume
velocity. Thus the acoustic impedance presented
by a force F acting on an area S moving at a
velocity v is given by,

Zy=— =, (1.9)

Acoustic impedance can also be represented by
either an impedance circuit (Fig. 1.5) or a mobil-
ity circuit (Fig. 1.6),

— U
P Zp
Fig. 1.5
— P
5
U Za
Fig. 1.6

It is sometimes convenient to consider the
mechanical or acoustic impedance per unit area.
This is called specific impedance, Z,.

P Zy

Z,="="2=2s (1.10)

1.3.2 MECHANICAL/ELECTRICAL ANALOGY

The table on p.5 illustrates the analogy between
the elements that contribute to mechanical or
acoustic impedance and their electrical counter-
parts.



equation of motion

symbol

element general harmonic impedance mobility
—_— —_— F
o—
dv )
mass, M F=Ma=M a F = Mjwyv = Mm v =Mpm
o——
compliance, Cy x v — —sF
M= ! CM ijM
where F =—=Cm v Cm
k = spring —— [vdt
constant) Cum o
—_— —_— F
resistance, Ry, Fe= Ry P Ro . A " N

(viscous friction)

1.3.3 ACOUSTIC MASS

The air in a small diameter open-ended tube
(Fig. 1.7) behaves as a mass; it is very stiff com-
pared to the air outside and can only be accel-
erated, not compressed, The equation of motion
is therefore,

F = Mjwy

where
U
F=pS, M=ISg, v=§,

whence

lo

= —jol. (L.1D)
p .S'J

In this expression the term lp/S corresponds to
the acoustic mass M, ; thus,

p= M,jwU.

(Acoustic mass is proportional to the mass M of
air undergoing acceleration and is, ideally, given
by the equation M, = M/S?2. In practice, correc-
tions must be applied to take account of how the

tube is terminated. If the tube ends in free air, the
term /ineq. (1.11) becomes / 4+ 0,33 ]/S; if it ends
in an infinite baffle, / becomes / + 0,45)/S.)

1.3.4 ACOUSTIC COMPLIANCE

If the tube ends in a closed volume (Fig. 1.8), the
air in the volume will behave as a compliance; it
can only be compressed, not accelerated. There-
fore, eq. (1.1) applies:

PV? = aconstant

Fig. 1.7

tube

72717381
Fig. 1.8



whence

where
dP = sound pressure = p
: U
d¥ = volume displacement = —.
jw

Thus

yPoU

joV
and the acoustic impedance

3¢
e ;v °
U jowV

in which the factor P,/ V corresponds to a spring
constant. Thus the acoustic compliance is

v
CA=

vPo
or, since yPy = gc?,

v
C,\:_

(1.12)
oc?

1.3.5 ACOUSTIC RESISTANCE

Any device in which the flow of air is in phase
with, or directly proportional to, the applied
pressure may be represented as an acoustic resist-
ance. Examples are fine-mesh screens, small-bore
tubes, narrow slits, porous materials.

1.4 Radiation impedance

1.4.1 QUALITATIVE DESCRIPTION

Consider a small, harmonically pulsating sphere.
When the radius is maximum, the velocity of the
surface and the air close to it is zero and the al-
ternating pressure is maximum. When the radius
is midway between the maximum and minimum,
the surface velocity is maximum and the al-
ternating pressure is zero. Thus, the sound pres-

6

sure p leads the velocity by 90° (see Fig. 1.9).
The radiation impedance in this case is purely
reactive and can be regarded as a pure mass that
has to be moved to and fro.

Now consider a pulsating sphere, or a vibrating
plane surface, which is large compared to the
wavelength. The impedance of a given particle is
no longer purely reactive, for it is influenced by
neighbouring particles that are also vibrating
and affecting the local pressure. To find the
radiation impedance we have to divide the result-
ing pressure by the volume velocity. But, as the
resulting pressure is mostly caused by neigh-
bouring particles, it will be lagging in time due to
the distance it has to travel (see Fig. 1.10). The
impedance is no longer purely reactive, but has a
resistive component. If the dimensions are very
large, the impedance is purely resistive. This
resistive component accounts for the radiation of
acoustic energy.

-~
s \\ Y
r \ / A}
’ \ / A}
2 i 3
) / \
‘ b ’ .
4 P
Fig. 1.9
'’ cd g
Y /4
i AV 4 N
4 \ ! \
A
'
\J \
’

P 5 / \\

S
b ’I \

Fig. 1.10

1.4.2. MATHEMATICAL ANALYSIS

Consider a pulsating sphere of a radius » and
surface area S = 4nr?. In eq. (1.7) we can replace
x by r, whence

d@nS) d(nS) 1 dS 2
d«  dr S dr r

and the wave equation becomes

220

1 220 220

; ot? or? roor



Then, if we change the dependent variable from
@ to D,, we obtain

| 2%(3) _ %)

c? ot? dr2

for which the general solution is
@r = A ellwr—kr) + B eltat+kr)

where the first term represents the outgoing wave,
the second term the returning or reflected wave,
and the quantity k is referred to as the wave
number.

For a free, progressive, spherical wave

b = iej(mr—-kr)_
#
We are now in a position to calculate the mechan-
ical, specific, or acoustic radiation impedance.
First, the specific radiation impedance Z, :

in which v=—02®/or and, from eq. (1.8),
p = pd®P/dt. Thus,

o0 Dot ojw®
=Y
s
r
il (1.13)
= g6 —— .
T+ jkr
(see Fig. I.11).
Then, since the mechanical radiation impedance
'ZMA =3 Zs.A)
2 dr? jkr
= 4dmrioc ;
A 1+ jkr

The corresponding mobility circuit is given in
Fig. 1.12. The acoustic radiation impedance Z,,
is given by

Equation (1.13) confirms the conclusion that we

previously arrived at qualitatively; that the

radiation impedance has both a resistive and a

reactive component.

— For kr « 1, the impedance behaves as a mass.

— For kr > 1, the impedance behaves as a
resistance,

o
Zsp —= pc or
o
O E—
IMA —= Spc Spr
o
Fig. 1.11
11
O 1
N S i
ZMA Spc
C
Fig. 1.12

1.4.3 SERIES/PARALLEL SUBSTITUTION

Parallel circuits, such as those of Fig. 1.1 can be
replaced by series circuits as in Fig. 1.13. The
impedance of the parallel circuit is given by

R arij ar
Zoar = %
Rpar i o JwLnar

and of the series circuit by

Zse: = Rsc: -+ ijser‘



&
Zpar —= Rpar Lpar
&
O L I
Rser
Zser — Lser
O—
Fig. 1.13

Rationalizing the denominator in the expression
for Z,,; and separating terms gives

2752 2
Rvarw L par r R par Lpar

a—— -+ Jw
Rzpar _'— wz szar Rznar + wz szar

where the first term is the resistive component
and the second term the reactive component.
Thus, since Z,,;; = Z,.,, We can write,

272
Rpor 0* L%,

Ropr = —————
2 ] 2752
R par T @ L par
and
2
R par LWI-'
Lscr =

2 car2
Rnnr+WLpnr

If, for example, we transform the parallel circuit
representation of.Z,, (Fig. 1.11) into its series
equivalent (Fig. 1.14), we find:

(kr)? er
R=pc———— an P =—
1 = (kr)? 1+ (kr)?
o~ | —
Rikr}
ZSA — Mr{kr}
O
Fig. 1.14

1.4.4 LOUDSPEAKER

The mechanical radiation impedance of a loud-
speaker cone is Zy, = F/v where F is the force
necessary to overcome the resistance of the air
and v is the velocity of the cone. For purposes of
analysis the cone may be regarded as a piston.
Analysis of a flat, rigid piston oscillating in an
infinite baffle or an endless tube is much more
difficult than analysis of a pulsating sphere.

Therefore we shall only summarize the results.

— For kr >» 1, Z, is the same as for the pulsating
sphere and Z;, = pc.

— For all other values of kr, both the resistive
and the reactive components of Z, differ from
those that apply to the pulsating sphere.

— For kr « 1, the principal component of Z, is
an air mass My, :

for an infinite baffle, M,;, = 0,85 Sor
for an endless tube, My, = 0,6 Spr

where r is the radius of the piston and S = nr?.

In the mobility circuit for a piston of radius 7 in

an infinite baffle, as given in Fig. 1.15,

My = 0,85 nr3p
2,27 1
- nr?oc 2T nrioc
0,6
= roc?

where the resistive component, which accounts
for the sound radiation, is of the most interest.

- Forkr>1
1 1
A~ Ry =
ZMA J'I-"ZQC

and hence Z,,, = Spc.

11
1 ) i
—_— - H?
ZMA
Cwm
o}
Fig. 1.15



— But for kr < 1, which characterizes the fre-
quency range in which loudspeakers mostly
work,

R\R,

0,7 0,221
A -
Ry + R,

R = - .
1,2 3 >
7rfpc rpc

The equivalent mobility circuit is given in
Fig. 1.16 and the equivalent impedance circuit
in Fig. 1.17. The latter can be transformed, as
explained in Section 1.4.3, into the series circuit
of Fig. 1.18, in which

= 1,57 w?r* g
’ C

R

ser

MMser = 2a6? r3g
where R, is directly proportional to the radiated
acoustic power W, :

Wy = Rye v2. (1.14)

1.5 Sound intensity

The sound intensity 7 in a given direction is the
rate of energy transmission through a unit area
normal to that direction. It is commonly expres-
sed in watts per square metre or per square
centimetre. Mathematically, it is the product of
sound pressure and the in-phase component of
particle velocity:

I=Rep*vcos#
where

p* is the complex conjugate of the r.m.s. sound

pressure,

v is the complex r.m.s. particle velocity in the

direction of propagation,

8 is the angle between the direction of prop-

agation and the direction at which the intensity

is taken,

and Re denotes the real part of the product.

For a free progressive plane or spherical
wave, the intensity in the direction of prop-
agation (6 = 0) is

(5]

(1.15)

—
Il
21

g—m

— R1,2

Fig. 1.16 <

I_n

Zmpa —= Mp

s
—
(o]

Fig. 1.17 o "

Rser
Mmser

Fig. 1.18 o

7271739

1.6 Power level, intensity level and sound pressure
level

These are convenient ratios for comparing a
measured or calculated power, intensity, or
sound pressure with a fixed reference value. They
are expressed in dB and are defined as follows.

Power level, PWL = 10 log,,

ref

where Wis the measured or calculated power and
W, . is usually taken as 10~ %2 watts.

Intensity level, IL = 10 log,,

rel

where /... = 10712 W/m?2,

2

Sound pressure level, SPL = 101og,,

P rer

— 20 loglg

Prer
where p,r = 1073 N/m?2.

Under normal conditions (¢ = 1,18 kg/m?,
¢ = 344 m/s), intensity level and sound pressure
level are very nearly equal: 1L = SPL — 0,1 dB.

9



2 The moving coil direct radiator
loudspeaker

2.1 Principles of operation

All moving coil loudspeakers operate according
to the same general principles. Figure 2.1 shows
the method of construction of a typical moving
coil direct radiator loudspeaker in which the
amplifier output signal is fed to the voice coil
suspended in the gap of a powerful magnet
system by means of a centring device, or ‘spider’.
The small end of the speaker cone is attached to
one end of the coil assembly and the big end is
attached to a frame by means of a flexible sur-
round, Since the current flowing in the coil prod-
uces a magnetic field at right angles to the field
of the magnet, the attraction and repulsion of
these fields causes the coil to move to and fro at
the frequency of the electrical signal. The oscil-
lating motion of the cone to which the coil is
attached produces sound waves in the surround-
ing air.

—__ cone

surround

N

voice coil cone

magnet

h
o,

W Cmovement

X\\\\

V/ dust cap
o
centring device

frame —

TZETTON

Fig. 2.1. The construction of a typical moving coil loud-
speaker.
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2.2 Two-stage energy conversion

To simplify the explanation of loudspeaker per-
formance we shall treat the loudspeaker as a
two-stage energy converter. Electrical energy is
first converted into mechanical energy, and the
mechanical energy produced is then converted
into acoustic energy, as shown in Fig. 2.2. This
conversion of energy should be carried out with
the minimum of distortion and with maximum
efficiency. To obtain maximum transfer.of energy
from the power amplifier to the speaker, it is
desirable to match the impedances. Unfortuna-
tely, this can only be achieved over a limited fre-
quency range due to the variation in the impe-
dance presented to the amplifier by the loud-
speaker.

If we assume that the loudspeaker is mounted
in an infinite baffie, the radiation impedance Z,,
is the same for both sides of the baffie.

The circuit of Fig. 2.2 may be changed into one
of the circuits shown in Fig. 2.3. In Fig. 2.3(a)
and Fig. 2.3(b) all components are transformed
to the electrical side. In Fig. 2.3(c) the com-
ponents are referred to the mechanical side. We
have, therefore, changed the electrical voltage
source (e,) with the electrical series impedance
(Z.) into a current source (e,/Z.) with a parallel
impedance (Z,). This principle may be used for
calculations on the right side of these terminals,
As a last step, we have changed the mobility cir-
cuit into an impedance circuit.

2.3 Radiation resistance

In our discussion of loudspeaker performance it
will be assumed that the loudspeaker is mounted
in an infinite baffle; no back radiation can there-
fore affect the forward radiation. Under these
conditions, the air load on the cone appears as a
mechanical impedance Zy,. The subscript MA
is used to refer to ‘mechanical, air’. The mechan-
ical impedance is represented by the radiation
resistance Ry, and the radiation reactance Xy,
in series. In practice, for kr < 1, the radiation
reactance is the mass of the air load and will be
referred to here as the radiation mass My,. We
can therefore write:

ZM.A = RMA _’:_ijMA- (2.1)
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{amplifier) STAGE STAGE
o—
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TR
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It is of special interest to consider how the radia-
tion resistance behaves, since it is this component
of the radiation impedance in which the acoustic
power is developed. In moving coil systems, the
radiation mass My, is often neglected, since it
appears in series with and is very much less than
the mechanical mass of the cone M. Figure 2.4
shows how the radiation resistance and radiation
reactance vary with frequency. It can be shown
(see Section 1.4.4) that the value of Ry, over the
sloping portion of the curve is given by

1,57w?r%
- “—) Ns/m (mechanical ohms)

2.2)

[4

where: @ = 2xnf (/= frequency in Hz),

r = cone radius in metres,

o = density of the air = 1,18 kg/m?
and ¢ = velocity of sound = 344 m/s.

This is valid for kr < 1, which is the most impor-
tant frequency region for most loudspeakers.
The radiation reactance X, is given by

Xua = joMya (2-3)
where the radiation mass M), is
My = 2,67r3. (2.4)

The units used in Fig. 2.4 may require some
explanation. Frequency is plotted on a normal-
ized seale, the horizontal axis representing fre-
quency in terms of the relationship betweer. the
dimensions of the cone and the wavelength of
the sound:

kr = 2nfrlc = 2ar|2,

that is, the ratio of the loudspeaker circum-
ference to the wavelength.

Up to the point where kr = 2, the radiation
resistance increases according to eq. (2.2) pro-
portionally with /2. For values of kr > 2, how-
ever, the situation changes and egs (2.2) and (2.3)
no longer apply. The radiation resistance Ry, is
then given by

Ry = 7r2pe (2.5)

and the radiation resistance is independent of
frequency.
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2.4 Relationship between mechanical
and electrical impedances

The mechanical impedance of the cone assembly
is represented in Fig. 2.3(b) by the mass of the
total cone assembly My, the compliance of the
suspension Cys, and some frictional losses Ryg
occurring mainly in the suspension. However,
the most important resistive component is the
resistance of the voice coil Rg which acts in series
with its inductance Lg and the output resistance
of the amplifier.

From basic principles, the induced emf in the
voice coil is given by

e = Bly (2.6)

where e is the induced emfin the coil, in volts,
B is the radial flux density in the gap, in
teslas (Wb/m?),
/ is the length of the wire on the voice coil,
in metres,

and  vis the voice coil velocity, in m/s.



Since the voice coil velocity can be written as

F

V=—

Zyu

where F is the force in newtons (= Bli) and Z is
the mechanical impedance, we can write

Bli
y=—m/s
M

and eq.(2.6) becomes

B2[3
Zy

e =

s 2.7

where i is the current in amperes in the voice coil.

Equations (2.6) and (2.7) assume that the mag-
netic induction is constant over the whole voice
coil length and independent of the position of the
coil in the air-gap. This is not strictly true, and
the length and position of the coil with regard to
the air-gap is very important when considering
distortion. So we define

1
Bl = [ Bdl

0

at the position of rest, which remains valid for
small movements of the coil.

The electrical impedance Z; due to the
mechanical impedance Z, is therefore given by

, e B
it
1
Z, = B2 . (2.8)

1
Rus = _]((JJM'MC wCMS)
The mechanical impedance of a system com-
posed of a mass M, a compliance C and a
mechanical resistance R can be represented by an
equivalent impedance or mobility circuit, as in
Fig. 2.5. In the impedance circuit

F
V=
joM — (1/jwC) — R

RREEE

7276559
mobility

pr—

impedance

Fig. 2.5, Impedance and mobility circuits of a simple vibrat-
ing system.

and in the mobility circuit

F=F, + F, + F,

v
= ———vjoM ~vR=v
JjowC

—E—jcuM'-JpR).
JwC

In both circuits the source of the force F is
assumed to be constant, but the relations also
hold for a constant velocity source.

There is an interaction between electrical and
mechanical impedance. The mechanical impe-
dance will be reflected in the electrical impedance
and vice versa, e.g. the cone velocity will be
influenced by the electrical resistance of the voice
coil in such a way that a decrease of voice coil
resistance will result in an increase of effective
mechanical resistance to the cone.

2.5 Effect of mechanical impedance
on acoustic power

In order to determine the behaviour of a loud-
speaker it is necessary to examine the effect of
each of the components of the mechanical impe-
dance. For simplicity, let us consider the equiv-
alent circuit of the loudspeaker as being reduced

13
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Fig. 2.6. Mechanical components determining cone velocity.

to the components shown in Fig. 2.6. This circuit
is valid for a constant force source or constant
current source (F = Bli). The overall mechanical
impedance of the cone is considerably greater
than that of the air load, so the current will be
determined almost entirely by the cone. Let us
examine the effect of each of the mechanical
components assuming that the cone is perfectly
rigid.

(a) Assume the mass impedance to be predom-
inant. Then we may write

F F
CUMMC N anMMC

y =

(2.9)

where F is the applied force.

Now the radiated power on one side of the
infinite baffle, which is developed in the radiation
resistance Rpya, 1S given by the mechanical equiv-
alent of Ohm’s Law:

Wy = v?Rya (2.10)
and substituting eq. (2.9) for vin eq. (2.10) gives
F2

PR iE— 2.11)
An2f2MEe T

A

From eq.(2.2), we have seen that Ry, o f* over
the sloping part of the curve below kr = 2, so
fromeq. (2.11),

1
Wa e 2. (2.12)

That is, the radiated power is independent of
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frequency. On the flat portion of the curve of
Fig. 2.4, where kr - 2, from eq. (2.5) we see that
R4 is constant, therefore

1

W, = — X aconstant (2.13)

and hence the acoustic power falls at the rate of
6 dB/octave, This represents the condition of
mass control and is shown in Fig. 2.7. This result
is largely valid for a constant voltage source as in
Fig. 2.3(c).

(b) Assume the resistance R to be predominant.
With high damping factors, the resistance
R = Rys may be in control for a current source,
or the resistance R = Rys + B?/?/Rg may be in
control for a constant voltage source. In these
cases,

FZ
W, = F Ryia (2.14)
and since, from eq. (2.2), Rya <3,
W, = aconstant X 2. (2.15)

That is, the radiated power increases with fre-
quency at 6 dB/octave below where kr = 2.
Over the flat portion of the curve where kr > 2,

W, = a constant X a constant. (2.16)

7276551

6dB/octave

kr=2

Fig, 2.7. Condition of mass control.



That is, the radiated power is independent of
frequency. This condition is shown in Fig. 2.8
and is known as constant velocity.

(¢) Assume the compliance to be predominant.
If the compliance of the suspension Cyg is in
control, we can write,

Wa = F*4n°f*C?ys Rua, (2.17)
and thus over the sloping part
W, ocf2f2=f* (2.18)

That is, the radiated power increases with fre-
quency at 12 dB/octave.

Over the horizontal portion of the curve above
kr=2,

W = f? x aconstant. ' (2.19)

That is W, rises at 6 dB/octave. This is the con-
dition of compliance control as shown in Fig. 2.9,
a situation not normally encountered.

From the foregoing it can be seen that to main-
tain a constant radiated power a number of pos-
sibilities exist. Most electro-dynamic loud-
speakers operate in the mass control region,
extended as far as possible. To extend this region
in the low frequency range, the fundamental
resonance frequency

1

fo - 22y (MucCus)

must be kept as low as possible. Below f; we have
compliance control:

1

jwCys

> joMuyc

and above f, we have mass control:

1

JowCys -

jﬁﬂﬂd}dc >

To extend this region into the upper frequency
range there are ways of circumventing the kr = 2
limit. For full-range loudspeakers we can use
flexible cones that tend to break up starting from
the frequency at which kr = 2. They then have

the natural tendency to reduce their effective
diameter as the frequency rises. Another tech-
nique is to use cross-over filters to bring into
operation progressively smaller loudspeakers as
the frequency rises.

Horn loudspeakers mostly operate in the con-
stant velocity region (high damping factors) be-
cause, due to the horn, the radiation resistance
Ry a Will be constant at much lower frequencies.
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Fig. 2.8. Condition of constant velocity.

7Z76552

6dB/octave

12dB/octave

|
f
|
|
l
I
l
I
i
=2

kr

Fig. 2.9, Condition of compliance control.
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2.6 Frequency response characteristics

We are now in a position to study the perform-
ance of a loudspeaker over the entire audio range.
Let us divide the frequency spectrum into four
parts as shown in Fig. 2.10.

Fig. 2.10. Power output of a loudspeaker in an infinite
baffie, assuming operation as a rigid piston.

At very low frequencies, the compliance is the
controlling factor and the radiated power is pro-
portional to /*, i.e. it rises at 12 dB/octave with
frequency (region A in Fig. 2.10).

At the fundamental resonant frequency the
pet mechanical reactance is zero since the mass
reactance of the cone equals the stiffness reac-
tance of the suspension, and the mechanical
impedance is minimum  the speaker thus behaves
as a series LCR circuit. The electrical impedance,
however, rises to the maximum of a paralle] LCR
circuit. The question of damping arises now, and
if the speaker is highly damped the voice coil
current and the coil velocity are nearly constant,
The variation of acoustic power is proportional
to the radiation resistance, i.e. from eq. (2.2), to
the square of the frequency. Region B in Fig.
2.10 shows the conditions at resonance.

From frequencies above resonance, up to
where kr > 2, the net acoustic reactance is
predominantly due to the mass of the cone,
rather than to the air coupled to it, and from
eq. (2.12) we see that the acoustic output is in-
dependent of frequency. Constant power is thus
radiated over this mass-controlled region (region
Cin Fig. 2.10).

For still higher frequencies, where kr >> 2, the
condition described by eq. (2.13) applies. The
radiated power falls initially at 6 dB/octave, tend-
ing towards a slope of 12 dB/octave due to the
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rise in the effective inductive reactance of the
voice coil as the frequency increases. This is
shown as region D in Fig. 2.10.

The foregoing considerations apply to the
radiated acoustic power W,. If we consider the
sound pressure, the conclusions will remain the
same for region A, B and a great part of region C.
In these regions, the polar diagram of a loud-
speaker in a infinite baffle is almost a hemisphere
because the dimensions of the loudspeaker cone
are small compared with the wavelength, The
sound source may be considered as a point
source. For high frequencies (upper part of
region C and all of region D) the sound will be
radiated principally in the direction of the axis.
For a flat, rigid piston, the on-axis sound pres-
sure is independent of frequency in regions C and
D, but for a conical loudspeaker of depth H it
starts to decrease at the frequency at which
kH = 2 (see Fig. 2.11). Pressure waves originat-
ing from different parts of the cone have dif-
ferent distances to travel to reach a given point
on the axis and therefore tend to cancel each
other,

W,
i
(a)
p.Wa
_________ =1 .
:\.\
-~
| ~
| ~
!
!
!
|
]
N —
kH = [
® *

Fig. 2.11. On axis sound pressure (dashed line) and sound
power (full line) radiated by: (a) a rigid piston in an infinite
baffle; (&) a rigid cone in an infinite baffle.



2.7 Damping and Q-factor

The parts of a loudspeaker which actually con-
vert the electrical energy into mechanical energy
are the voice coil and the magnet system. One
interesting characteristic is that the magnet and
voice coil system behaves like a transformer hav-
ing a turns ratio of Bl : 1, where B is the magnetic
flux density in the air-gap and / is the length of
the wire (see Fig. 2.2). Another characteristic of
the system is that it inverts impedances; the
mechanical damping resistance R’ is related to
the electrical resistance Rg by

B2[?
R =—0
Rg

(2.20)
Inductances in series on one side appear as paral-
lel capacitances on the other, and vice versa.
This is the basic difference between Fig. 2.3(a)
and Fig. 2.3(c). By way of a practical example, if
the electrical impedance at some low frequency
is noted and then the cone is touched, thus
reducing its motion, the electrical impedance will
decrease as a result of the increase in mechanical
impedance.

Considering the transducing element as an
impedance matching component, B/ will have an
optimum value at some low frequency. The value
is normally arranged so that the cone maintains a
condition of mass control down to the frequency
of resonance. At resonance, where the mass
reactance of the cone equals the stiffness reac-
tance of the suspension, a Q of something less
than unity, say 0,5, is preferred since this gives
a truly non-oscillatory condition and conse-
quently the best transient performance. The
mechanical circuit Q is given by:

29‘5f|‘ch
e
RMS

(2_.21)

If the resistance is predominantly due to the voice
coil, we may write,

BZI'Z
Re

R' =

and, putting R’ for Rys in eq. (2.21), we obtain
the electrical Q

2nfMycRe
whence
2nfMyucR
Bl = V_w (2.23)
Oe
The total Q-factor, Qr, is given by
1 1 1
—_— =t —. (2.24)
QT QM QE

The coil and magnet system are designed using
this expresston.

The acceleration of a vibrating mass-spring-
resistance system as a function of frequency
varies with Q in the same way as the sound pres-
sure curves of a loudspeaker in an infinite baffle.
It would seem advantageous therefore to choose
Q values of about unity in order to have the
most extended flat frequency response. But, as
we know from mechanical vibration theory,
Q = 0,5 corresponds to the critically damped
condition. Higher values give an oscillatory mo-
tion which impairs transient response.

In calculating the optimum value of B/ the
electrical resistance of the voice coil, Rg, has
been used without considering the output resist-
ance of the amplifier, R,, which is in series with it
(see Fig. 2.3(a)). Since R, is normally many times
smaller than Rg a high damping factor is easily
achieved. (Damping factor is the ratio of load
impedance to source impendance.) With modern
solid-state power amplifiers a damping factor as
high as 200 is not unusual. In view of the low
internal resistance of the amplifier it is important
that the resistance of the speaker cables does not
significantly reduce the damping factor.

An interesting consequence of the effect of
source resistance is shown in Fig. 2.12. Two
curves are shown of the response of a typical 5"
woofer in a 7-litre box full of glass wool. One
curve shows the response with a constant voltage
input, the other with a constant current input.
The constant voltage condition corresponds to

17



source resistance of zero, whereas in the constant
current condition the source resistance can be
taken as infinity. The effect of varying the source
resistance between zero and infinity is clearly
shown, a high Q resulting in the case of the high
source resistance. Since a modern solid-state
amplifier offers a low source resistance to the
speaker, and corresponds to a nearly constant
voltage generator, the underdamped condition
shown in Fig. 2.12 does not normally arise (as-
suming that the effect of the speaker cables can
be neglected).
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Fig. 2.12, The effect of varying source resistance on loud-
speaker response, Dashed line, constant current condition,
Ry = oo; full line, constant voltage condition, Ry = 0;
chain dotted line, response with typical amplifier.

2.8 Loudspeaker cones

Over the sloping part of the Ry, curve it can be
reasonably assumed.that the cone works sub-
stantially as a rigid piston. This is not the case at
higher frequencies where the side of the cone
becomes comparable to, or longer than, one
wzselength, and we have to consider the lon-
gitudinal wave propagation in the cone material,
The cone then moves with different amplitudes
over different parts of its surface and it is this
property that enables a single cone loudspeaker
to operate over a wide frequency range instead
of falling at 12 dB/octave as was shown for a rigid
pistonin Fig. 2.7.

Assuming that ‘the wave is attenuated as it
travels up the cone, it can be seen that the effec-
tive diameter of the cone decreases as the fre-
quency increases. Above the knee of the Rya
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curve, Ry, is proportional to the square of the
effective cone diameter (see eq. (2.5)). Since the
mass of the cone, My, is also proportional to
the square of the diameter, we can determine the
radiated power W, from eq. (2.9) and eq. (2.10):

W, = 2Ry, o % d* = a% ; (2.25)
At higher frequencies therefore the smaller
effective cone diameter tends to increase the
radiated power, thus offsetting the condition
shown in Fig. 2.7 for a rigid piston. The reduc-
tion in effective cone diameter is illustrated in
Fig. 2.13. As the cone is more rigid at the apex
than at the base, the longitudinal wave propaga-
tion is faster, and hence the wavelength greater,
at the apex than at the base.

We can apply the same line of reasoning to the
sloping part of the Ry, curve. Below the knee,
Rya is proportional to the fourth power of the
cone diameter (see eq. (2.2)) and, since My is
proportional to the square of the diameter, we
can write

W, =vRy, < 7 d* = a constant.  (2.26)

7276557

Fig. 2.13. The reduction in effective cone diameter with
increasing frequency.



Hence, for a given applied force and a given cone
material, the radiated power is independent of
cone diameter at low frequencies.

In general, the loudspeaker cone needs to have
a high stiffness-to-weight ratio and a reasonably
high degree of internal friction. The cone should
rapidly restore itself after the application of a
waveform and, thérefore, elasticity of the mate-
rial is important. In this respect, metals are not
particularly good. The effect of poor restoration

is one of hysteresis and occurs where internal -

friction is high in comparison to stiffness.
Hysteresis upsets both the frequency and tran-
sient response and produces distortion. Objective
testing does not normally give any significant
indication of distortion due to hysteresis in the
cone material.

2.9 Cone surrounds

The requirements for a cone surround are that it

must:

— provide a flexible support for the edge of the
cone;

— provide a seal to the enclosure;

— be completely non-resonant;

— absorb the waves travelling up the cone at high
frequencies,

Normally, the material of which the surround is

made will be extremely soft and flexible and have

high density and high internal friction. There

can be few materials that have not been tried out

to perform this exacting function. Acrylic coat-

ings on polyurethane foam, textiles, and plasti-

cized polyvinylchloride have all be used at one

time or another. In the quest for greater power

bandwidth, high efficiency, minimum distortion

and better transient handling capability, many

new materials will doubtless be tried in the

future. One of the latest and most successful

choices is butyl rubber.

2.10 Directivity

From the frequency response curve of Fig. 2.10,
it can be seen that above a frequency where
kr ~ 2 (normally between 700 and 3000 Hz) the
acoustic output falls progressively. For a rigid
piston the decrease is between 6 dB and 12 dB/
octave. This is more apparent at the sides of the

loudspeaker than on the axis, because of direc-
tivity, as shown in Fig. 2.14. Due to the ‘horn’
effect of the wider part of the cone, a larger pro-
portion of the power output is directed along the
axis of the cone at high freqencies than it is in
other directions.

Directivity patterns are shown for a full-range
loudspeaker in Fig. 2.15. Here the speaker is
mounted only by a clamp on a turntable in an
anechoic room and no baffle board is used. The
output is recorded through a microphone as the
loudspeaker is rotated. For the loudspeaker used,
acoustic cancellation is observed at 90° and 270°
rotation. Of special interest is the plot at
5000 Hz. This clearly indicates the directions in
which the maximum sound output is projected at
high frequencies.

At low frequencies, the acoustic output is
largely omnidirectional. Coupled with reflections
in the listening room, the effect of walls, floor
and ceiling is to make the direction of the source
almost indiscernible to the listener. But at a fre-
quency between 10000 Hz and 15 000 Hz, it
should be expected that a full-range loudspeaker
will maintain a level treble response at least to
an angle of 15° off axis. In many cases, a level
response can be obtained more than 30° off axis.

The upper limit of the treble response is ob-
viously determined by the mass of the voice coil,
which should be as low as possible in a full-
range speaker. This may require the use of a very
large magnet in which is immersed a very short
coil.

2.11 Non-linearity and distortion

Amplitude distortion is caused by non-linearities
in the cone suspension system and also by the
cone itself. Additionally, lack of uniformity of
the magnetic field as well as the change in the
electrical inductance of the voice coil when it is
moving, can be a cause of distortion.

The action of the suspension should be linear
out to the maximum excursion of the cone, so
that the cone motion is directly proportional to
the force applied. With large cone movements
this is sometimes difficult to achieve. Examp!
of cone motion are shown in Fig. 2.16,



w very much reduced signal

/ : reduced strength signal
; - I

.

I -
A maximum signal strength
A |‘ ﬂ observed on speaker axis
i i L R ——— ]

— e —

LFTEITTY
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Fig. 2.15. (Right-hand side of page) Polar response curves
of a typical high-guality full-range loudspeaker at different
freguencies. Note the fall in output at 90" and 270° on the
500 Hz curve due to acoustic cancellation.
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Most loudspeakers use paper pulp, moulded
to shape, for the cone. This material can be
considerably non-linear, especially if it is too
thin, Doubling the cone thickness reduces the
efficiency, but it also reduces distortion over
most of the frequency range. The low-frequency
distortion of a typical 12 inch full-range loud-
speaker is shown in Fig. 2.17.

Unless the magnetic field in which the coil
moves is uniform, the cone motion will not be
uniform. Two methods are employed to over-
come this non-linearity, as shown in Fig. 2.18.
If a short coil is used, coil movement in the
fringe area at the ends of the gap is avoided. If a
long coil is used, one end of the coil moves into
a region of high flux density as the other end
moves into a region of low flux density. The
product (turns x flux cut) remains constant.

So far we have been considering only ampli-
tude distortion, but modulation distortion also
occurs when a low tone, which gives rise to a
large cone displacement, occurs at the same time
as a high tone which requires a small displace-
ment.

If it is assumed that the spectrum contains
only two frequencies f, and f;, the modulation
distortion will comprise new frequencies /; =+ f},
f2 £ 2f,, etc. The most important are f; = fi,
the first-order sidebands. Amplitude distortion
results primarily in even-order sidebands. For a
symmetrical cone compliance and magnet system
the second-order side-bands f, 4 2f, are prob-
ably the greatest magnitude.

It can be shown that the modulation distortion

d, =0,00135, f3, (2.27)

where s, is the cone motion in millimetres at the
lower frequency f,, and f; is the frequency being
modulated.* The modulation distortion is thus
expressed as a percentage of the amplitude of the
signal f,. By way of example, consider a 10-inch
full-range speaker with an r.m.s. cone excursion

* Beers, G. L. and Belar, H. 1943. Frequency modulation
distortion in loudspeakers. Proc. I.R.E. 31: 132-138.
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Fig. 2.17. Typical distortion as a function of frequency for
a high-quality loudspeaker at 1 watt input.
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Fig. 2.18. Methods of reducing amplitude distortion due
to non-uniform flux density in the air-gap. () Short voice
coil, (5) long voice coil.
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amplitude of 12,5 mm at some low frequency. At
a frequency of 800 Hz,

d,, = 0,0013%12,5x 800
=137
Amplitude distortion is also proportional to the
amplitude of the cone motion, so it is important
that cone motion is reduced as much as possible.
The total distortion is the r.m.s, sum of the

amplitude distortion and the modulation distor-
tion,

dlo: = Vr(daz T dml,}' (228)

Another aspect of linearity is transient response,
which is the ability of a loudspeaker to reproduce
a short duration pulse without distortion of the
waveshape and, particularly, without the addi-
tion of any frequencies. Good transient response
requires a smooth frequency characteristic and
phase response. These are normally difficult to
obtain in a complex mechanical system. After
removal of the driving pulse, the moving el-
ements, excited by the coil but not necessarily
rigidly coupled to it, continue to oscillate on their
own (see Fig. 2.19).

1L

(a) {b)
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Fig. 2.19. Transient response of cone. (a) Input pulse, (5)
cone motion.

2.12 Multi-way systems

Multi-way loudspeaker systems have the follow-

ing advantages.

— Flatter sound pressure and power response
curves, because each 'loudspeaker is designed
to operate below the knee of its Ry, curve.
Cone break-up can be avoided.

- High power-handling capacity, because the
power spectrum is divided amongst several
loudspeakers; thus the combination is able to
handle more power than one loudspeaker
alone.
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— Better polar diagram, because each loud-
speaker operates in a region where the wave-
length is long compared with the loudspeaker
dimensions; thus each loudspeaker may be
regarded as a point source. Only at the cross-
over frequencies may this give rise to difficulty.
At any point in the listening area where the
distances to two loudspeakers operating at the
same frequency differ from each other by half
a wavelength, the sound pressure at that fre-
quency will be diminished.

The plastic domed tweeter is very popular for

high frequencies. This straddles the knee of the

Rya curve, and whilst it experiences no difficul-

ties on the sloping portion, there may be prob-

lems above the knee where flexure is required;
any damping is normally a result of internal
friction in the material.

The design of the dividing network, or cross-
over network, should always be carried out
experimentally. To use formulae indiscriminately
which express the values of inductance and ca-
pacitance in terms of cross-over frequency and
nominal impedance is very unsatisfactory. The
amplifier impedance is almost zero and the impe-
dance of loudspeakers is complex. Only a systems
approach will give the best results; objective
treatment alone stands a poor chance of success.

Ferrite cores may be used to reduce the phys-
ical size of the cross-over filter inductors. Two
important aspects of their application should be
considered: hysteresis; and saturation. Unless
due regard is given to all the characteristics,
hysteresis in the core of a cross-over filter induc-
tor can result in complete loss of sound definition.
Further, it should be remembered that at high
power levels the current flowing in inductors is
considerable and a ferrite core can easily be
driven into saturation.

2.13 Loudspeaker magnets

Equation (2.22) showed that the Q of the loud-
speaker varies inversely as the square of B/, the
product of flux density in the air-gap and length
of wire in the voice coil. Efficiency, therefore, is
closely related to the flux density in the air-gap,
and for an efficient loudspeaker a strong magnet
is a necessity.
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Fig. 2.20. Demagnetization curve with contours of constant BH-product and energy-product curve.

The classical B-H curve is of no interest here,
since we are concerned with permanent magnets,
and the demagnetization curve of Fig. 2.20 is of
more importance. The BH-product indicates the
energy in the material for a given value of B, and
the maximum value of the BH-product on the
demagnetization curve represents the ideal opera-
ting point for the magnetic material under static
conditions. To achieve stable operation of a
magnet system, which is a combination of magnet
and air-gap, the operating point ought to be
chosen a little higher up the demagnetization
curve. This is shown in Fig. 2.21.

Under practical conditions the demagnetiza-
tion of the material is not constant and the varia-
tion of flux density follows a line called the recoil
line. This is shown in Fig. 2.22.

The operating point P, may drop below the
knee of the demagnetizing curve, to P, because
of an external demagnetizing field, an increase of
the air-gap, or a temperature decrease that

changes the demagnetization curve. Then, when
the previous conditions are restored, the opera-
ting point will move from P, to P;, following a
recoil line parallel to part of the demagnetization
curve. The values of B and BH will be lower at
P, than at P,, and to avoid this situation P, must
be chosen a safe distance above the knee but
without sacrificing too much BH-product, for the
only way to restore the required BH-product will
then be to use a larger magnet.

Many magnetic materials are used for loud-
speaker magnet systems; amongst the most pop-
ular are anisotropic Ferroxdure, and anisotropic
Ticonal.

Ferroxdure is made from a special form of
powdered iron oxide which has been pressed and
sintered. It can be ground to a higher order of
accuracy. Ticonal may contain some or all of the
following materials: titanium, cobalt, nickel,
iron, aluminium, copper. Ticonal magnets are
cast into shape and can also be ground. 7.e
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Fig. 2.21. An operating higher than the point of maximum
BH-product gives better stability.

main differences. between these materials are
that whilst Ferroxdure magnets are characterized
by high coercivity and resistivity, Ticonal mag-
nets have higher values of remanent magnetism
and energy product.

For a given air-gap, the length of the magnet
is proportional to H, and the cross-sectional area
is proportional to B. Two basic configurations
thus occur:

Ferroxdure — large section, short length.
Ticonal - small section, greater length.
These are illustrated in Fig. 2.23.

In view of the trend towards shallower en-
closures in domestic loudspeaker systems, loud-
speakers with Ferroxdure magnets are now
becoming increasingly popular, They also have
the important advantage that they are less
expensive. One advantage of a Ticonal magnet
system is its lower external stray field due to the
metal shielding of the pot; this is important
where a loudspeaker is mounted in a colour tele-
vision receiver close to the picture tube.
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Fig. 2.22. If the operating point falls below the knee of the
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Fig. 2.23. Magnet system configuration in common use.
(a) Ferroxdure magnet, (b) Ticonal magnet.



Designing hi-fi speaker systems -

part 2

D. Hermans* and M. D. Hull**

In the first article in this series we considered the
behaviour of the basic moving-coil direct-radiator
loudspeaker operating unmounted. We shall now
discuss the effect of a sealed enclosure on loud-
speaker performance, the use of two or more loud-
speakers in a multi-way system and the design of
the cross-over networks that such a system de-
mands.

3 The design of sealed enclosure systems

3.1 The infinite baffie

Consider a loudspeaker mounted on a small
baffle board. When the cone moves forward air is
compressed in front of it and rarefied behind it as
shown in Fig. 3.1. The compressed air spills
around the edge of the baffle; the air impedance
is low (as for an unmounted loudspeaker) and
thus the radiated sound pressure is low. The

72782084

Fig. 3.1. A loudspeaker mounted on a small baffle board
is subject to acoustic short-circuiting at low frequencies.

* Philips Loudspeaker Development Laboratories, Den-
dermonde, Belgium.

** pPhilips Electronic Components and Materials Division,
Eindhoven, The Netherlands.

effect is most pronounced when the distance the
sound wave has to travel from the front to the
back of the loudspeaker is half a wavelength. At
40 Hz, for example, if the loudspeaker was
mounted centrally the baffle would have to be at
least 4,25 m square to prevent any appreciable
cancellation. The larger the baffle the better the
isolation between the front and the back of the
loudspeaker. Complete isolation is obtainable
with an infinitely large baffle — obviously an im-
practicable solution.

Complete isolation can be achieved, however,

by folding the baffle around the back of the
loudspeaker to form a closed box in which tae
rear radiation is completely suppressed. The
closed box is known by various names
infinite baffle (a misnomer)
closed box bafile
acoustic suspension
sealed enclosure.
The term ‘sealed enclosure’ places stress «n
the most important feature of its construction,
and it is the term used throughout this article.
Although a sealed enclosure and an infinite
baffle are often considered synonymous, there
is one major difference between them. The air
in the enclosure is constrained and therefore
behaves as a spring as the cone moves in and
out. This is not, of course, the case with an
infinite baffle.

[

3.2 Equivalent circunits for sealed enclosure
systems

Let us now consider the effect of mounting a
loudspeaker in a sealed enclosure. If the enclo-
sure is very large, the displacement of the air cue
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to the movement of the loudspeaker cone will be
insignificant compared with the volume of air in
the enclosure, If, however, the enclosure is small,
the movement of the cone will take place against
a comparatively large change in pressure within
the enclosure and ‘there will be a marked dif-
ference in performance. The enclosure air acts as
an added stiffness to the loudspeaker cone and
this effect is more pronounced at small volumes.
According to an equation in the first article,*
the acoustic compliance of the enclosed volume
Vn is C,u; = VB/}’Pu-

Since at low frequencies the cone behaves as a
rigid piston, we can now re-draw the equivalent
circuit shown in Fig. 3.2(a) so that all elements
are transferred to the acoustic side of the circuit,
Mechanical elements discussed earlier** are
divided by the square of the effective cone area
to yield acoustic impedances in m.k.s. acoustic
ohms. The electrical impedance due to the in-
ductance of the voice coil (Lg) may be neglected

* Section 1.3.4, page 6.
** Section 2.4, page 12,

below 500 Hz. The double radiation impedance
2Zya in Fig. 3.2(a) must now be replaced by two
impedances: the radiation impedance from the
front of the box (Mg, Rar) and the acoustic
loading impedance due to the enclosure (C,g,
Rap, M,g). The new equivalent circuit is shown
in Fig. 3.2(b).

The elements that make up the circuit of
Fig. 3.2(b) should now be considered, Firstly eg
represents the open-circuit voltage of the ampli-
fier, B is flux density in the air gap in teslas
(1 tesla =1 Wb/m? = 10* gauss), and / is the
length of wire on the voice coil in metres. Rg is
the d.c. resistance of the voice coil in ohms and
Ry is the output impedance of the amplifier in
ohms. (The occurrence of Rg in the denominator
of one of the resistances reflects the influence of
the amplifier output impedance on the damping
of the system.) The effective area of the cone in
square metres is represented by A.

The mechanical part of the loudspeaker has
been reduced to three terms, as follows. Pre-
viously we have used Myc to represent the

1218079
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Fig. 3.2. (a) Equivalent circuit of a moving-coil loudspeaker. (b) Low-frequency
equivalent circuit of the same loudspeaker mounted in a sealed enclosure - the
cone operating as a piston. This circuit is ¥alid up to about 500 Hz.
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Fig, 3.3. Simplified version of Fig. 3.2(5)

mechanical mass of the coil and the cone. Divid-

ing Myc by A% we convert this quantity to an’

acoustic mass, M,c, expressed in kg/m*. Sim-
ilarly, Rys in Fig. 3.2(a) now becomes R,s (the
acoustic resistance of the suspension system in
m.k.s. acoustic ohms) and Cys becomes C,s (the
acoustic compliance of the suspension system in
m3/N). All these quantities can be determined in
the laboratory as we shall see later.

Looking now at the remainder of the circuit
elements of Fig. 3.2(b), M,p represents the
acoustic radiation mass of the air load in kg/m*
and R,g is the acoustic radiation resistance in
m.k.s. acoustic ohms. The values of these quan-
tities are related to the size of the baffie, not the
enclosure volume, since they represent forward
radiation. The quantity C,g, on the other hand,
represents the acoustic compliance in m%/N and
R, the acoustic resistance of the enclosure. The
latter is measured in m.k.s. acoustic chms and
depends on the absorption within the enclosure.
M,z is the acoustic mass of the air load on the
back of the cone.

Figure 3.2(b) can be further simplified to the
form shown in Fig. 3.3, which is a simple series
circuit having a resonant frequency f,," given by

1

I = oytaen (3.0)
where
My = Myc + Map + Mg kg/m* (3.2)
and
= 2T 3.3)
Cas + Cas

(The symbols £, and w, were adopted in part 1 of
this series of articles, for the resonant frequency
of an unmounted loudspeaker, The symbols f,’
and w,’ are used here to denote the resonant fre-
quency of a loudspeaker mounted in an enclo-
sure.)

3.3 Values of mass and compliance
3.3.1 DETERMINATION OF ACOUSTIC MASS

Equation 3.1 is fundamental to the design of a
sealed enclosure system. First, let us consider the
quantity M, representing the total acoustic mass.
This quantity is the sum of M,., the acoustic
mass of the coil and cone, M 4y, the acoustic mass
of the air load on the radiating side (front) of the
cone, and M,g, the acoustic mass of the air on
the rear of the cone. These quantities are de-
fined by:

My

Myc = = kg/m*,

= (3.4)
where My is the mechanical mass of the voice
coil and comne in kg, and A is the effective area of
the cone in m?.
Myg
Mg = —12— kg/m*, (3.5
where Mg is the mechanical mass of the air load
on the front of the cone in kg.

My

B
Miy=—g kg/m*, (3.6)

where My is the mechanical mass of the air load
on the rear of the cone in kg.

Note that the acoustic quantities can be derived
from their mechanical counterparts. The proce-
dure is to measure the resonant frequency with
the loudspeaker unmounted. A known mass of a
few grams is then added to the cone and the new
lower resonant frequency is measured. The total
mass can then be calculated and, by subtracting
the mass of the air load, the mass of the moving
parts is easily determined. The method of cal-
culation is given in Table 3.1.

Equations (3.7) to (3.10) show the procedure
using acoustic quantities, whereas eqs (3.11) to
(3.14) use the mechanical quantities with which
most readers will be more familiar. The essential
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Table 3.1 Determination of coil and cone mass

Acoustic quantities

Mechanical guantities

1

1

L fo= ' 3.7 fo= ’ 3.11
" 22y (Mac + M'a8)Ca ° " 27Y(Myc + M) Cy e
where: where:
Mue = moving system mass in kg/m*, Myc = moving system mass in kg,
M’ s = total air load mass for both sides of cone in M'yr = total air load for both sides of cone in kg,
kg/m*,
Cs = compliance of suspension in m*3/N. Cym = compliance of suspension in m/N.
mass in kg
2. Add mass M,x (= e kg/m*). Add mass mkg.
3. New resonant frequency
1, : 3.8) :
m = ’ % A fm = N {3'12)
2nY(Mac + M'ar + Max)Ca 21V (Mpc + M g + m)Cy
4. Dividing eq. (3.7) by eq. (3.8) and manipulating Dividing eq. (3.11) by (3.12) and manipulating
MAxfzm ‘ mfzm ’
Mpc = m — M'ag, (3.9) Muc =m* M yry (3.13)
where: where:
2x0,16 . 2x1,58r% kg. 3.14
Y kg/m®. (3.10) Misin 2215050 G

Note: M’ g and M ’yg are the sum of the front and rear values given by egs (3.15) and (3.16) in Table 3.2 and r is the cone
radius in m.

Table 3.2 Determination of mass of air load

front rear
mounting
acoustic mechanical acoustic mechanical
M ar (kg/m*) Mur (kg) Map (kg/m*) Myp (kg)
unmounted
: 1
free-space or 15 (3.15) 1,58r3 (3.16) E—E (3.15) 1,58r% (3.16)
anechoic room r F
infinite 0,32 4 0,32 5
— (3. 4 i 3.17 3,15 3.18
e —(317) 3,15 (3.18) A ) r3 (3.18)
small 0,23 0,375k
sealed 22 (3.19) 2,277 (3200 — (3.21)  3,75kr® (3.22)
enclosure r r

r = effective cone radius in m, k = mass loading factor from Fig. 3.5.
Numbers in parenthesis are equation numbers referred to in the text.



difference is that the acoustic masses are equal to
the mechanical masses divided by 42, and the
acoustic compliance is equal to the mechanical
compliance multiplied by 42. This accounts for
the factor of m* by which the respective units
differ.

3.3.2 MASS OF THE AIR LOAD

In calculations on speaker performance the mass
of the air is taken into account. Its inertia has to
be overcome by the power supplied to the loud-
speaker. When the enclosure is very large the
effect on the forward radiation impedance is that
of an infinite baffle. When the enclosure has a
volume of less than about 220 litres (8 ft?) the
behaviour is that of a piston in the end of a long
tube. '

In this series of articles we are primarily con-
cerned with small enclosures and our discussion
will not represent the general case. For con-
venience the acoustic and mechanical masses
represented by the air load on the cone are given
in Table 3.2.

Due to the influence of the sealed enclosure on
the sound radiation from the cone, the relative
areas of the cone and the baffle board have to be
taken into account. Table 3.2 summarizes the
equations which should be used to find the air
load under different conditions. The mechanical
masses represented by the air loads given in
Table 3.2 may be obtained directly from Fig. 3.4.
The expressions given in Table 3.2 for the rear
side air loading of a cone in a small sealed enclo-
sure contain a constant, k (the mass loading
factor). This is proportional to the ratio of effec-
tive cone area to baffle board area. The value of
k as a function of relative area is plotted in
Fig. 3.5.

3.3.3 COMPLIANCES OF THE SUSPENSION
AND ENCLOSURE

Taking the compliance of the loudspeaker sus-
pension system first, the acoustic compliance

CAS = CmsAz mst, (3.23)

where Cys is the mechanical compliance of the
suspension in m/N and 4 is the effective area of
the cone.

The mechanical compliance can easily be
determined by adding weights to the cone with
the loudspeaker in a vertical position and meas-
uring the cone displacement with a depth micro-
meter:

displacement (mm)

= m/N. (3.24)
added mass (g) x9,8

MS
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Fig. 3.4, Variation of air-load mass on one side of the cone
with effective speaker diameter. Curve 1, sealed enclosure,
front side only. Curve 2, infinite baffle, each side. Curve 3,
sealed enclosure, rear side (multiply by k — Fig. 3.5).
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Fig. 3.5. Variation of mass loading factor k with the rotio
AfAy (effective cone area/baffle board area).
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Alternatively, eq. (3.11) may be used if the mas-
ses My and Myg are known:

1
T 42 (Myc + Myig)

The acoustic compliance of the enclosure is
given by

m/N. (3.25)

CMS

Ve

vPo
where ¥V is the volume of air in the enclosure in
m?3, P, isnormal atmospheric pressure (10° N/m?)
and y (the ratio of the specific heat of the air at
constant pressure to that at constant volume) is
1,4 for adiabatic compression as in a lined (not
filled) enclosure.

We are dealing with acoustic quantities and
therefore we can convert them to mechanical
equivalents by dividing compliances or multi-
plying masses by 42. Taking eq. (3.26) we then
get

m?*/N, (3.26)

Cap =

CAB VB
A?  yPyA?

m/N, (3.27)
where Cyp represents the mechanical compliance
of the enclosure.

From the law for adiabatic expansion and
compression, the velocity of sound is given by the
expression.

P
e V'}’ 0
e
thus yP, = pc?, where p is density.

Substituting this value for P, in eq. (3.27)
we get

(3.28)

Vg
Cup = LEE m/N (3.29)
hence the stiffness of the enclosure
s, =4 Njm. (3.30)

This equation shows that the stiffness depends
not only on the volume of the enclosure but also
on the effective area of the cone.

3.4 Values of resistive elements

In Fig. 3.3 we combined the resistive com-
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ponents of Fig, 3.2 into a single element
B2]?
(R + Re)A?

in m.k.s. acoustic ohms,

Let us now examine each of the terms in this
expression. First of all it must be realized that
these are acoustic quantities which is why the
quantity 4% appears in the denominator of the
first term. Multiplying throughout by 4% we
obtain

4 Ras + Rap + Rar
(3.31)

Ry

B2]?

which expresses eq. (3.31) in m.k.s. mechanical
ohms. The values of the terms in eq. (3.31) can
either be determined directly by calculation, or,
using mechanically equivalent terms, by meas-
urement.

The acoustic radiation resistance R,y for small
enclosures is given by

+ Rys + Ryp + Rur (3.32)

Ry

2
Ry ~ (I_J:}) m.k.s. acoustic ohms (3.33)

where the frequency, f, is such that 2zr < A, i.e.
kr < 1. (r is the cone radius.)

The acoustic resistance of the suspension is
given by

Ry

P m.k.s. acoustic ohms

Fr (3.34)
where Ry is the mechanical resistance of the
suspension. The method of determining Ry, will
be dealt with later.

The acoustic resistance of the enclosure, R,p,
is dealt with in the next section.

3.5 Internal resonances of the enclosure

‘When the depth of the enclosure equals one half
of the wavelength, the first fundamental mode of
vibration occurs. The reactance of the enclosure
is given by

1

XAB = wMAB_ wCAB

(3.35)

At resonance wM ,p is greater than 1/wCgp; the
reactance X, becomes positive and reaches a
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Fig. 3.6. Frequency of fundamental resonance of enclosure
as a function of enclosure depth.

high value. This will greatly reduce the radiated
power unless steps are taken to lower the value
of X,p at the resonant frequency. The frequency
of fundamental resonance is plotted as a function
of enclosure depth in Fig. 3.6.

To absorb energy at this and all higher fre-
quencies, an acoustic lining is fitted inside the
enclosure; preferred materials are, bonded min-
eral wool, acetate fibre, glass wool and bonded
hair felt. Foamed plastic materials such as
polyurethane foam, unless of the ‘open’ variety,
are too dense in the sense that no direct air flow
is possible through them.

At low frequencies, in small enclosures, a
thickness of about 25 mm of absorptive material
lining the sides, top, bottom and back of the
enclosure can generally be used.

The impedance presented to the rear of the
cone is

ZAB = Ran +jXAB

where the components of X, are defined by eqs
(3.21) and (3.26). The term R, represents the
acoustic resistance of the enclosure and is
given by

(3.36)

Ram
Rap = 2
2C 2R 2+1+ VH | VB
w
Ao W | ¥V
(3.37)

Ram = R¢/34y = one-third of the total flow
resistance of the material lining the box divided

by the area of the material. For a 25 mm layer of
a lightweight material of area 4, square metres,
Ry = 33/4,, m.k.s. acoustic ohms. ¥V is the
total volume of the enclosure in m?3, and ¥y, is
the volume of the acoustic lining material in m3.
Equation (3.37) applies only where the lining
does not occupy more than 109 of the total
volume.

3.6 Damping and Q-factor

We have shown that a loudspeaker mounted in a
sealed enclosure may be treated as a series elec-
trical circuit. Thus we may write

Or= wD’MA s

Ry
where QO is the total circuit magnification factor,
wo' = 2nfy,’ where f,’ is the resonant frequency,
and M, and R, are defined by egs (3.2) and
(3.31) respectively.

In practice the value of QO may be readily
determined by measuring the 3 dB points on the
cone velocity curve as a function of frequency
about resonance. From eq. (2.6)* we know that
e = Blv and since B/ is a constant for a partic-
ular loudspeaker, velocity v is proportional to e.
Using the circuit of Fig. 3.7, the voltage across
the voice coil

(3.38)

Va

e = Vl—I‘REZVl‘— RE'

Since the values ¥, and ¥, may be read directly
from the instruments, and Ry is the d.c. resist-
ance of the voice coil, values of e may be plotted
against frequency.

Va

1000 02
——,
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SIGNAL vy
GENERATOR

TZTRDEL

Fig. 3.7. Circuit for determining resonant frequency and Q.

* Section 2.4, page 12.
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Fig. 3.8. Normalized frequency response of a typical low-
frequency loudspeaker for different values of Q.

The value of O for a constant current is then
given by
S
= A7
where Af is the 3 dB bandwidth. Figure 3.8
illustrates the response at resonance of a typical
loudspeaker mounted in a sealed enclosure for
different values of Q1.

Let us now consider the effect of the amplifier
output resistance Rg on the value of Q;. In the
method of determination of Qr just discussed,
the inclusion of the 1 kQ series resistor produces
a nearly constant current through the loud-
speaker, i.e. R, —co. Thus the first term in eq.
(3.31) becomes

B2
—————— e —— R
(Rz "IL RE)AZ

Or

In practice, however, a modern solid-state ampli-
fier has a very low output resistance, i.e. R; — 0,
and the first term in eq. (3.31) becomes

B2 B2
(o] .
(Rg + Rp)A*  RgA?
We can therefore distinguish two values of O1:

1) Qr., representing the constant current condi-
tion when R; —0

WO'M‘.\

~ ]
(Rap + Ras + Rar)

Or (3.39)
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2) Qr,, representing the constant voltage condi-
tion when R, — 0
wo' My
Ora

~— ., (3.40)

ReA?

the reciprocal of which can be expressed in the
form

1 B?I*
O, wo'M,ReA?

+ Rap + Ras + Rax

Rup + Rus + Rag
wo'Ma

B2]? 1 (3.41)
= = s ;
wD‘MAREAZ O,

Now M, is the acoustic mass in kg/m*, and,
multiplying by 4% we can express this in terms of
My, the total mechanical mass in kg, where

My = Myc + MMR + Mus, (3-42)

in which My, is the mechanical mass of the coil
and the cone, My is given by eq. (3.20), and
Mg 1s given by eq. (3.22).

We can therefore rewrite eq. (3.41) substituting
My, for M, A?,

1 B?? 1
== » -+ 2 (3.43)
Or; W' My Re (%

where B is the magnetic flux density in teslas and
[ is the length of wire on the voice coil in metres.

The first term on the right-hand side of eq.
(3.43) represents the damping due to the voice
coil resistance and the magnet system. Denoting
this by 1/Qg, we can write

1 1 k 1
Or: O On

(cf eq. (2.24) ).

The importance of these equations must be
stressed. Published frequency response curves
are invariably obtained using constant voltage
sources and thus compare with the results obtain-
able when the loudspeaker is fed from an ampli-
fier with a low output resistance. Such curves
do not, therefore, illustrate the effect on Q. when
measurements are made using a constant current
source (Fig. 3.7) rather than the usual constant
* Section 2.7, page 17.



voltage source and comparison of the results ob-
tained becomes very difficult indeed.

From eq. (3.40) it is apparent that, with a given
loudspeaker, there are only two possibilities for
altering Q. Either alter the baffle board in order
to modify the value of M, by altering the value
of k, (eq. (3.21)). Or alter one of the resistive
components Rup, Ras OF Rap.

The first of these, R,g, is the acoustic resistance
of the enclosure — see eq. (3.37). R,g, the acoustic
resistance of the suspension, is fixed in the
manufacture of the speaker. R,g, the acoustic
radiation resistance, is a function of frequency —
see eq. (3.33). Therefore, all we can do to control
QO disregarding the amplifier output resistance,
is to change R, by modifying the value of
Ram — €q. (3.37). )

We considered eq. (3.37) in terms of a 25 mm
lining of lightweight absorbent material, the
generalized equation being difficult to handle. It
is obvious that we cannot increase the area of the
lining once every part of the inside walls has been
covered. The next step is to stuff the enclosure
with absorbent material, and this is where cal-
culation gives way to a more empirical approach.

A new situation exists; repeating eq. (3.26):

Vs
vPo
The acoustic compliance of the enclosure, Cjp,
is inversely proportional to y. For adiabatic pro-
cesses v has a value of 1,4 at normal temperature
and pressure. But what happens when the enclo-
sure is full of damping material ?

If the air space is completely filled with a soft,
lightweight material, compression and expansion
become isothermal. The speaker drives energy
into the enclosure and the material converts it
into heat. This shows up a overdamping at the
low end of the frequency response characteristic.

Under isothermal conditions the speed of
sound falls from 344 m/s to 292 m/s and all the
equations in which ¢ has been assumed to be
constant are modified. The fact that the value of
y in eqs (3.26) and (3.27) is no longer 1,4 but 1,0
means that filling the enclosure has the same
effect on the compliance as a 409 increase in
volume.

CAB =

Obviously, the practical method of designing
a sealed enclosure loudspeaker system is to fol-
low objective methods up to a certain point and
to perform the final touches by filling, or partly
filling the enclosure to obtain the desired charac-
teristics.

One last word on the subject of materials. We
have previously rejected denser materials which
will not permit a direct air low through them.
These materials cannot be entirely ruled out as
far as lining the enclosure is concerned, but it is
a matter of art and experience rather than cal-
culation, that will give the required Q; for the
system concerned. The value of y will be some-
where between 1,0 and 1,4. The reader who
investigates this area of activity will doubtless
evolve some empirical design rules of his own but
he must be careful that his chosen material does
not radically affect the volume of the enclosure.

One difficulty facing a designer is the decision
about what value of Qr to aim for. There is no
analytical basis for choice and arguments which
favour many values between 0,5 and 1,4 can be
found in the literature. There is nothing more
offensive than a loudspeaker system with too
high a value of Q¢ which ‘rings’, and there is also
nothing more unsatisfactory than a ‘dead’ one.
In the latter case, probably underdamping is
tolerable. In the former, the high value may give
the promise of good bass only to prove that at
high loudness levels it simply cannot handle
transients.

For satisfactory transient response; it is sug-
gested that

: by

Or < 30
How much less than f,'/30 is a matter for the
designer to decide but anything greater than this
in a high-fidelity application may be unsatis-
factory. Some speaker systems sound livelier
than others, some more solid. Every manu-
facturer sets his own standard over this question.
Like pianos, loudspeaker systems have their own
tonal qualities.

In the end a pair of ears and an open mind are
used to assess the final result. When the bass
begins to sound constricted or overdamred,

(3.44)
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remove some stuffing from the enclosure. When
the bass sounds relaxed and ample, but not
sloppy, it is correct.

3.7 Effect of enclosure compliance on resonant
frequency

We may write the expression for the resonant
frequency of an unmounted loudspeaker in an
anechoic room as

1
B 27Cys V(MAC + 2M4R) ]

where M, is the acoustic mass of the moving
system as before. M,y is the acoustic mass of the
air load on each side of the cone and C,g is the
acoustic compliance of the suspension as defined
ineq. (3.23).

When we take the same loudspeaker and
mount it in a sealed enclosure, eq. (3.45) is
modified by the acoustic mass of the air load due
to the enclosure, and the effect of the enclosure
acoustic compliance. Referring back to Fig. 3.2,
we can rewrite eq. (3.45) in the form

CAS -+ CAB

1
27 VCASCAB(MAC + Mg + M,p)
(3.46)

where M. is the new value of air load on the
front of the cone given by eq. (3.19), M,y is the
acoustic mass of the air load on the rear of the
cone, and C,p is the acoustic compliance of the
enclosure given by eq. (3.26).

Taking the ratio of egs (3.45) and (3.46) we
may now determine the change in resonant fre-
quency due to the effect of the enclosure.

J{‘ll)‘I CAS MAC + 2MAR

- V { f :

fO CAB MAC_}_MJ{R-’_MAB
(3.47)

15 (3.45)

fo’ =

Since M.p & 1,4M .z, We can write eq. (3.47) in
the form

Let us now examine the values of the acoustic
masses. From eq. (3.15)

2x0,16 0,32
EMAR = =
r r
fromeq. (3.19),
0,23
AR =

¥
and from eq. (3.21),
0,375k

r

Mpp =

The value of k£ in eq. (3.21) depends on the pro-
portion of the baffie area that the loudspeaker
occupies. If the area of the speaker is about one-
third of the baffle board area, k has a value of
about 0,65 (see Fig. 3.5). If we take this value
as an example

0,24

Mg &~ — .
r

Thus, if the loudspeaker occupies a third or less
of the baffle board area, we can write the follow-
ing approximation for eq. (3.48)

?’ A ]/[0,8?( L4 g“ )]

0 AB

(3.49)

which represents the ratio of the resonant fre-
quency with a sealed enclosure to the resonant
frequency in free space without a baffle.

It makes no difference whether acoustic or
mechanical units are used to express the com-
pliance, as it is the ratio of these quantities that is
of interest. If for greater simplicity we refer to
stiffnesses, we can rewrite eq. (3.49) in the form

by
— Ay

fo {0’87(1 i i_)}

(3.50)

Al

AB

0,6Mar — Mag

'AS ) y Mac + Mig + 0,6Mup + Map— MAB]
Muc+ Mir + Myp

M)
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Fig. 3.9, Variation of resonant frequency with enclosure to
speaker stiffness ratio.

where S, is the reciprocal of the enclosure com-
pliance given by eq. (3.29),

2 42
oc*A

Sy = N/m (3.51)

B

and S, is the stiffness of the speaker suspension.
Figure 3.9 shows the variation of f,'[f, as a func-
tion of the ratio S./S;.

3.8 Power considerations
3.8.1 RADIATED SOUND PRESSURE

The sound pressure level (spL) is defined by

P
dB, (3.52)

rel

spL = 20log, 4

where P is the measured pressure and P, the
reference sound pressure, is 2x107% upbar
(2x10~% N/m).

The acoustic power level (PwL) of a sound
source, which is responsible for the production
of the required sound pressure level, is given by

w
dB, (3.53)

ref

PWL = 10log,,

where W is the acoustic power in watts, and
W, is 10~ 12 watts. Thus, a source radiating one
acoustic watt has an acoustic power level of
120 dB.

At low frequencies the loudspeaker acts as a

spherical source of sound and we may now

consider the levels which exist in the case of a
speaker system in a particular living roonm. In
order that we can restrict our treatment of the
subject to the most likely circumstances which
will exist, we shall consider stereo reproduction
in a small room. Let us assume a ‘wall’ of sound
is created by loudspeakers in corner position.

It can be shown that the sound pressure level
in the near field close to the wall is given by

1 4
sPL = PWL - 10lo — 4 —) 3.54
glO(A R ( )

w
where Ay, is the area of the radiating wall in m?;
and R = aA/(1 — «), where 4 is the total surface
area of the room in m?, and « is the average
absorption coefficient, about 0,15 for an average
room.

Let us take a room 5 metres long, 4 metres
wide and 3 metres high. In the first case we will
place the speakers at the end of the room and
calculate the acoustic power required to produce
a sound pressure level of 90 dB close to the wall.

A =94 m?
R =(0,15%94)/0,85 = 16,6 m?
Aw = 12m?
therefore
1 4 | 4
—t —=— 4 ——=0,324
Aw R 12 16,6
and

1 4
10lo — 4+ — | =—4,9 dB.
gw(A R)

w

From eq. (3.53)

,PWL = 10log,, W + 120dB, (3.55)
and substituting this for pwL in eq. (3.54) we
obtain

sPL = 10log,, W + 120— 4,9 dB

thus
10log,, W = spL— 120 + 4,9 dB
=90— 120449
=—25,1
log,o W =-—2,51
W =309 mW,
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Thus approximately 3 mW of acoustic power
must be radiated by the source to produce a
sound pressure level of 90 dB close to the wall.

If we move the loudspeakers to the longer wall
of the room, the acoustic power level required
rises to 3,16 mW since a greater area of radiating
wall has to be covered.

Now the sealed enclosure may be treated as if
it were a spherical source of sound so long as the
circumference of the cone is less than a wave-
length, The sound pressure P at a distance r from
the enclosure in a free field is then given by

J

oU,
P ="— N/m?

3.56
5 (3.56)

where fis the frequency in Hz and U, is the r.m.s.
volume velocity of the cone in m?/s. At low fre-
quencies, above resonance, where the loud-
speaker is mass-controlled, we can define the
reference volume velocity U, ,.¢ by the expression

e, Bl

- . 3.57
(Re + Re)2nAfM, 3D

Uc rel

Whence the reference sound pressure, P, is

e Bl
(R, + Re)dnrAM,’

Py = (358)

where  is the distance from the loudspeaker in m,
A is the effective area of the cone in m?, and M,
is as given by eq. (3.2).
We can determine the actual volume velocity
U, from the equivalent circuit of Fig. 3.2,
e Bl
ARy + Re) V{R\? + (0Ma— 1/wCA)?}

where

<

. o wy'\?
(@My— 1/0Cy)* = wi?M,? (—«— —°)

]

g @
and, fromeq. (3.1)
1

wyg? = .
MLC,
Furthermore, from eq. (3.38)
wo' My
== _RA 3
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SO we can write

U, -
e, Bl

(Ry + Re)wy'AM, ]/{ Ql-;z + (_E__h w_o‘)z] :

wg w

(3.59)
By substituting eq. (3.59) in eq. (3.56) and divid-
ing by eq. (3.58) we can derive the following
expression for the ratio of the radiated sound
pressure to the reference sound pressure

P w
20log; = 20log;o ——
rel wo
101 ; ( @ wo')z}
s o + el s
gw{ 0.2 o &
(3.60)

where w is the frequency at which the response is
to be found.

When measurements are made using a micro-
phone at a given distance in front of the loud-
speaker, the frequency response characteristic
follows eq. (3.60). The reference level must
always be stated if actual values of pressure are
required.

An important feature illustrated by eq. (3.60)
is that the sound pressure level at resonance dif-
fers from the reference sound pressure level
above resonance by

P 1
2010gw —_—— IOIOgm _Q_Z = 2010g1° QT'
ref T
(3.61)

3.8.2 POWER HANDLING CAPACITY

The power handling capacity of a loudspeaker is
the maximum continuous power the loudspeaker
is designed to handle, This must not be confused
with the music power rating, described in Sect.
3.8.6, which is usually measured in terms of
pulsatory loading representing music and speech
at the low frequency end of the audio spectrum.

Power handling capacity is tested by applying
a weighted noise voltage to the loudspeaker ter-
minals, and measuring the r.m.s. voltage V
across the voice coil. The peak noise voltage is
clipped at a level equal to twice the r.m.s. voltage.



The loudspeaker must be able to withstand this

signal for 100 hours continuously and meet all .,

its specifications afterwards (except resonant
frequency which may decrease). Power handling
capacity is defined

VZ
PHC = —,
R

where R is the loudspeaker impedance as stated
by the manufacturer.

The same principle applies to multi-way sys-
tems but here a speaker power handling capacity,
PHC,, may be defined for the individual speakers
as well as a system power handling capacity,
PHC,, for the total system.

V.2

PHC, = ——

*TZ

. sz
and PHC, = ;
R

where V, is the test voltage applied to the input
terminals of the cross-over filter, and V), is the
voltage across the voice coil of one of the loud-
speakers. (See Fig. 3.10.)

TZTROAS

Fig. 3.10. Measurement of speaker and system power.

It is possible to build a loudspeaker system in
which all the loudspeakers are capable of hand-
ling the maximum power specified for the total
system. This would be expensive and thus the
high-frequency speakers are commonly of a
lower power handling capacity than the low
frequency loudspeakers. Remembering that the
highest fundamental frequency produced by
conventional musical instruments is a little over
4000 Hz it is evident that a tweeter, which will
not come into operation until about 3000 Hz,
will handle mainly harmonics. As the harmonics
of a note are very much diminished in intensity
compared to the fundamental we can safely use
medium and high-frequency loudspeakers of
reduced power handling capacity.

To establish how much power each speaker in
a system will be required to handle many things

have to be considered. There are many variables,
the most obvious being the type of sound that
the speaker may be called upon to handle. Thus
safety margins must be observed. A great deal of
research has been carried out on the energy dis-
tribution through the frequency range of various
types of music. The result is the establishment of
what have now become clearly defined standards.

In Europe the 1EC DIN standards clearly define
the noise spectrum which is to be used for testing
loudspeakers and loudspeaker systems. This is
shown in Fig. 3.11. As is obvious to the most
casual listener, the energy content of modern pop
music is distributed rather differently across the
audio spectrum than that of classical orchestral
works. The bold line in Fig. 3.11 is a new stan-
dard recommended in order to cater for this
difference.

Figure 3.12 is also the result of studying many
recordings. The curve can be used to determine
the approximate apportionment of total power

"(PHC,) between the speakers of a multi-way sys-

tem. If, for instance, a 2-way system with a cross-
over frequency of 1200 Hz is specified, the point
at which the curve intersects 1200 Hz corre-
sponds to 75% on the ordinate. This indicates
that the division of energy between the woofer
and the tweeter is about 75:25. In a 20 W system
the woofer should thus be able to handle at least
15 W and the tweeter at least 5 W. A safety mar-
gin must be allowed on top of these figures as the
ratio depends on the frequency content of the
input signal and this can be modified to quite a
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Fig. 3.11. pmN 45500 noise curve (thin line) as used for
measuring and specifying power handling capacity. The
alternative tec curve (bold line) is currently under consid-
eration.
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Fig. 3.12. Typical power distribution in 8 multi-way system.
The curve is based on measurements made on many record-
ings of music. It is thus typical and allowance should be made
for variations in the frequency content of the sound to be
reproduced by the system, the characteristics of the ampli-
fier driving the system and the setting of the tone controls
on the amplifier,

considerable degree by varying the setting of the
‘amplifier tone controls. Figure 3.12 can thus
only be taken as a guide but, nonetheless, quite
a useful one. Used to determine the typical power
distribution in a 3-way, 40 W system with cross-
over frequencies of 630 Hz and 2500 Hz, it gives
us the minimum values of 25,6 W, 8,8 W and
5,6 W for the woofer, squawker and tweeter re-
spectively.

Finally, a warning is perhaps in order. Mis-
takes are sometimes made in testing the loud-
speakers by not allowing for the reduced power
handling capacity of the higher range speakers.
Sweeping a tone of fixed amplitude up through

the frequency range of the system is a common .

method of measuring the frequency response of
the system. Unless the very much reduced power
handling capacity of the higher range speakers is
taken into account, damage can be caused.

3.8.3 EFFICIENCY

The acoustic power in watts radiated from both
sides of the loudspeaker cone is:

W = |v|*2R\z (3.62)

where v is the voice coil velocity in m/s, and Ryg
is the mechanical radiation resistance in m.k.s.
mechanical ohms,

Assuming that the inductive reactance of the
voice coil is negligible compared to (R, + Rg),
the voice coil velocity is given by

e Bl
V=
(Ry + Re)(Ry + jXn)

(3.63)
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in which
B2

(R, + Re)
1
XM = wMMD -+ ZXMR'— ’

wCMS

Ry + Rums -+ 2Rur

where My, is the mass of the diaphragm, Xyg is
mechanical radiation reactance, and Cys is the
mechanical compliance of the suspension. Squar-
ing the modulus of v and substituting in eq.
(3.62) then gives

W 28,28212}3”3
T (R, + R Re? + Xoi®)

The maximum power available from the ampli-
fier is obtained when the internal resistance of the
amplifier is equal to the d.c. resistance of the
speaker; that is,

(3.64)

g2
" 4R,
Dividing eq. (3.64) by eq. (3.65) and multiplying
by 100 we obtain the efficiency of the loud-
speaker related to the maximum power output of
the amplifier:

(3.65)

E

800B2I1*R R
7 =—x100 Tt

p— L

We Rt RP (R + o)

(3.66)

This is known as the power available efficiency.

To enable a frequency response curve to be

plotted without showingthe acoustic power being

radiated, it is useful to define a reference effi-

ciency. The reference power available efficiency
for both sides of the cone is

8008212 Ry Ryp
Nret = — ‘ Z = (3.67)
w*(Ry L Re) (Myc + 2M )
At low frequencies,
w?A?p
METT 2me

so eq. (3.67) becomes
" 800R B*I2A%p
27e(R, + Re)*(Myc + 2Myg)?

This gives the actual response in the flat region
of the frequency characteristic above resonance.

(3.68)

Nrer =



The ratio of the response at medium and low
frequencies given by eq. (3.66), where the radia-
tion is not directional, to the reference power
available efficiency is

7 w*(Myc + 2Myur)?

Nret Ry? + X2
An interesting situation occurs at resonance
when Xy, = 0, and eq. (3.69) becomes
n wo*(Myc + 2Myr)? 0s2
= — .r .
Mreet RMZ
Thus, if we know the reference power available
efficiency, we can easily determine the efficiency
at resonance, since from eq. (3.70)

(3.69)

(3.70)

N =N Q1. (3.71)

The values of the efficiencies given by eqgs (3.66),
(3.67) and (3.68) are for both sides of the loud-
speaker and should be halved for forward radia-
tion only.

When a loudspeaker is mounted in a sealed
enclosure, the effect of the rear-side impedance
modifies the above equations. The radiation
impedance is also affected by the size of the
baffle board. The enclosure compliance, which
depends upon the volume of the enclosure, also
affects the rear-side impedance. If we were to
confine ourselves to a purely mathematical treat-
ment of power handling capacity and efficiency,
the resulting equations would become very dif-
ficult to handle. We shall resort to methods of ap-
proximation which produce sufficiently accurate
results for all practical purposes.

A loudspeaker driven by an amplifier having
R, = 0 is a special case for which the efficiency
may be defined as

W,

’j?:

where W, = v?Ryp, the radiated acoustic power,
and W, = i?Rg, the applied electrical power
dissipated in the voice coil resistance.

Above the resonant frequency the radiated
acoustic power can be expressed as

ym = ()
=V S .
A MR wMM MR

For a large box Ryg can be taken to be the same
as for an infinite baffle,

Ryr = 1,5Tw?r*g/c.

Whence
( Bli )2 1,57w?r*p |
n= X
wMM € izRE
1,57B2[2r%p
= — (3.72)
My*Ree
where My = Myc + Muyg + Mys, and the

resistance of the voice coil Ry = clfs where
g = specific resistivity of the wire, / = length of
wire, and s is the cross-sectional area of the wire.

Furthermore, the mass of the voice coil, Mg, is
given by

MC = [Sﬁ
where f§ is the density of the wire. By substitution
therefore
12 Mc

Rge af

whence

1,57TB2Mcr#o
= (3.73)
BMyc

*83.8.4 BASIS OF POWER RATINGS

In Europe, it is convenient to adopt the German
Standards (piN) for determining speaker per-
formance, since no satisfactory alternative exists
which deals with the problem in sufficient depth.
We do not intend to deal here with anything more
than the basic principles involved in specifying
loudspeaker systems in terms of hi-fi. Readers
wanting a detailed analysis of the requirements
should consult DIN 45500 and DIN 45573.

Besides the nominal power handling capacity
which we have already dealt with, there are two
distinct power levels to be considered:

— operating power;

— Inusic power.

Each serves a very different purpose and there is
no direct relationship between them.
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3.8.5 OPERATING POWER

Operating power is the power input to the system
to produce a sound pressure of 12 ub at 1 m dis-
tance (or 4 b at 3 m). Taking 2 x 10™# wb as the
reference sound pressure level, 12 ub ~ spL 96 dB
(- ub a« spL 86 dB).

This simplified definition establishes a refer-
ence for further acoustic calculations. To deter-
mine the operating power, the loudspeaker
should be measured in half free field conditions
(infinite baffle) and the average sound pressure
level (on axis) between 100 Hz and 4000 Hz (or
another indicated appropriate frequency range)
should be 96 dB at a distance of 1 m.

The operating power is, naturally, in electrical
watts and is simply determined by increasing the
electrical input until the required sound pressure
at the appropriate distance is reached.

3.8.6. MUSIC POWER

Music power, or maximum power handling ca-
pacity is the peak power which can be applied to
the loudspeaker or system for short periods
(2 seconds maximum) without any audible dis-
tortion being suffered. The loading is applied as
a sinusoidal signal between 250 Hz and the lower
frequency limit. In general the music power rat-
ing is much higher than the continuous power
‘handling capacity.

3.9 Enclosure proportions and construction

An advantage of sealed enclosure systems is that
there is no optimum volume or shape. Baffle
board proportions of 5:3 and 4:3 are common
but there is no reason why the proportions should
not be increased to 2:1 or more, provided that a
satisfactory speaker layout can be achieved.

The first normal mode of internal vibration
occurs when the half wavelength becomes equal
to the enclosure depth. A minimum enclosure
depth can be calculated from the woofer cross-
over frequency, e.g., if the cross-over frequency
is 500 Hz, 1/2 = 344 mm and a depth less than
this should be chosen. However, with an absorp-
tive lining in the enclosure, if the depth is more
than A/4 the rear side reactance X, is positive
and the loading at the back of the cone ap-
proaches that of an infinite baffle. Hence the
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internal depth of the enclosure should lie between
a half and a quarter-wavelength of the cross-over
frequency.

Offsetting the loudspeakers from the centre of
the baffle may be advantageous. Mounting them
flush with the baffle board, especially the squaw-
ker and the tweeter, and using sufficiently thick
material for the walls of the enclosure to avoid
panel resonances will overcome any disadvan-
tages arising from mounting the woofer cen-
trally.

3.10 Determination of enclosure volume

3.10.1 EFFECT OF ENCLOSURE VOLUME ON
RESONANT FREQUENCY

In Section 3.7 we discussed the effect of enclosure
compliance on resonant frequency. For a given
percentage rise in resonant frequency, the volume
of the enclosure for a particular speaker can be
determined with the aid of egs (3.50) and (3.51).

The volume required for a given percentage
rise, A, in resonant frequency is

0,870c2 4>
V= m?, (3.74)

TRy

where S; is the stiffness of the speaker and A4 is
the effective area of the cone.

3.10.2 ALLOWANCE FOR SPEAKER VOLUME

The method of mounting loudspeakers affects
the volume of the enclosure. If they are attached
to the back of the baffle board, they may reduce
the volume significantly. If they are attached to
the front the effect they have on enclosure volume
depends on the size of the holes cut in the baffle
board to accommodate them and the size of the
speakers themselves.

3.11 Construction of enclosure

It is essential that the design of an enclosure in-
corporates maximum rigidity. If rigidity and air-
tightness are maintained the enclosure will per-
form according to its acoustic design charac-
teristics. Panel vibration and poor sealing will



introduce distortion and severely affect the power 4 Cross-over filters

handling capabilities of the woofer, resulting in

unbalanced speaker outputs. The sound radiation from a moving coil loud-
Blockboard, plywood, and a wide variety of speaker becomes more directional with increasing

panel materials may be used. Solid timber is not frequency. Although the on-axis sound pressure

recommended on account of warping. The cor- might remain constant, the off-axis sound falls
ners may be jointed in any way preferred provid- off at high frequencies. The advantage of a multi-
ing that the enclosure remains air-tight. Partic- way system is that the speakers can be driven in
ular attention in this respect should be paid to the region where they operate most satisfactorily.
the area around the input plug where loss of seal- Outside that frequency region the signals can be
ing can easily occur. channelled to loudspeakers designed to operate

A variety of damping materials are available; over the appropriate frequency range. To obtain

glass wool, kapok and cotton waste have good the best performance from a multi-way system
absorption coefficients and an indication of the the electrical signal input to the system must be
relative characteristics of a number of materials divided so that each speaker receives only the
is given in Fig. 3.13. For use in all types of signals it is required to reproduce.

environmental conditions glass wool or fibre is The individual frequency characteristic of the
preferred as variation in its characteristics is neg- loudspeakers must overlap each other slightly,
ligible. Although glass wool is about three times to maintain a continuous response throughout
as expensive as kapok its use is more than justi- the audio range. The point at which signals

fied on the grounds of stability. In view of its cease being fed to one loudspeaker and are
high absorption coefficient a thin layer can be channelled to the loudspeaker reproducing
used to line the inside of the enclosure. With signals in the adjacent frequency range, is called
small enclosures where the largest dimension is the cross-over frequency. When determining the

of the order of 450 mm, a 12 mm layer of absorb- cross-over frequency and the degree of attenva-
ent material may be adequate. tion either side of it, the frequency characteristics
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Fig. 3.13. Relative absorption of common damping mate-
rials. Curve 1, blown kapok. Curve 2, cotton waste. Curve 3,
glass wool. Curve 4, wool waste. Curve 5, polyester fibre.
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of the loudspeakers must be taken into account.
It is important for each loudspeaker to generate
the correct amount of acoustic energy for the
part of the audio spectrum it is handling.

4.1 Design requirements

The design of a cross-over network depends on a

number of factors:

— the desired cross-over frequency;

— the power handling capacity of the speakers;

— the directivity of the speakers and its frequency
dependence;

~ the sensitivity (efficiency) of the speakers;

— the desired frequency characteristic of the com-
plete system.

Taking the last point first, the aim of the design

is normally to obtain as linear a frequency charac-

teristic as possible over the required frequency

range. In combination with a linear amplifier

characteristic, the overall frequency characteristic

should be flat, with the amplifier tone controls at

their neutral positions. In the following discus-

sion it will be assumed that a flat characteristic is

required.

4.2 Choice of cross-over frequency

The choice of cross-over frequency is a com-
promise between the frequency response charac-
teristics of the individual speakers and the
smoothness of transition between one speaker
and another at the cross-over frequency. It also
depends on the power requirements of the sys-
tem. If at the cross-over frequencies of our choice,
the maximum power handling capacity of one of
the speakers is likely to be exceeded, adjusting
the cross-over frequency can give us the safety
margin required. The relationship between power
distribution and cross-over frequency is ex-
plained in Sect, 3.8.2. Where the adjustment of
cross-over frequency does not give the required
safety margin, we must use a different loud-
speaker with a higher power rating or two or
more of the same type of loudspeaker suitably
connected with regard to impedance.

There are two basic methods of signal division:
— electronic cross-over systems;

— passive filter networks.

Where an electronic cross-over system is used,
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Fig. 4.1. Amplitude/frequency characteristic of a presence
control. Curve 1, maximum; curve 2, half; curve 3, minimum.

individual adjustment of signal levels to each
speaker is normally provided and correct tonal
balance can be easily achieved. With a passive
network the transition between speakers cannot
be as smooth as with an electronic system, and a
loss of 3 dB or morg may occur at the cross-over
frequency. Concerning ourselves primarily with
passive networks on grounds of economy, the
choice of cross-over frequency should be based
on careful consideration of individual loud-
speaker performance characteristics.

Artificially boosting the mid-range at a selected
frequency around 2000 Hz enhances the liveliness
and presence of the reproduced sound. A pres-
ence control is sometimes fitted on high-fidelity
amplifiers to provide a variable amount of lift in
the response, as shown in Fig. 4.1. It is desirable
to avoid discontinuities in the loudspeaker re-
sponse under any circumstances, but if one
occurs in the region of 2000 Hz it can be partic-
ularly annoying.

From the foregoing it can be concluded that,
provided discontinuities can be avoided, the
choice of cross-over frequency depends on the
loudspeaker specifications mentioned earlier.

4.3 Types of passive networks

There are two basic types of passive filter net-
work. The first consists of separate high-pass and
low-pass filters arranged in series or parallel to
provide a four-terminal output from a two-
terminal input. The second, known as a constant
resistance network, looks identical to the first



but has different component values. The advan-
tage of the constant resistance type is that not
only does the input impedance remain constant
over the frequency range but, in the case of 2-way
speaker systems similar components can have
similar values.

The ‘classic’ approach to filter design is based
on transmission line theory, using a fictitious
iterative impedance and iterative parameters.
Iterative impedance is rather like the charac-
teristic impedance of a transmission line. Ter-
minating a filter with this impedance causes an
identical impedance to appear, reflected, at the
input. But in practice, characteristic impedance
always has a real or complex value, and can even
be made constant or frequency independent.
Iterative impedance, on the other hand, cannot
be simulated by any real impedance; at cut-off
frequency it can be zero or infinity, in a passband
it is real and resistive and varies in value, and in
a stop band it is an imaginary, positive or nega-
tive reactance. In view of the similarity of char-
acteristic and iterative impedance, it is mis-
takenly assumed that terminating the last section
of a classic filter in a constant resistance will
cause the correct impedance to be reflected back
through any number of filters designed for the
right value. However, in the vicinity of cut-off
this is no longer true, and the use of conventional
half-section low-pass and high-pass filters of the
m-derived type has given way to the constant
resistance types in high fidelity applications.
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Fig. 4.2. Basic form of a constant resistance type response
in a low-pass section of a cross-over filter according to the
number of elements used.

While filters designed on the ‘classical’ basis
require correct termination at both ends, cons-
tant resistance filters are not critical of input
termination. If the outputs are correctly ter-
minated, the input impedance is a constant resist-
ance and the response will be unaffected by the
source impedance. Since a modern solid-state
amplifier can be considered as a constant voltage
source having zero impedance, it follows that
performance is unaffected by ‘matching’ ampli-
fier output impedance and loudspeaker system
input impedance. What is affected is the power
conversion in the speaker system.

4.4 Constant resistance networks for two-way
systems

Cross-over filter networks for high fidelity apyli-
cations are characterized by the following fea-
tures:

— attenuation at the cross-over frequency is 3 dB;

— the slope of the transfer characteristic at the
cross-over frequency is half the ultimate slope;

— the ultimate slope is asymptotic to a straight
line drawn at the cross-over frequency having a
slope of 6 dB/octave multiplied by the number
of reactive elements (see Fig. 4.2).

— when two filters having complementary char-
acteristics are fed from a common source and
the two outputs are correctly terminated, the
total power at the outputs will be constant
over the passband;

- when two complementary filters are correctly
terminated, the impedance presented at their
common input will be a constant resistance
equal to each terminating resistance;

— the phase response at the cross-over frequency
is half the ultimate value;

~ the phase difference between the complemen-
tary outputs is constant, depending on the
number of reactive elements.

The transfer characteristics of multi-reactance

networks are illustrated in Fig. 4.2.

Constant resistance networks are derived from
the circujts given in Fig. 4.3. If the component
values are chosen to make R, = /(L/C), the
impedance presented at the input terminals is
constant and equal to R, at all frequencies. At
frequencies below the cross-over frequency, f;,
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Fig. 4.3, When component values are selected to make
Ry = J(L/C), the impedance presented at the input termi-
nals is a resistance Ry.

all the input power is delivered to terminals 3
and 4; at frequencies above f,, all the input
power is delivered to terminals 4 and 5. At either
side of frequency f; the slope of the attenuation
characteristic approaches 6 dB/octave. This is
normally too low to be of any real value, and can
be improved by increasing the number of reactive
elements in the filter section. Loudspeakers of
current design normally require filters with an
attenuation characteristic of 12 dB/octave for
high fidelity applications. '

The values of the inductances and capacitances
can be determined in the simple case of the
6 dB/octave filter by multiplying R, and f :

I/c h=o Y(LC) fi=0nc
whence
1 R,
C = and L= .
2nf\ R, 2xf,

In the case of single reactance filters, therefore,
the reactance of each component is made equal
to R, at the cross-over frequency. For filters hav-
ing two reactances per section (12 dB/octave
types), the components have values that make
their reactances equal to R,)/2 in the parallel case
and R,/)/2 in the series case. This means that, in
the same filter, both inductances have the same
value and both capacitances have the same value.
Figure 4.4 shows the arrangements for cross-over
filters for two-way systems. Component values
are given for different cross-over frequencies in
Table 4.1 for 6 dB/octave filters, and in Table 4.2
for 12 dB/octave filters. Figure 4.5 shows two
practical circuit arrangements where the cross-
over frequency is 1000 Hz.
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Fig. 4.5. (@) Cross-over filter for two-way system. Attenua-
tion is 6 dB/octave (symmetrical). Cross-over frequency is
1000 Hz. (5) Cross-over filter for two-way system. Attenua-
tion is 12 dB/octave (symmetrical). Cross-over frequency is
1000 Hz.



Table 4.1 Component values or the 6 dB/octave
filters of Fig. 4.4

Table 4.2 Component values for the 12 dB/octave
filters of Fig. 4.4

fi Ry’ Ly Cy fi Ry L, Cs Ls Cs
(Hz) () (mH) (uF) (Hz) () (mH) (®F) (mH) (F)

5 1,6 64 5 1,1 90 2,2 45

500 10 3,2 32 500 10 2,2 45 4.5 22

20 6,4 16 20 4,5 22 9 11

5 1,1 45 5 0,8 64 1,6 32

700 10 2,3 23 700 10 1,6 32 3,2 16

20 4,5 1 20 32 16 6,4 8

5 0,8 32 5 0,5 45 1,1 22

1000 10 1,6 16 1000 10 1,1 22 2.2 11
20 32 8 20 22 1 4,5 5,5

5 0,7 26 5 0,47 37 0,94 19
1200 10 1,3 13 1200 10 0,94 19 1,87 9,4
20 ¢ 2,6 7 20 1,87 9 3,75 |

5 0,5 20 5 0,35 28 0,7 14

1600 10 1,0 10 1600 10 0,7 14 1,4 7
20 2,0 5 20 1,4 7 2,8 3,5

5 0,4 16 5 0,28 22 0,56 11
2000 10 0,8 8 2000 10 0,56 11 1,1 5,5
20 1.6 4 20 11 55 2,2 2.8
5 0,3 13 5 0,23 19 0,47 9,4
2400 10 0,7 7 2400 10 047 47 094 47
20 1.3 3 20 0,94 9,4 1,87 2,3

4.5 Networks for three-way systems

Networks for three-way systems require an ad-
ditional filter section for the mid-range loud-
speaker. Here two cross-over frequencies are
involved. One at which the woofer rolls off and
the squawker rolls on, the other at which the
squawker rolls off and the tweeter rolls on. For
symmetrical filters, in which roll-on and roll-off
slopes are alike, the component values for pas-
sive filter networks of constant resistance design
may be calculated from Fig. 4.6.

An alternative approach is to use two 2-way
filters together to form a 3-way filter. The prin-
ciple is shown in Fig. 4.7. The frequency at which
the woofer rolls off is the cross-over frequency of
filter A. Signals of a higher frequency are fed to
the input of filter B via the ‘tweeter’ terminals of

* Corresponding to nominal loudspeaker impedances of
4 Q, 8 2 and 16 (2 respectively.

filter A. This higher range of frequencies is
divided between the squawker and the tweeter in
accordance with the cross-over frequency of
filter B. The simplicity of this method is clear and
excellent results are easily obtained.

4.6 The effect of loudspeaker impedance

We have assumed so far that a loudspeaker pre-
sents a constant and purely resistive load to the
cross-over filter. In practice the load will vary
with frequency due to the inductance and mo-
tional impedance of the voice coil.

At resonance the impedance is high, falling
sharply as frequency increases then rising slowly
again. The effect of the changing impedance on
the filter characteristic coupled with the fre-
quency response of the loudspeaker suggests that
a smoother overall transition through the cross-
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over region could be obtained if the low-fre-
quency speaker were made to roll-off at 6 dB/
octave and the high-frequency speaker were
made to roll-on at 12 dB/octave. A filter with
diiferent roll-on and roll-off slopes is said to be
asymmetric. There is another means of com-
pensating for the variation of loudspeaker imped-
dance.
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Fig. 4.6. Constant resistance cross-over filter networks for
three-way systems.
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Fig. 4.7. Alternative approach to the design of three-way
filters.

The loudspeaker impedance seen by the cross-
over network can be made fairly constant by
using the compensating network illustrated in
Fig. 4.8. The impedance of both speakers rises
with increasing frequency and appears more
inductive. The impedance can be made resistive
by adding a series RC circuit in parallel with the
loudspeaker. Although this is not perfect, cal-
culation and experiment enable a value of R and
C to be chosen which will produce a reasonably
constant load at least one octave either side of
cross-over which is the most critical region.

A method of using the inductive component
of the loudspeaker impedance may be practised
where an inductor is in series with a loudspeaker
as shown in Fig. 4.9. The value of the inductor
can be reduced by an amount equal to the induc-
tive component of the voice coil impedance
measured at the cross-over frequency. This brings
about a reduction in the value of the filter com-
ponent and the constadt resistance properties of
the cross-over filter can be maintained.

4.7 Phase response

It is essential that the phase response of a cross-
over filter is carefully considered. The cross-over
network, composed of reactive elements, intro-
duces phase changes into the system. In single-
element séptions, as the frequency increases from
the cross-over frequency the phase change be-
tween the input and the low-frequency output
approaches —90°, while the high-frequency out-
put tends to become in phase with the input. As
the frequency decreases from the cross-over fre-
quency the phase of the high-frequency output
approaches +90° relative to the input, while the
low-frequency output tends to become in phase



with the input. As can be seen in Fig. 4.10, the
phase difference between input and outputs at
the cross-over frequency is 45° and there is a
constant phase difference of 90° between the two
outputs.

140

Figure 4.11 shows that the situation is similar
for 12 dB/octave filters employing two-element
sections but the difference between the outputs is
180° and there i3 a phase difference of 90° be-
tween the input and the outputs at the cross-over
frequency.
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Fig. 4.8. The impedance of a loudspeaker varies considerably with frequency.
A parallel RC circuit reduces the inductive component and the phase angle of the
impedance so that the loudspeaker impedance is near to its nominal resistance.
The values of R and C can initially be selected by calculation using the manu-
facturer’s loudspeaker characteristics, and then modified by experiment.
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Fig. 4.9. Inductor L, is in series with the voice coil of the
woofer. The value of the component can be reduced in
practice to a value L," where Ly’ = L; — Lg. Inductance
Lg is that of the voice coil at cross-over frequency. L, is the
theoretical value calculated during the filter design assuming
a resistive filter termination.
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Fig. 4.10. Phase difference of outputs relative to input for a
single-element section filter terminated by the appropriate
resistance.
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two-element cross-over network terminated with the ap-
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Something must be done therefore to prevent
anti-phase conditions leading to acoustic cancel-
lation, With a network having 180° phase dif-
ference between its outputs it is a simple matter
to reverse the connections to one of the speakers.
Electrically the voice coils will be fed in anti-
phase but, as one is reversed, the cone motions
are in phase.

Since the matter of phase is of such importance
it is usual to give an indication of the polarity of
the voice coil terminals. Philips loudspeakers
have one terminal marked with a red dot. When
a d.c. voltage is applied to the voice coil so that
the red connection is positive, the voice coil will
move forwards. '

The curves of Figs 4.10 and 4.11 only apply
when the networks are resistor terminated. It
follows that all we have said about phase re-
sponse will be modified by the phase angle (the
phase difference between the voltage across the
voice coil and thécurrent through it) of the loud-
speaker impedance at the cross-over-frequency.
An example of the variation of the angle and
magnitude of loudspeaker impedance with fre-
quency is shown in Fig. 4.8.

4.8 Obtaining a smooth response

In order to obtain a smooth transition from one
speaker to another it is important to select
speakers with sensitivities within about 2 dB of
each other. A greater difference will cause an
audible step in the response as shown in Fig.
4.12(a).
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Fig. 4.12. Speakers with different sensitivities when used in
the same system give rise to a step in the overall system re-
sponse (@). This can be overcome by exchanging the higher
sensitivity speaker with a similar one of a greater impe-
dance (b). The system has a smoother overall response and
an increased power handling capacity.

Where speaker sensitivities do differ and a
speaker of the same sensitivity as those in the rest
of the system cannot be obtained, the higher
sensitivity speaker can be exchanged for a similar
speaker of higher impedance (see Fig. 4.12(b)).
This will then operate at a reduced power level
and acoustic output, The same effect can be
achieved by inserting a low-value resistor, of a
suitable power rating, in series with the higher
sensitivity speaker., A combination of both
methods can be used.

It is also necessary to ensure that one speaker
is capable of taking over the signal from the
other at the cross-over frequency. If two speakers
have responses which do not overlap appre-
ciably, a gap will occur in the overall response
when they are connected through a filter which
introduces a further 3 dB attenuation at cross-
over. This is shown in Fig. 4.13.

The ultimate aim of cross-over filter design is
to obtain the best matching of the acoustic char-
acteristics of the different speakers in the system,



RIS TIT)
|

T ISRETI 7 1
100 o] —Hrt :
n i T an
d8 N T ; e 1 s ]
SRS I i !
90 T —T — —
T T = —
7 IR ey = it .
=T ™ T 3 T T =
80 —Tb e ———— .
I - : Ty m— ]
il [RH A . ' H 1|
; : 1 I
70 T ; T T
T 11T T IRAN T
! L 1
T 1
50 -
I T T T
7] 1 i - L
50 £ a1l I I i | 11l 1
0 20 50 100 200  S00 1000 2000 5000 10000 20000
fiHz)
(a)
TTTRISE
e 1 T |- S
1 T
100 ——— - e ————]
! I T 1 I I
d8 [ " L L
L | zl[
90 - : —
| 1] |
| 1
| i H Py L 1 1
50 - > 1
e e e M—
7 T
T 1y T
7 . e G I
I - T
1y : 1
f Y I t
50 + (. 1 I T
BB Y L K1 i1
I L e Iy H
yi | v AW Y T t
) I it T 1 :
0 20 50 10 200 500 000 2000 5000 10000 20000
fiHzl

Fig. 4.13. (a) Frequency response of two speakers with in-
sufficient overlap in their characteristics, (b)) Combined
response, note the dip in the curve at cross-over,

This may necessitate some modifications to the
standard types of filter already discussed. An
example of this is illustrated in Figs 4.14 and 4.15,
The sound pressure curves of a woofer and
tweeter, measured on axis, are shown in Fig.
4.14(b). Using a conventional type of filter with
a cross-over frequency of 2000 Hz leads to a sys-
tem response curve with a peak in the cross-over
region because the frequency/response char-
acteristics of both speakers are relatively high in
this region. This is illustrated in Fig. 4.14.

The peak can be avoided by choosing an earlier
roll-off for the woofer and a later roll-on for the
tweeter. This is illustrated in Fig. 4.15 and it is
clear that there is now a distinction between the
—3 dB points of the filter and the cross-over
frequency of the filter with a purely resistive {2r-
mination (2000 Hz) or with a loudspeaker ter-
mination (1700 Hz).

A cross-over filter should be designed in con-
junction with the speakers and the enclosure to
be used. Following preliminary analysis and the
construction of a prototype, the system should be
tested with the cross-over filter outside the enclo-
sure. Changes in filter design or the reversal of
speaker connections can then be made between
tests until the best results are obtained.

In contrast to modern loudspeakers, that shown above is a moving iron
type with a polarized magnet system and has an impedance of 1500 to
2000 2. Beside it are the receiver unit (left) and the 150 V HT supply
unit (right); the complete broadcast receiver as built by Philips in 1927.
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Designing hi-fi speaker systems -

part 3

D. Hermans*

This is the last of a series of articles on sealed-
enclosure loudspeaker systems. The first two
parts dealt with the mechanical and electrical
design of a moving-coil direct-radiator loud-
speaker, its performance both unmounted and
mounted in a sealed enclosure, the use of two or
more loudspeakers in a multi-way system and the
cross-over networks demanded by such systems.
In part 3 we discuss the measurement and speci-
fication of loudspeaker/loudspeaker system per-
formance and include a section on digital
measurement technique. The series ends with
some discussion of direct and reflected sound,
listening room and hall acoustics.

5 Specifications and measurements

5.1 National and international standards

In Europe, DIN 45573 and DIN 45500 are the

standards mainly used to define hi-fi. A small
label, affixed to hi-fi equipment is commonly
used to indicate that the appropriate standard
has been complied with. It is not proposed to
provide a translation of these standards in this
publication but a number of interesting points
arising from them will be discussed.

High fidelity standard pin 45500 defines the
requirements for frequency response measured
in a half-free (27 steradian) field by the use of a
standard curve (Fig. 5.1). When a frequency
response curve has been determined for a loud-
speaker system, the curve of Fig. 5.1 is overlaid
on it. The two curves must obviously be drawn
to the same scale. The middle line of the stan-
dard is adjusted to the average of the loud-
speaker system response and the system re-
sponse is defined as conforming to the hi-fi
standard if it lies within the upper and lower
limits of the standard.
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Fig. 5.1. High fidelity standard pi~ 45500. The loudspeaker
response should lie between the lower and upper limits when
its mean level coincides with the central straight line.

* Philips Loudspeaker Development Laboratories,
Dendermonde. Belgium.
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Fig. 5.2 shows the frequency response curve
of a typical 3-way sealed enclosure loudspeaker
system. Figure 5.3 shows that the system con-
forms to pIN 45500.
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Fig. 5.2. Response curve of a high fidelity, multi-way,
sealed enclosure, loudspeaker system.
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Fig. 5.3. The response curve of Fig. 5.2 superimpo.wdlon
the i~ 45500 characteristic (Fig. 5.1) shows that the loud-
speaker system conforms to the high fidelity standard.

The standard curve is often drawn on a trans-
parency or a transparent plastic sheet for easy
use in the laboratory. It can then be laid directly
over a loudspeaker system response on recorder
paper, provided both the standard and the re-
sponse are to the same scale.

There are many types of loudspeakers and
loudspeaker systems presenting a wide choice of
performance intended for different acoustical
environments. Predictably, various test meth-
ods have evolved to test the loudspeaker in
various environments, Two conditions are often
referred to
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(1) The half-free field or 2n steradian field in
which the acoustical conditions on the for-
ward side of the loudspeaker approach
those of free space. The condition is illus-
trated in Fig. 5.4 where the loudspeaker is
baffle mounted and fixed in the ground in
an anechoic environment.
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Fig. 5.4. Half-free fie)d measurement on 2 single loud-
speaker.

(2) The free-field or 4n steradian field is de-
fined in 1EC publication 268-5 (sub-clause
3.3). The acoustical conditions approach
those of free space.

In both cases the measurement is performed in
anechoic conditions so that they reflect the
intrinsic characteristics of the loudspeaker, un-
affected (as far as possible) by reflections. How-
ever, it is possible to obtain pure loudspeaker
characteristics from measurements in a normal
environment where some reflection is present by
using modern signal processing techniques. This
is discussed in Section 6.

The half-free field and free field are widely
used standard conditions and, in fact, conver-
sion can be made between the two methods.
Fig. 5.5 shows a curve which may be used,
under certain circumstances, 1o convert a 4n
steradian characteristic measured on-axis on a
sealed enclosure or bass reflex loudspeaker
system to the equivalent 2n steradian charac-
teristic for the system. The conditions under
which the conversion is valid are that the en-
closure has a maximum front area of about
30 % 60 cm, the smallest dimension of which (d)
is used to derive the transition frequency
Jfo=120/d Hz. The dimension d must be
measured in metres and the sealed enclosure
should not exceed a volume of 40 to 50 litres. It
is also important that where a conversion has
been used to obtain a particular type of charac-
teristic, this is explained by the manufacturer
concerned.
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cies which are 8 dB below the mean response. {o derive this response from a "“white™ noise signal.

53



5.2 Standard test conditions

The standard atmospheric conditions for testing
are:

Temperature, 20-25 °C

Relative humidity, 45-75%

Atmospheric pressure,

860-1060 mbar (86-106 kPa)

The acoustic environments can, as has already
been stated, take different forms.

5.2.]1 UNMOUNTED TESTS

An easy and reproducible test is to measure the
response of an unmounted loudspeaker in an
anechoic room. The test lends itself easily to
quality control measurements. A response curve
obtained using this method to test a 4-inch, full-
range speaker is given in Fig. 5.7(a).
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Fig. 5.7. The frequency response of a 4-inch full-range loud-
speaker type AD40500M4. Curve (a) is a 4nr steradian
measurement made with the loudspeaker unmounted.
Curve (b) is a 2n steradian measuremen( made with the
loudspeaker mounted on an 1Ec baffle. Both are on-axis
characteristics measured in an anechoic room.



5.2.2 MOUNTED TESTS

Loudspeakers can be tested mounted on a baffle
or in a sealed enclosure under half-free or free
field conditions. Figure 5.7 offers a comparison
between the unmounted test and the result when
the same loudspeaker is mounted on an IEC
baffle. There are also tests which seek to sim-
ulate the response of a mounted loudspeaker in
a typical setting - a living room for example.

Figure 5.8 enables some comparison to be
drawn between a sealed enclosure mounted
loudspeaker system in an anechoic room, in a
reverberant room, in a half-free field condition
and in a simulated living room environment.

For various reasons, the measurements were
made using different power levels and different
microphone-speaker distances so a direct com-
parison is not really possible but the effects of
the different environments are clear enough.
The familiar anechoic room response (a) is com-
pletely broken up by reflections in a reverberant
room (b) and bears some comparison to the
effect obtained when performing the measure-
ment in a normal living room (d). The 2m stera-
dian field measurement (c) exhibits a drop in re-
sponse around 400 to 500 Hz.

A typical living room is, of course, rather dif-
ficult to define and no generally accepted stan-
dard has yet emerged. The results of living
room measurements should be accompanied by
a rather fuller description of the test set-up than
would be necessary were one able to quote a
suitable, universally acclaifhed, specification.
One aspect that certainly has a marked effect on
the measurements obtained is the deployment
of the loudspeaker system with respect to the
walls, floor and ceiling of the room. Figure 5.9
compares on-axis sound pressure level/fre-
quency characteristics measured with a loud-
speaker mounted in several different positions
in a living room type environment. The loud-
speaker mounted on the floor (a) shows some
boost in the lower frequency zone around 60 to
70 Hz and around 200 Hz, when compared to
measurements made with the loudspeaker
mounted 0,6 metres off the floor (dashed line).
With the speaker moved back against the wall
(b) the speaker characteristics shows further

boost at the lower frequencies, which is in-
creased again when the speaker is set in Lhe
corner of the room (c). The sound is reflected
from adjacent surfaces forming ‘image’ sources
so that the effect is of a larger more directional
source particularly as far as the low frequencies
are concerned.

The ‘living room’ conditions used by Philips
for loudspeaker tests are the result of an ex-
haustive study of conditions in genuine living
rooms. The measurement conditions are design-
ed to avoid the setting up of standing waves and
the reverberation time is an average taken from
many measurements made in genuine living
rooms. Although, of course, one would be very
unlikely to come across the average living room,
the simulation of an average living room is a
useful exercise. Figure 5.10 is the result of rever-
beration measurements in many European liv-
ing rooms.

5.3 Resonance frequency and rated impedance

The simple circuit arrangement shown in Fig.
5.11 is used to measure both the resonance fre-
quency and the rated impedance. A one ohm
resistor is connected in series with the loud-
speaker, or system, and a variable frequency
signal generator. The frequency is swept slowly
from 0 to 20000 Hz and the resonance fre-
quency is indicated by the first minimum volt-
meter reading.

The rated impedance ascribed to a particular
loudspeaker type by a manufacturer, is a nom-
inal value. The modulus of the lowest value of
electrical impedance measured on a loudspeaker
at any frequency above the bass resonance fre-
quency is no less than 80% of the loudspeaker’s
rated impedance. A typical speaker impedance
curve is shown in Fig. 5.12 illustrating the point
at which speaker impedance is measured.

5.4 Speech coil resistance

The speech coil resistance is normally measured
with a d.c. ohmmeter and will normally be
about 15 to 20% lower than the rated impe-
dance.
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401060 mV spL of 96 dB relative 1o 2 x 10~% pubar (20 pPa) is
obtained between 100 and 8000 Hz at a distance
of 1 metre. The fundamental frequency is fil-
AUDIO Toom [I;Q Spakar tered out and the resulting signal represents the
OSCILLATOR teet distortion. The nature and causes of loud-
speaker signal distortion are discussed in Sec-

7278857

tion 2.11.
Fig. 5.11. The measurement of resonance frequency and
rated impedance can be determined with this simple circuit. . < %
The oscillator should have a low output impedance. 5.7 Directivity

Loudspeaker directivity, and its measurement,
have been discussed earlier (Section 2.10). The
loudspeaker, clamp-mounted on the centre of a
turntable, is energized by a constant-frequency
constant-amplitude signal and the loudspeaker
is rotated through 360° while the microphone,
fixed at a distance of 1 metre from the loud-

5.5 Magnetic flux density speaker, feeds the varying acoustic response 1o

The magnetic flux density in the air gap is meas- a polar recorder. Unmounted, the loudspeaker
ured over the air-gap height with a differential exhibits the effects of acoustic short-circuiting
search coil and a reflecting galvanometer. at low frequencies and increasing directivity at

high frequencies. Figure 2,15 illustrates these
effects clearly for a quality full-range speaker.
To determine distortion, a sinusoidal signal is Figure 5.13 illustrates the polar response of a 1-
applied to the loudspeaker so that an average inch dome tweeter at five different frequencies.

5.6 Distortion
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Fig. 5.13. Polar response of a l-inch dome tweeter at five
different frequencies.

Again directivity increases with frequency ant!
the polar response at 18 000 Hz shows marked
directivity, two well-defined side lobes and no
measurable back radiation. At 1000 Hz the
polar response is far more even, being at a
maximum at the front of the loudspeaker with
two minima at the rear.
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5.8 Measurement of QOr

The total quality factor, Or, of a louaspeaker
(or system of loudspeakers) mounted in an en-
closure may be determined as outlined in Sec-
tion 3.6. Expressions are given which are rele-
vant to both the constant current condition
(high signal source impedance) and the constant
voltage condition (low signal source impe-
dance). The latter condition is more relevant to
modern, solid-state amplifiers.

5.9 Dynamic mass

The dynamic mass of a loudspeaker My is com-
prised of the mass of the air load M 'mz and that
of the moving parts of the loudspeaker Muz. To
determine the dynamic mass of a loudspeaker it
is first necessary to find out its resonance fre-
quency, f,, then the resonance frequency, fm,
which is observed when a mass m of a few
grams is added to the speaker cone. The
dynamic mass is then given by
mf
My=Muc+ M'vg=-—"- (5.1)
S% =S

(see Section 3.3.1).

5.10 Mass of the speech coil and cone

The mass of the moving system of a loud-
speaker can be obtained simply by weighing
those parts, but where one is confronted with an
assembled loudspeaker the weight of the
moving parts can be calculated from eq. (5.1):
My = Myc + M'wr. The mass of the air load,
M'ug, is given by eq. (3.14) as 2x 1,58 kg,
where r is the effective cone radius in metres.
The mass of the moving parts, Muc, is then
derived by subtracting M'yx from M.

5.11 Mechanical compliance of suspension

1If the resonance frequency and the dynamic
mass are known, since, from egs (3.11) and
(5.1),

1
Jo = Vi
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m/N. 5.2
g Mo (5.2)

5.12 Transducing constant B/

The force F exerted when a current /i flows
through the speech coil is given by the expres-
sion

F = Bli newtons.

If a loudspeaker is mounted cone upwards, and
a known weight /1 is added to the cone, the cone
will be displaced downwards. The direct cur-
rent, i, which restores the cone to its original
position enables the transducing constant to be
evaluated from the following expression:

9,8m
Bl = =, (5.3)

]

The added mass is m kg, the factor of 9,8 being
needed to convert this to newtons.

5.13 Mechanical resistance of the suspension

The mechanical radiation resistance of the sus-
pension cdn be measured by making measure-
ments on an unmountied loudspeaker. From eq.
(3.38) we know that

wo' My
On

A=

from which, for an unmounted loudspeaker we
get

(.(JO(MMC + 3,15 ."3)
Rus + Rur = (5.4)

Ori

where Rug is the mechanical radiation resistance
of an unmounted loudspeaker and is about
8,45% 1076 + r¢f* m.k.s. mechanical ohms and
can thus be ignored.



6 Digital testing techniques

[t is hardly surprising that the measurement of
loudspeaker performance is yet another applica-
tion where the computer offers advantages of
speed and reliability over traditional methods.
Loudspeaker or speaker system characteristics
can be derived from a mathematical analysis of
the system response to a single pulse input.
Further, the loudspeaker response sampling
time can be controlled to ensure that reflected
sound is excluded from the analysis, and avera-
ging techniques can be used to offset random
background noise. The isolated anechoic room
is no longer as essential in the measurement of
loudspeaker performance.

6.1 Principles of operation

A loudspeaker (or a complete system) can be
completely characterized by a complex transfer
function T = Sy/Sx. Sx and Sy are the Fourier
transforms of the input and output as illus-
trated in Fig. 6.1.

Figure 6.2 is a simplified illustration of the
analysis process. A fast sampling technique is

sample stored

used to acquire and store the loudspeaker out-

put signal. The result of an analogue-to-digital

conversion of each sample is stored in memory

and, after sampling, the Fourier transforms of

both input and output signals are evaluated to

obtain the transfer function, 7. From this

various loudspeaker characteristics can be

evaluated and displayed or plotted on suitable

peripheral equipment, namely

- the sound pressure level (spL) which corre-
sponds with the modulus |7,

- the phase response (¢) which corresponds
with the phase operator of 7,

- the time delay which corresponds to dp/dw.

JL xtt)

——

NApn~ vit)

acoustic output
{Sy)

electrical input
(Sx]

7Z79858

Fig. 6.1. A loudspeaker - or loudspeaker system - can be
characterized by a complex transfer function. 7 = Sy/Sx.
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Fig. 6.2. Loudspeaker (or system) characteristics can be
produced by the analysis of the response to a pulse input.
The speaker response is stored as a sequence of digital
numbers and the stored data analysed using a fast Fourier

transform.
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6.2 Input signal

The most convenient input signal for the pur-
poses of analysis is a square pulse as this com-
prises a distribution of sinusoidal signals with a
iv.juency/amplitude relationship conforming
to the function [sin x/x|. Appropriate choice of
the pulse width thus ensures a fairly flat fre-
quency/amplitude characteristic for the audio-
frequency part of the input signal. Referring to
Fig. 6.3, a pulse width of 10 us (1/7 = 100 kHz)
ensures a fairly flat response between 0 Hz and
20 kHz (P and Q in Fig. 6.3(b)) so that the out-
put requires little or no correction for non-
linearity in the input signal. Even better
linearity is obtained with a shorter pulse but the
pulse width and amplitude must be large
enough to impart sufficient energy to the loud-
speaker for the output to be useful for analysis.

7275859
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time 0 1 2/t ¢ 31
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Fig. 6.3. The input signal is a rectangular pulse (a), this
having sinusoidal components which correspond in magni-
tude to the function |sin x/x| (b) in the frequency domain.
A 10 ps pulse (1/¢ = 10° Hz) gives a reasonably flat audio-
frequency (0 (o 20 kHz) distribution.

6.3 Sampling

The spL generated by the loudspeaker is sensed
by a suitable microphone and applied to an
analogue-to-digital converter which performs
conversions at regular time intervals A¢, The
sampled data is stored. The faster the sampling
process (i.e. the smaller Ar in Fig. 6.4(a)) the
more accurately the loudspeaker output is
characterized by the stored data.

Constraints inevitably exist which limit the
sampling rate, but it can be shown mathematic-
ally thar slightly more than two samples per
cycle are sufficient to fully describe a sinewave.
In otheY words the minimum sampling fre-
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quency is slightly more than rwice the maximum
frequency (usually 20 kHz) that can be plotted.

Sampling time - the period over which the
waveform is observed - is also subject to con-
tradictory requirements. Obviously a long
sampling period is essential to detect and
process a low-frequency signali component.
However, practical considerations limit the
sampling ‘window’ to a reasonable time, 7,
and, sampling has to cease before any reflected
sound arrives at the microphone so that the
sound sampled is only direct sound from the
loudspeaker. Further to this, the window
dimension, 7, dictates the spacing, A/, of the
processed output data in the frequency domain
- see Fig. 6.4(b).

6.4 Eliminating random noise

When making measurements, noise problems
can arise if the input signal has insufficient
energy. In this case repetitive measurements can
be made, the results being cumulatively summed
in store. Random sound data tend to average
out while significant data are added. The result
is a very close approximation to the pure loud-
speaker response but it is important to dimen-
sion the time window correctly to ensure that -
the sound being received does not include any
reflected sound.

6.5 Computation of the transfer function

Using an FFT algorithm, both amplitude
(normal anechoic sound pressure) and phase
can be computed and plotted on suitable ter-
minal equipment. The time delay (de/dw) can
also be derived fairly simply from the same pro-
cess thus presenting a comprehensive set of
characteristics very rapidly.
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Fig. 6.4. The loudspeaker output (a) is sampled at At inter-
vals within a time window 7. The frequency response (b)
obtained from the analysis of the loudspeaker output is
constructed from data spaced in the frequency domain by
Af. The frequency response shown is plotted linearly; it
could also be plotted logarithmically. Sampling frequency
limits the highest detectable frequency (fmax < 0.5 Af);
T limits the lowest detectable frequency and determines the
interval Af.

Besides the benefit of speed it should be
noted that when a suitable sampling window is
used this technique produces a genuine free
field characteristic. This is not often the case
with the anechoic room where standing waves
are usually present at low frequencies.

A further consideration in favour of the
digital technique is that the data is easily stored
on whatever computer storage medium is con-
venient, and can be extracted and replotted for
comparison, further analysis and so forth,
without recourse to the test set-up.

6.6 Decay response

Digital techniques lend themselves to an

analysis of the decaying waveform and hence of
loudspeaker resonances and enclosure reflec-
tions which are otherwise difficult or impossible
to obtain. Sound is a pressure variation func-
tioning in frequency and time. A three dimen-
sional model, frequency-time-spL, can be plot-
ted using digital signal processing techniques.

The speaker is energized by a signal com-
prising the complete audio spectrum with a
reasonably flat amplitude/frequency charac-
teristic and the normal (axial) spr is observed. If
at time [ the signal applied to the speaker is
reduced instantaneously to zero, the speaker
output decays in a complex manner, the decay
being characterized by resonances set up within
the electrical/mechanical/acoustical system.

Using the signal sampling and analysing tech-
niques already discussed a 3-dimensional ‘land-
scape’ of the acoustic pressure at the micro-
phone can be constructed. Such characteristics
are shown in Fig. 6.5 for a full-range speaker (a)
and a dome tweeter (b).

Samples taken at regular intervals provide for
complete analysis resulting in the ‘landscape’
characteristic, showing time contours of the
decaying spL across the complete frequency
spectrum. Lines behind the contours are omit-
ted as these would confuse the print-out.

Resonances usually masked in normal sound
curves, show up in the landscape as ridges of
constant frequency, (parallel to the time axis)
and reflections show up as ridges at regular time
intervals parallel to the frequency axis. The
landscape thus formed tells us a lot more about
the loudspeaker (or system) character than the
traditional methods of measurement and cor-
responds very well to the way in which our ears
perceive sound.

Ideally the loudspeaker should exhibit a flat
steady-state spL with a fast fall off, uniform
across the frequency spectrum, after switch off.
Neither type of ridge should be present in tre
ideal case.

In constructing these characteristics signal
processing techniques have been used to remove
irrelevant data, thus presenting a clearer picture
of the free-space loudspeaker characteristic.
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7 Direct and reflected sound

Listening 1o sound from a point source in a per-
fectly quiet environment, the sound pressure
level has a component which is due to direct
.»diation from the source and a component
which is the sound reflected from the environ-
ment.

7.1 Direct sound

Consider a point source of acoustic power, W,
radiating evenly in all directions under free
space (zero reflection) conditions (Fig. 7.1). The
energy density, E, at a distance r from the
source can be derived from the expression

wdt = E4nrcdt

where ¢ is the velocity of sound (344 m/s).

cdt

7279862

Fig. 7.1. Energy density a( distance r from a point source =
W/4nr2e,

Rewriting the expression, we get

w
E'= ; 7.1)
dnric (
We can also define energy density as
p?
E=— (7.2)
oc?

where p is the alternating (sound) pressure in
N/m? (or Pa) and p is the density (normally
about 1,18 kg/m?).

From Section 1, eq. (1.15) we observe that the
intensity of sound is given by the expression

I=—.
oc
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Thus, from eqs (7.1) and (7.2) we can write
W

4mr?

or

WO

4mr?

I (7.3)

where Q is the directivity factor of a directional
source: that is, the ratio of the intensity of
radiation in the considered direction from the
directional source to that which would be ob-
served at the same point if the source was of the
same power but omnidirectional.

7.2 Reflected sound

Taking the same source considered in Section
7.1 and placing it in a natural environment will
cause reflected sound to be propagated in the
space surrounding the source. With the source
radiating the same acoustic power, W, the
energy density at any point will be the sum of
that contributed by the direct sound (W/4nr?c)
and that due to reflected sound.

If the source is switched off the sound energy
density decays exponentially, i.e.

s Eoe_‘”

where E, is the energy density at the instant of
switch off.
The reverberation time, 7, is the time it takes
the sound to fall by 60 dB after the source has
been switched off. Thus 7 = 10-¢, and the
reverberation coefficient, «, is 61In 10/7. The
reverberation time for a particular room will
vary with frequency so that for a particular
sound it will depend on the frequency content
of the sound.

The rate of energy absorption after switch-off
is given by

dE
— = =aE,e™™

and thus, at the moment of switch off (¢ = 0)
the rate of absorption is @E,. This corresponds



to the rate of absorption while the source of the
sound is radiating and thus,

wdt = aE, Vdt

where ¥ is the volume of the room. Manipulat-
ing this expression and substituting 6In 10/T
for o, we get an expression for the energy
density of reflected sound due to a sound source
of known output W in a hall or room of known
volume V and reverberation time T
wT
E=0,072—. (7.4)
Vv

Other expressions applicable to the reflected
sound are as follows:

Average free path length
4V

d=—,

(7.5)
S

(S = total surface area of the walls of the room).

Absorption

A =S{-In(l - &)

v
=S¢ where @ < 1| (7:6)

(a is the average absorption coefficient of the
room).

Reverberation titne
v
T=0,16— (1.7)
A
or

T=0,16———
A+ 4Vm

where V is the volume of the room in cubic
metres, A is the absorption square metres, and
m is the absorption of the air.

Room constant

Sa

R = ~ (7.8)
l—-a

[fa<l

R=

Reflected energy intensity
p: W
=—=— (7.9)
doc R

7.3 Direct radiation field

The listener in a hall or room will receive both
direct sound from a loudspeaker and reflected
sound. The ratio of direct to reflected sound
will depend on the placement of the loudspeaker
and the listener’s position relative to it. Close to
the loudspeaker direct sound will swamp the
reflected sound. Further away the ratio will
diminish. The locus of points at which the
direct and the reflected sound are equal defines
boundary within which the direct sound _is
dominant and outside which the reflected sound
is dominant.

The boundary for an omnidirectional point
source of sound can be calculated by equating
eqs (7.1) and (7.4). The radius ry of the area in
which direct sound is dominant is thus given by

ro = 0,057 I,J A-;.

For a practical loudspeaker system a directivity
factor must also be taken into account.

(7.10)

7.4 Total sound level

The total alternating sound pressure is the sum
of the direct and the reflected sound. For a
point at a distance r from the source, the sound
pressure due the direct radiation can be ob-
tained from eq. (7.3),

g 5
T dnr?r oc
Thus
WQoc
P —=
4nr?

The sound pressure due to the reflected sound is
derived from eq. (7.9),

p? w
I —
R

doc
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Thus the total sound pressure (direct + reflected)
is given by

4
= Wgc( £ + ~).
4nr? R

{zquation (7.11) can be manipulated to obtain

2w WurQC( 0 4)

(7.11)

_i_—._

P%:r H’;el‘ pzref 4nr? R

The sound pressure level (spL) and power level
(pwL), as defined in Section 1, are thus

Wisoc
+ 10|Oglo—f

rel P ref

Q 4)
-+ — .
4nr? R

0 4
SPL = PWL + loiogm( — + —)- (7.12)
dnr? R

spL = 10log,q

- IOIog,o(

7.5 Energy measurement in a reverberant room

A reverberant room used for loudspeaker

measurements is set up so that the indirect

sound is greater than the direct sound, i.e.
-2 i
R 4nr?

As the distance r from the loudspeaker to the

microphone is always more than 1 metre. and

R=A
eq. (7.12) can be rewritten,
PWL = spL — 10 log — |,
A

or using eq. (7.7),

25T
PWL = spL — [0log—.
V

Thus, for example, if V= 200 m?3,

PWL = SPL — lﬂlogg.

The last term is a correction factor enabling
conversion between a sound pressure curve and
the equivalent energy curve.
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8 Listening room acoustics

The listening room will normally be the living
room and, aparl from the placement of carpets,
hangings and furniture, there is little the listener
can do to adjust its acoustics.

8.1 Resonances in small listening rooms

In a listening room sound can travel not only
back and forth between opposite walls, it can
also travel around the room by reflection from
adjacent walls. At certain angles of reflection
standing waves may be set up. As there are two
pairs of “walls”, plus the ceiling and floor,
there are three groups of modes of oscillation.
The resonance frequencies of any rectangular
enclosure are given by the Rayleigh equation:

S CRCRCIR

where f, = nth resonance frequency (Hz)
¢ velocity of sound (344 m/s)
Vi room length (m)
W = room width (m)
H = room height (m)
and ni, nw and ny are the integers 0, 1, 2, 3 ...

]

The lowest resonance frequency produced, f, is
dependent on the length of the room and is de-
fined by the equation

c

2L
Putting ne =1, nw=0 and ny =0 in the
Rayleigh equation gives the same result as eq.
(8.2). A series of harmonics are also produced,
and these are found by giving the term m the
values 2, 3 ....

Table 8.1 gives the resonance frequencies of
the first 24 modes of oscillation for three dif-
ferent rectangular listening rooms, the sizes of
which are shown in Fig. 8.1. If the source of
sound is located in the corner of one of these
rooms, it will be possible to excite every mode
of oscillation.

These standing waves greatly modify listening
conditions, particularly at low frequencies,
Their amplitudes depend on the absorption.

Je (8.2)
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Fig. 8.1. Sizes of three listening rooms used for comparison.

Table 8.1 The first 24 modal frequencies in
three typical listening rooms

Room = Room = Room =
6,75%x3x2,6m T%x3,75%2,7m 9x5x3,6m
frequency frequency frequency

(Hz) mode (Hz) mode (H2) mode
25,19 1.0.0 24,29 1.0.0 18,90 1.0.0
50.40 2.0.0 45,33 0.1.0 34,00 0.1.0
56,67 0.1.0 48,57 2.0.0 37,80 2.0.0
62,00 1.1.0 51,43 1.1.0 18,90 1.1.0
65,39 0.0.1 63,00 0.0.1 47,22 0.0.1
70,10 1.0.1 66,44 2.1.0 50,83 2.1.0
75,56 3.0.0 67,48 1.0.1 50,86 1.0.1
75,80 2.1.0 72,86 3.0.0 55,70 3.0.0
82,54 2.0.1 77,59 0.1.1 58,20 0.1.1
86,52 0.1.1 79,52 2.0.1 60,50 2.0:1
90,10 1:1.1 81,29 1.1.1 61,20 L
94,44 3.1.0 85,80 3.1.0 66,10 3.1.0
99,92 3.0.1 90,67 0.2.0 68,00 0.2.0
113.3 0.2.0 93,86 1.2.0 70,60 1.2.0
114,9 3.1.1 96,30 3.0.1 73,76 j.0.l
l16,! 1.2.0 102,9 2.2.0 7739 2.2.0
124,0 2.2.0 106,4 3.1.1 81,22 3.1
130,7 0.0.2 110,4 0.2.1 82,79 0.2.1
130,8 0.2.1 116,3 3.2.0 88,52 3.2.0
132,2 1.0.2 120,6 2.2.1 91,00 2.2.1
136,2 3.2.0 1259 0.0.2 94,44 0.0.2
140,1 2.0.2 128,3 1.0.2 96,32 1.2.2

140,2 2.2:1 132,3 2.1 100,3 321
142,5 0.1.2 133,8 0.1.2 100,4 0.1.2

Each mode of oscillation has a different distri-
bution of sound pressures, and its own damping
constant depends on the absorption in the room
and the room volume. Also, when the sound is
cut off, the sound pressure in each mode decays
exponentially at a rate depending on its own
damping constant.

In a typical small room differences in sound
pressure levels of as much as 25 dB have been
measured. During the decay process, where two
modes are close together, beats between the
modal frequencies can occur. In a large room,
the beat effect will be negligible since there is
better diffusion, but in a small room, there are
fewer frequencies below about 120 Hz (low
limit for male speech) and the spectrum is dis-
continuous. Bass boom on speech occurs
around this frequency and, because of the dis-
continuous spectrum, ‘large room sound”
cannot be achieved in a small room,

The modal frequencies of the three rooms
being considered can be drawn as ‘spectra’;
Fig. 8.2 shows how the large room has the
smoothest distribution of its natural resonanccs,
whilst the small room will be boomy on male
speech. The first 50 frequencies are given.

In the case of a very large room, the first
resonance frequencies are infrasonic. That they
have no effect is important, but what is more
significant is that the amplitude of the higher-
order modes which can be heard are obviously
much reduced. Naturalness can be achieved
only in large rooms; coloration is unavoidable
in small rooms.

9x5x360m

(i
T i
T
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10 20 50 100 200
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7z 79864

Fig. 8.2. The first 50 modal frequencies of the three listen-
ing rooms shown in Fig, 8.1.
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8.2 Listening room properties

Since a spectrum in which the resonances are
uniformly distributed is preferable to one in
which they are grouped together in narrow
ands separated by large gaps, it follows that
the worst shape for a room would be a cube.
This is because, since all dimensions are the
same, resonances will occur at the same fre-
guencies. Fortunately, cubical rooms are
seldom found.

A distribution of resonances of minimum 10
per 1/3 octave provides a good room character-
istic. It can be calculated that the best distribu-
tion of resonance for a small room is obtained
with the dimensions of the length, width and
height in the ratio of 1,6:1,25:1; for an
average room 2,5:1,6: 1, and for a large room
3723 1,251,

The three room sizes indicated in Fig. 8.1 may
be compared. The smallest room has the pro-
portions 2,6:1,2:1, whilst the other two have
proportions of roughly 2,5:1,4:1. As we have
seen, both the larger rooms will have a more
uniformly distributed spectrum and there will
be less coloration of the sound.

A standing wave at mains frequency is to be
avoided as, otherwise, hum present in the loud-
speaker output will be considerably magnified.
A room with one or more dimensions of 3,44
metres is thus not ideal where the mains fre-
quency 1s 50 Hz.

8.3 Reverberation and absorption

The reverberation time of a listening room is
defined as the time taken for a sound to die
away to one-millionth of its original intensity.
Such a value represents a decay from a com-
fortable listening level to the threshold of
audibility. Somewhere between the deadness of
a short reverberation time and the uncertainty
of a long reverberation time lies an optimum
value for listening.

Ideal acoustic conditions are those that lend a
degree of ‘liveness’ to the sound without de-
tracting from the clarity, and here we find that
the criteria vary with application. If slow organ
music is being played, acoustic properties which
reinforce the musical characteristic by allowing
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the pipes to ‘resound’ through the listening area
may be seen as desirable but the same charac-
teristics may completelv mar the articulation of
rapid speech. If the echoes of one syllable have
not been absorbed before the next is enunciated
the resulting sound is indistinct and hard for the
listener to understand.

The optimum reverberation time thus de-
pends on the ‘programme’ being delivered and,
in fact, on room size and frequency. Where in-
telligibility of speech is the only consideration,
there is no limit to the absorption which can be
tolerated if sufficient acoustic power is available
from the source.

In considering the effects of room acoustics,
it should be remembered that the recording
engineer and, in the broadcasting context, the
control room engineer, have at their disposal,
control of reverberation. Artificial reverbera-
tion can be used to good effect and, although
the reverberation time of a music studio is
nearer that of a concert hall than a small living
room, skill on the part of the recording engineer
results in surprisingly good reproduction of
music in listening rooms whose dimensions
would lead one to expect the contrary. The same
recording, played in very large rooms, with
longer reverberation times will not necessarily
sound natural. A reverberation time of 0,5
seconds at 1000 Hz in a room with a volume of
about 100 m? has been suggested, falling further
as the volume is reduced. Many broadcasting
authorities and recording companies adopt a
reverberation time of 0,4 seconds for the room
in which the monitor loudspeakers are heard.
This is considered to simulate average condi-
tions in the majoritv of listening rooms in which
the programme material will be reproducedu.

Absorption at low frequencies is considered
to be due to mechanical resonances in the build-
ing structure, where relatively large masses are
moved by the resonance effect (e.g. windows,
panels, etc.). To balance the low frequency ab-
sorption, heavy curtains in generous folds will
provide mid and high-frequency absorption.
A balance must be obtained. A building of
modern construction is less likely to suffer from
structural resonances, and if the use of curtain



material is overdone there will be a distinct lack
of mid-range frequencies in the reproduced
sound. A luxuriously furnished large modern
appartment need not necessarily provide the
best listening conditions. Loss of mid-range fre-
quencies can also be the result of too great an
area of fitted carpet, whereas the use of separate
rugs might be acoustically preferable. Loss of
mid-range frequencies can be partially com-
pensated by using the presence control on the
amplifier.

8.4 Source positioning and checking

A corner position for a loudspeaker in the home
has three advantages. Firstly, it is the position
of least domestic inconvenience; secondly, the
maximum number of room resonances can be
excited and a smoother distribution obtained;
thirdly, and probably of greatest significance, is
the enhancement in bass response.

When a speaker is mounted close to a wall the
effective radiating area is theoretically doubled
at low frequencies, owing to the reflection of
the wall. A room corner has three mutually per-
pendicular surfaces and thus the effective
radiating area for a corner speaker is doubled
three times. A gain of 8 would, however, only
be possible if the surface had a reflectance of
100%. Allowing for the absorption of the walls,
together with that of fitted carpet, adjacent cur-
tains, etc., which reduce the effect, a reflectance
of 50% would be more likely, thus leading to a
gain of 3 to 6 dB (2 to 4 times).

Another effect of placing a loudspeaker close
to a wall or in a corner is to increase radiation
impedance, particularly at low frequencies,
which contributes to better efficiency of low
note reproduction.

In a small room the'comparative isolation of
low resonance frequencies may cause trouble;
powerful peaks occur at these frequencies which
may be objectionable. If this is the case, an
alternative position for the loudspeaker must be
found and the positions near to the centre of the
long wall of the room should be tried; their best
positions can only be found by experiment.

The correct phase connection is important, of
course, for stereo reproduction. The correct

connections are usually indicated clearly by the
manufacturer. Where this is not clear, if the two
speakers or speaker systems are placed side-by-
side and fed with a common signal, they will ex-
hibit attenuated low-note reproduction due io
acoustic short-circuiting if they are connected in
antiphase. Reversing one of the loudspeaker
connections will connect them in phase and
dramatically improve the sound.

8.5 Power requirements in a living room

The power requirements depend on the maxi-
mum loudness level required in the listening
room. Factors determining the maximum loud-
ness level include:

- the dynamic range of reproduction required,
- the background noise level,

- the volume of the listening room,

- the reverberation time of the listening room.

8.5.] DYNAMIC RANGE

A dynamic range of about 70 dB could be ex-
pected from a large orchestra performing in a
concert hall, but the dynamic range of recorded
music is less than this. High quality tape record-
ings played on professional machines have a
dynamic range of about 60 dB at the most, and
domestic tape recorders provide considerably
less. The same applies to disc recordings, where
a dynamic range of 55 to 60 dB is possible. Both
am and FM radio transmissions have amplitude
limiting and volume compression applied, so it
is unlikely that the listener will experience a
dynamic range greater than 60 dB. Modern
digital techniques (Philips Compact Disc, for
example) may provide substantial improve-
ments in the future.

8.5.2 BACKGROUND NOISE LEVEL

The background noise level depends upon the
location of the listening room, country sur-
roundings obviously being quieter than tov
[n addition to noise arriving from sources out-
side the room, the movement of persons, shuf-
fling of feet, breathing and so on, contribute to
the noise level. Table 8.2 gives typical noise
levels for various backgrounds.
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Table 8.2 Loudness levels of various back-
grounds

noise source phons
r-ference threshold al 1000 Hz 0
hireshold of people with very good hearing 5
guiet house, country, midnight 20
quiet house, country, early evening 25
recording studio ‘ 30
quiet living room 30*
average living room 40
quiet conversation 50

The lower the background noise, the more enjoyable will
be the reproduced music, because the full dvnamic range
of 60 dB can be obtained withoul exceeding the preferred
maximum listening level of 90 dB.

8.5.3 CALCULATION OF NECESSARY ACOUSTIC
POWER

The acoustic power necessary (o provide an sPL
of 2x 1075 N/m? (Pa) - the hearing threshold at
| kHz - can be calculated from equations given
in Section 7. From eq. (7.9) we obtain,

P W

4pc R

and as

2x 10" N/m? (Pa)
1,18 kg/m?
344 m/s

p
e
¢

U]

]

and generally
R = A,

then we can substitute eq. (7.7) to get

Wiresnola = 4 x 10719 — waltts. (8.3)
i

Equation (8.3) establishes the threshold level
from which the final power is.to be derived.
First let us consider the reproduction of music
in the listening room. If there is no background
noise and a natural pause in the music occurs,
the only audible sound will be electrical noise
from the reproduction system. If the system has
a satisfactory signal-to-noise ratio, there should
be no objectionable noise, but inferior equip-
ment may cause trouble at high volume settings.
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Needle scratch or tape hiss may also be present.
Add to this the background noise of the room,
which will usually mask the electrical noise,
especially if good equipment is used. The pro-
gramme must be satisfactorily reproduced
above this total level (estimated at 30 dB). The
maximum acoustic power level required, there-
fore, will be

H'}maa =

i 4
umr:sho]d + l;]'(iszckgh'cmncl =+ ”‘programme

where Wiackerouwna 15 the maximum background
noise power and W ogramme 15 the power required
to cover the full dvnamic range of the repro-
duced programme, as shown in Fig. 8.3. If the
background level is 30 phons and the dynamic
range of the programme is 60 dB, the peak level
will be a total of 90 dB above the threshold
given by eq. (8.3). The maximum acoustic
power required can be obtained from the
general expression
[/’

Winax = 4} x 10"1* acoustic watls (8.5)
where n is the peak sound level in bels above
threshold, equal to background level plus
dvnamic range.

Consider the listening room 7 m long, 3,75 m
wide and 2,7 m high, previously discussed. Its
volume is 70 m® and, if the room is comfortably
furnished with a preponderance of soft furnish-
ings, a reverberation time of 0,4 second can be
assumed. The acoustic power required for
reproducing a programme with a dynamic range
of 60 dB over a background of 30 phons will be

4x70x10°-14
0,4

= 7% 1073 acoustic watts.

max =

8.5.4 ESTIMATING THE POWER HANDLING
CAPACITY

Having established the acoustic power required,
we can now determine the loudspeaker power
handling capacity. Taking the efficiency of the
speaker system as 1%, the electrical power
input will be

100x7 mW = 0,7 W.
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Fig. 8.3. Factors determining maximum acoustic power.

The following discussion is based on the desire
to obtain the greatest realism in the reproduced
sound and applies to only high fidelity installa-
tions. It is realized that there are very many
applications where the specifications may be
relaxed, but it is important to remember that
the power handling capacity of the speaker
must always be adequate, and preferably with a
small margin, to accept the peak output power
of the amplifier without distortion.

It can be seen from the Fletcher-Munson con-
tours in Fig. 8.4(a) that the 90 phon curve is
substantially flat over the bass region and so the
relatively low electrical power of 0,7 W in the
above example will be adequate to reproduce
the signal at a level of 90 dB above the 1000 Hz
threshold over the whole band.

However, at 40 Hz the threshold is nearly
60 dB above the threshold at 1000 Hz and at
low volume levels over the bass region the sen-
sitivity of the reproducing system should be
increased, otherwise the signal may be in-

audible. The physiological volume control (con-
tour) has this property; the principles are illus-
trated inFig. 8.4. It is a good solution, but it is
more usual to employ bass boost using the
normal tone control to overcome this bass
deficiency. A bass boost of around 20 dB maxi-
mum is normally provided but, unless a contour
control is employed, the increase in output can
occur at all signal levels, not only those of low
volume. To prevent distortion under bass boost
conditions, the power handling capabilities of
the system should be increased. In the example
quoted, the peak power requirement becomes
0,7x10%> =70 W,

The ear is more tolerant of high volume levels
where stereo reproduction is concerned. If the
calculated power requirement of 70 W is applied
to each channel, the power handling capacity of
each speaker system and the power output of
each of the reproducing amplifiers under bass
boost conditions should therefore be 70 W peak
and the acoustic power requirements will be

s
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Fig. 8.4. Principle of a physiological volume (contour)
From (a), the effective loudness is substantially

control.

logarithmic above about 40 phons and by faking the loud-
ness at various frequencies for a given intensity and cor-
recting for the modified logarithmic response of the ear, as
shown in (b), the relative effective loudness as a function of
frequency can be determined as shown in (c). Curve (c)
clearly illustrates how a reduction in loudness causes loss of
bass. The response of the contour control (d) counteracts

this.
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correctly satisfied for each channel individuaily.
This does not mean that the full 140 W will ever
be required at one time, since the total signal is
divided between the two channels, but only that
if all the signal is required on one channel there
will be adequate output to meet the acoustic
power requirements. Such is the ideal case, but
in practice the power requirements can normally
be reduced. By how much depends on the posi-
tioning of the speakers. For a corner mounted
loudspeaker, a gain of from 2 to 4 times (3 dB

to 6 dB) can be expected, as explained in Section
8.5. The power requirements of the system can
thus be reduced by this amount from 70 W peak
(music power) to, say, 35 W. In practice, the
system would have a sinewave rating of 25 W
r.m.s. and will be operating at a verv much
lower level than even this most of the time.
Individual cases vary, however, and the speaker
positioning and room absorption should be
carefully considered before the calculated
power requirements are modified.



The mono case is slightly different. An intens-
ity level of 90 phons when reproduced by a
mono system sounds very much harder and
more irritating that when stereo is employed, or
when it is produced by a live orchestra, since the
Girectional discrimination of the ears is of no
importance if the sound is emitted from one
small source. This leads to a preference for
reduced levels of loudness and smaller fre-
quency range with mono reproduction. Some-
thing less than the calculated power require-
ment of 35 W peak will be required and in prac-
tice a 15 W installation would probably be con-
sidered satisfactory, if a corner speaker is used.

8.5.5 GENERAL RECOMMENDATIONS

From the foregoing it will be realized that there
is no instant method of determining the elec-
trical power requirements for a listening room.
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Fig. 8.5. Recommended power handling capacity ( W ) for

each corner-mounted enclosure of a stereo installation for
different room volumes assuming 1% efficiency.
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But a realistic estimate can be made. Figure 8.5
gives the recommended power handling capaci-
ties for each enclosure in a stereo installation,
assuming corner mounting and a conversion
efficiency of 1%.

It can be seen from Fig. 8.5 that a two-to-one
variation in power is given. This is intended to
cover the different furnishing conditions and
absorptive properties of the listening room. In
using this graph, special attention should be
paid to the speaker efficiency.

The power given will be sufficient to repro-
duce a programme with a full dynamic range of
60 dB over a background of 30 dB with 20 dB
bass boost. Individual cases can be calculated if
required, but what the graph recommends
should provide the listener with complete satis-
faction in terms of listening quality, and enable
him to get the very best performance from his
equipment.

9 Hall acoustics

As with a small listening room, the acoustics of
a large concert hall or theatre can have an ap-
preciable effect on the output of a loudspeaker.
A hall which exhibits all sorts of booming res-
onances and a long reverberation time is the
nightmare of the public speaker, whilst the life-
less response of a hall with few resonant qua-
lities may stifle a muysical performance. Loud-
speaker systems, and indeed complete public
address systems can be built to favour a par-
ticular hall or a particular type of hall.

9.1 Hall characteristics

Consider a loudspeaker system placed to radiate
sound into the auditorium of a hall and a micro-
phone placed outside the field of direct radia-
tion of the loudspeaker system, e.g. ‘on stage’
in the position an entertainer or speaker would
normally occupy. If the loudspeaker system
were fed with a pure sinewave varied smoothly
in frequency through the audio spectrum, the
sound picked up by the microphone would ex-
hibit a very capricious characteristic compared



with the loudspeaker output. The many signal
paths of the reflected sound which the micro-
phone picks up remain the same as frequency
varies, but the relative phasing of the signals
arriving at the microphone varies strongly with
frequency as does the en route absorption of
these signals.

The result of such a frequency plot will show
a peak surround pressure level of about 14 dB
above the average level. Although this figure is
merely a typical observation and not absolute, it
is a useful parameter for avoiding acoustic feed-
back. If the average sound pressure level at the
microphone is 14 dB below the threshold for
acoustic feedback this is generally sufficient to
avoid acoustic feedback at any point during the
performance. *

9.2 Intelligibility

The point at which sound becomes unintelligible
due to reverberation and other disturbing
influences is when the coherent sound from a
source is at a level, at the point of observation,
which is less than the non-coherent sound. The
coherent sound in this context is the direct
sound from the source and the reverberant
sound with a transit time of less than 50 ms. The
non-coherent sound comprises reverberation
due to the source which is delayed by more than
50 ms, plus general background noise received
either directly or as reflections from other
sources.

It should be noted that the reverberant sound
is the sum of all the reflected sound from the
source. The transit delay of 50 ms may well
evoke the thought that at 50 ms the resultant
sound pressure level will depend on path length
and frequency of the reflected sound. It does;
but what we are talking about here is the general
sound level as a result of the many phase dif-
ferences, cancellations and reinforcements that
prevail. Although it is difficult to be precise
about the point at which sound becomes un-
intelligible (because this partly depends on the
type of sound being considered) reverberant
sound which is delayed by more than 50 ms with
respect to directly radiated sound is considered
to have a destructive effect on the sound.
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Fig. 9.1. Curves for discernability in a 4900 m? hall. Curve
A - coherent sound/incoherent sound = 0,5; curves B, C
and D - coherent sound/incoherent sound = 1.

The interfering background noise will usually
be uniformly distributed throughout the hall
and the total background noise power can be
given as a factor, y, of the transmitted sound
power from the source. Background noise ob-
viously has an effect on intelligibility, as is
borne out in Fig. 9.1, where the distance from
the radiating source for intelligible sound, r,,
and that for unintelligible sound, r/, are plotted
against y for various values of reverberation
time, 7, for a 4900 m? hall. Intelligible sound
(at distance r,) is where the ratio of coherent to
non-coherent sound is 1. Unintelligible sound,
in this context, is taken as sound where the
coherent sound is at half the level of the non-
coherent sound.

Increasing reverberation time has already
been identified as reducing the intelligibility of
sound and Fig. 9.1 bears this out. A good con-
cert hall with a relatively long reverberation
time (2 seconds for example) is thus most un-
suited for use as a theatre, for which a rever-
beration time of 0,7 to 0,8 seconds is more ar:
propriate.

9.3 Acoustic and electro-acoustic techniques

A number of general points are very important
in connection with the acoustical properties of a
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hall. As they have already been discussed they
are presented here as a summary of important
considerations.

9.3.1 THE POSITION OF THE SOURCE OF THE SOUND

Tt = source of the sound in a hall, whether it be
an orchestra or the loudspeakers of a public
address system, is best positioned so that the
complete audience has an unimpeded view.
Where the source is obscured from view it is
likely that attenuation of the mid, and more
especially, the high-range frequencies, will
occur.

9.3.2 REFLECTED SOUND

Reverberation time should generally be kept
fairly short in accordance with the sort of
figures already discussed. Coherent sound
should be maintained at a high level with
general background sound and reverberant
sound of greater than 50 ms stifled as much as
possible. Positioning loudspeakers on walls or
in corners generally improves coherence by
increasing radiation impedance, and thus
efficiency, and increasing directivity and gain in
the direction of radiation.

9.3.3 HALL FURNISHINGS

If the seats in the auditorium are well up-
holstered to present a fair degree of acoustic
damping, then the acoustics in the hall will not
vary so much with the size of attendant
audience.

9.4 Sound amplification

Where a public address system is used to
amplify voice(s) and/or instruments in a hall,
the microphone is, of course, placed well out of
the field of direct radiation of the loudspeakers
in order to avoid acoustic feedback. The micro-
phone will pick up some sound indirectly. If the
sound which is to be amplified has an energy
density of E, at the microphone, and the loud-
speaker output, due to this input is an acoustic
power of W,, then we can say,

2

U 1 —
M: —_——_= —_ Eczz Eg 9-1
===l (usaVE) = B (9.1)

L L
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where R = loudspeaker resistance
1y = loudspeaker efficiency
u = amplification
5§ = microphone sensitivity
o = conversion factor between alter-

nating sound pressure p and the
square root of energy density |/ E..

The indirect field of the loudspeaker is obtained
from eq. (7.4):

T
E =0,072 W, - —
V

0,072 BE, - -
» O'V-

As the energy density at the microphone, E,,
must be 14 dB higher than that of the indirect
field E; at the microphone, we can say

£
— = 0,04
thus
T
0,072 4 — = 0,04
Vv
and
B = 0,556 —
This becomes
V O

1

for a microphone and loudspeakers with direc-
tivities of O, and Q, respectively. The term Q;’
is in fact a function of Q, which has to do with
the absorption of the area of hall into which the
loudspeaker is directed. This in turn is a func-
tion of the size of the audience and several other
parameters but generally O, can be equated to
Q, without much loss of accuracy.

The microphone must be placed in the direct
field of the source otherwise the useful sound
pressure is dramatically reduced and the ratio
between this and background noise is di-
minished. With the microphone in the direct



field the intensity at the microphone for an
omnidirectional source is as defined in eq. (7.1):

W

E, = .
4nric

The resulting useful acoustic power radiated by

the loudspeaker is then given by eqs (9.1) and

(9.2):

M = /BES
0,556 WV  On
T 4nrieT 0
On
T 9.3)
er? T 0,

The public address system necessary for a cer-
tain hall can thus be specified using the expres-
sions given here. The microphone(s) must be
placed in the indirect field of the loudspeaker(s)
and the possibility of acoustic feedback
avoided. The volume of the hall, V, and the
reverberation time, 7, are easily obtained. The
energy density of the sound source at the micro-
phone, E,, must be known and this involves
knowledge of the sound source itself and the
distance from the microphone. A normal

speaking voice delivers an acoustic power of
about 20 uW and can be raised to | mW when
shouting.

Typically, in a 5000 m? hall with a 100 W
amplifier and a loudspeaker efficiency of 1% a
singer would need to hold the microphone
about 2,5 cm from his or her mouth to obtain
the best from the public address system and ex-
clude acoustic feedback. The distanced may
vary and calculations can be made to derive the
necessary system parameters (microphone sen-
sitivity, amplification and so forth) for a much
larger separation between the microphone and
user.

[t is preferable that as few microphones as
possible are used, as each one will pick up some
background noise and thus add to the level of
non-useful sound amplified by the system.

The quality of the overall sound is obviously
dependent on the quality of the system as well
as the hall characteristics. Both calculation and
experiment can enable the optimum deployment
of loudspeakers to be realized and suitable
sound levels to be used but, clearly, good
quality is not going to be achieved without a
suitable |oudspeaker system. Conversely, a
good quality loudspeaker can make the best of a
bad environment.
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