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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 I contains the 
derivations of formulae used later in the three ar
ticles. Such material would normally be included 
as an appendix but is presentedfirst 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 
Pr ior to 1925, the power output of most radio 
sets was only a few mil l iwatts . T h e sets used 
valves which were very inefficient and, since the 
power was supplied from batteries, the current 
drain had to be kept to a min imum. 

E a r l y in the 1920s, C . W . R i c e and E . W . 
Ke l logg of the Genera l Elect r ic Company , 
U . S . A . , designed what was then something quite 
unheard o f - a one watt, mains dr iven power 
amplifier. W i t h this 'powerful ' tool at hand, they 
set to work on a new type o f loudspeaker; one 
that did not rely on resonances to give sufficient 
output. I n 1925, they described the results of 
their work and went on the market wi th the first 
moving coi l loudspeaker as we know it today, 
complete wi th its power amplifier. 

T h e R i c e - K e l l o g g loudspeaker had a 6-inch 
diameter cone and a rubber surround. T h e mag
netic field was provided by a direct current flow
ing in a coi l . 

* Philips Loudspeaker Development Laboratories, 
Dendermonde, Belgium. 

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

It 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. 

La te r the M a r c o n i Company patented the idea 
of using the field coi l as the smoothing choke in 
the receiver H T 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 al l aspects of sound reproduction, the 
moving co i l loudspeaker remains substantially 
the same today as it was in 1925 when R i c e and 
Ke l logg disclosed the results of their work . 
Mater ia ls and methods of production have 
changed, and so has the performance. There have 
been many improvements wi th 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. F o r a l l the other 
refinements in audio engineering, the last remain
ing stumbling block to the ultimate goal o f per
fect sound reproduction is the moving coi l loud
speaker. 

There can be few homes in the civi l ized wor ld 
that cannot boast at least one loudspeaker. Some 
have three or four. E v e n cars have stereo. There 
are l i terally mil l ions and mil l ions of loudspeakers. 
I t 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 wi th it a size reduction in housing 
accommodation. Smaller furniture and, conse
quently, more compact domestic sound instal
lations are a necessity. T h e modern requirement 
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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 sti l l 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. 
T h a n k s to semiconductor developments, ampli
fiers wi th output powers undreamed of a few 
years ago can now be accommodated in small 
attractive units in keeping with modern decor. 
T h e simplest way to make a good loudspeaker 
enclosure is to make a closed box. I ts cost is 
reasonable and, in general, this method of 
mounting has proved very acceptable to both 
manufacturer and customer alike. Wha t 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. A s it 
moves forward from rest, the surface w i l l accel
erate adjacent particles and compress the air jus t 
in front o f it. T h e accelerated particles collide 
wi th their neighbours and in that way transfer 
momentum so that the compression is propagated 
outwards. W h e n the vibrat ing surface reverses 
its motion a rarefaction occurs in front o f it . A i r 
particles move in to fill the void and are followed 
in turn by more remote particles so that the rare
faction, l ike the compression, is also propagated 
outwards from the surface. T h e outward moving 
alternation o f compression and rarefaction is a 
sound wave. T h e wave is propagated at a certain 
speed and each particle in the medium moves 
with the same frequency as the vibrat ing surface. 
T h e wavelength 1, frequency / , and speed of 
propagation c are related by 

l = c\f. 

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

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

PV = a constant (1.1) 

where, 

P = pressure 

V = volume 

and y is the ratio o f specific heat at constant 
pressure to specific heat at constant volume. F o r 
air, y r s 1,4. 

1.2 Wave equation 

W e shall now derive the wave equation for sound 
propagation in tubes or horns. Al though the 
derivation is based on the assumption o f 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 E Q U A T I O N O F M O T I O N 

I n F i g 1.1 we have a volume of air i n a conical 
horn. Sections St and S2 are perpendicular 
to the direction of sound propagation, x. W h e n 
d * tends to 0, St = S2 = S; the enclosed air 
mass is then given by 

M = eSdx 

where Q is density. T h e force on the left side o f 5 
is PS and the force on the right side is 

F R H S = {P + (bP/bx)dx}S, 

so the resulting force acting on the mass M is 

bP 
F = dxS. 

bx 

T h e n , from F = Ma = M dv/dt, we can derive: 

bP dv 
d * S = QS dx — 

bx dt 

Fig. 1.1 
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whence 

bP dv 
+ Q — = 0. 

a * dt 
(1.2) 

T h i s also holds i f sections 5 t and 5 2 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 F i g . 1.2). 

M M Fig. 1.2 

1.2.2 C O N T I N U I T Y E Q U A T I O N 

D u r i n g time increment dt the mass displace
ment on the left side is vS, and on the right side 
{v + (av/&jc)djc} {S + (55/£>x)dx}. Since no mass 
can be lost between and S2, the volume 
F ( = Sdx) must change at a rate 

bV / bv bS 
= [S — -f- v I d * . 

bt \ bx bx 
(1.3) 

1.2.3 G A S L A W S 

B y differentiating eq. (1.1) wi th respect to time 
we get 

bV bP 
yPV-1 + V = 0 

bt bt 

in wh ich P = P0 + p, where P0 is static pressure 
and p is alternating (sound) pressure. T h u s we 
can write 

V bp Sdx bp ( bv bS \ 
1 S—+v )dx 

yP0 bt yP0 bt \ bx bx J 

whence 

1 bp bv v bS 
+ — + = 0 

yPQ bt bx S bx 

and 

1 bp bv B ( l n S ) 
+ — + v -

yP0 bt bx bx 

Differentiating eq. (1.5) wi th respect to time gives, 

1 b2p b2v bv a ( In 5 ) 

= 0. (1.5) 

+ 4- — = 0. 
yP0 bt2 bxbt bt bx 

Differentiating eq. (1.2) wi th respect to x, and 
making the substitution bP = bp, gives, 

b2p a 2 v 
— + 8 = 0. 
a * 2 bxbt 

Combin ing these two expressions then yields the 
wave equation, 

Q b2p b2p bp a ( In S) 

yP0 bt2 bx2 bx bx 

in wh ich the factor gjyP0 = 1/c 2, where c is the 
propagation speed. T h u s , 

1 b2p b2p bp a ( In 5 ) 

c2 bt2 bx2 bx bx 
(1.6) 

W e now introduce the velocity potential <P such 
that 

bP bp 
— = — and P & P0 

bt bt 

whence 

bV 

bt 

V bp 

yPo 5 ' 

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

(1.4) 

b 0 b<P b& _ 

bx by bz 

where v is the velocity vector and /, j and k are 
unit vectors i n the x , y and z directions. T h u s , 
for the one-dimensional case, 

b& 

bx 
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and eq. (1.6) can be writ ten in the form 

1 b 2 0 b 2 0 b& 5 (In S) 

bt: bx2 bx bx 

I f the horn is perfectly rigid, 5 is not a func
tion of time and we can make the substitution 
5(ln S)lbx = d( ln 5 ) / d x ; thus, 

1 b2& b2& 5 0 d ( l n S ) 
H 

bx2 bx dx 
(1.7) 

Fur thermore , from eq. (1.2) 

bP bv 

bx ^ bt 

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

bP 

bx 

whence 

b$ 
P = e — , 

bt 

b 2 0 \ 

bxbt) 

(1.8) 

I n acoustics we are more interested in pres
sures and volume velocities than in forces and 
particle velocities. Acous t ic impedance Z A is 
therefore denned by the relation 

Z a = -
P 

U 

where p is sound pressure and U is volume 
velocity. T h u s the acoustic impedance presented 
by a force F acting on an area 5* moving at a 
velocity v is given by, 

F/S 

vS 
Z A = — = (1.9) 

Acoust ic impedance can also be represented by 
either an impedance circuit ( F i g . 1.5) or a mobi l 
ity circuit ( F i g . 1.6). 

U 

Fig. 1.5 

1.3 Mechanical and acoustic elements 

1.3.1 A C O U S T I C I M P E D A N C E 

Mechanica l impedance Z M is denned by the 
relat ion 

F 
z M = - . 

v 

T h i s can be represented either by an impedance 
circuit ( F i g . 1.3) or a mobili ty circuit ( F i g . 1.4). 

ZM 

Fig. 1.3 Fig. 1.4 

Fig. 1.6 

I t is sometimes convenient to consider the 
mechanical or acoustic impedance per unit area. 
T h i s is called specific impedance, Z S . 

Z S = ^ = ^ = Z ^ . 
v 5" 

(1.10) 

1.3.2 M E C H A N I C A L / E L E C T R I C A L A N A L O G Y 

T h e 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 

dv 
mass, M F,= Ma = M — F = Mjcav 

dt 
M M - r M M 

compliance, C M x 

( C M = 1 /* , F = k X = ~ ^ 
where 
k = spring = J _ f v d ( 

constant) C M 

F = 

C M 

resistance, i ? M 

(viscous friction) 

1.3.3 A C O U S T I C M A S S 

T h e air i n a smal l diameter open-ended tube 
( F i g . 1.7) behaves as a mass; it is very stiff com
pared to the air outside and can only be accel
erated, not compressed. T h e equation o f motion 
is therefore, 

F = Mjcov 

where 

U 
F = pS, M = ISo, v = — , 

S 

whence 

(1.11) 

I n this expression the term IQ/S corresponds to 
the acoustic mass MA; thus, 

P = MA]wU. 

(Acous t ic mass is proport ional to the mass M of 
air undergoing acceleration and is, ideally, given 
by the equation MA = MIS2. I n practice, correc
tions must be applied to take account o f how the 

tube is terminated. I f the tube ends in free air, the 
t e r m / i n eq. (1.11) becomes / + 0,33 ]/S; i f it ends 
in an infinite baffle, / becomes / + 0,45 j / 5 . ) 

1.3.4 A C O U S T I C C O M P L I A N C E 

I f the tube ends i n a closed volume ( F i g . 1.8), the 
air in the volume w i l l behave as a compliance; it 
can only be compressed, not accelerated. There
fore, eq. (1.1) applies: 

PV"' = a constant 

S 

— I ; *• 

Fig. 1.7 

I 1 
( I 1 

t u b e 

7Z7 1 7 3 8 . 1 

Fig. 1.8 
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whence 

yPo 
dP = dV 

V 

where 

dP = sound pressure = p 

U 

dV= volume displacement = — . 

Thus 
yP0U 

P = 
}<oV 

and the acoustic impedance 

z - P - y P ° 
A U jwV 

in which the factor yP0/ ^corresponds to a spring 
constant. T h u s the acoustic compliance is 

V 

or, since yP0 = QC2, 

V 
C A = — (1.12) 

qc1 

1.3.5 A C O U S T I C R E S I S T A N C E 

A n y device in which the flow of air is in phase 
with , or directly proport ional 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 Q U A L I T A T I V E D E S C R I P T I O N 

Consider a small , harmonical ly pulsating sphere. 
When the radius is m a x i m u m , the velocity of the 
surface and the air close to it is zero and the a l 
ternating pressure is max imum. When the radius 
is midway between the m a x i m u m and min imum, 
the surface velocity is m a x i m u m and the a l 
ternating pressure is zero. T h u s , the sound pres

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

N o w consider a pulsating sphere, or a vibrating 
plane surface, wh ich is large compared to the 
wavelength. T h e 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. T o 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 w i l l be lagging in time due to 
the distance it has to travel (see F i g . 1.10). T h e 
impedance is no longer purely reactive, but has a 
resistive component. I f the dimensions are very 
large, the impedance is purely resistive. T h i s 
resistive component accounts for the radiat ion of 
acoustic energy. 

Fig. 1.10 

1.4.2. M A T H E M A T I C A L A N A L Y S I S 

Consider a pulsating sphere of a radius r and 
surface area 5 1 = Anr2. I n eq. (1.7) we can replace 
x by r, whence 

d ( l n S ) d ( l n S ) 1 dS 2 

dx dr S dr r 

and the wave equation becomes 

1 b 2 0 b 2 0 2 b0 

c2 St2 br2 r br 
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T h e n , i f we change the dependent variable from 
0 to 0T, we obtain 

1 &2(<Z>r) 
^ 2 

a2(<*>r) 

5 r 2 

for wh ich the general solution is 

0 r = A eHa"-kr) + BeHa>t + 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. 

CO 
k = — 

c 

2n 

p z „ 
Z a A 

u s 2 

Equat ion (1.13) confirms the conclusion that we 
previously arr ived at quali tat ively; that the 
radiat ion impedance has both a resistive and a 
reactive component. 

- F o r kr <c 1, the impedance behaves as a mass. 
- F o r &r » 1, the impedance behaves as a 

resistance. 

ZsA pc -< pr 

F o r a free, progressive, spherical wave 

0 — gj(0)t-*r) 
r 

W e are now in a position to calculate the mechan
ical , specific, or acoustic radiat ion impedance. 
F i r s t , the specific radiation impedance Z S A : 

- M A —*• S p c <Spr 

Fig. 1.11 

in wh ich v = — b0/br and, from eq. ( 1 . 8 ) , 
p = gb0/bt. T h u s , 

gb0/bt 

-b0/bt 

]kr 

QJCO0 

-+}k)0 

QC 
1 + )kr 

( 1 . 1 3 ) 

(see F i g . 1 . 1 1 ) . 

T h e n , since the mechanical radiat ion impedance 

Z M A — 5 Z S A , 

Z M A = 47ir2pc-
]kr 

1 ~)kr 

T h e corresponding mobility circuit is given in 
F i g . 1 .12 . T h e acoustic radiat ion impedance Z A A 

is given by 

O-

Z M A 

Spr 
1 

S p c 

Fig. 1.12 

1.4.3 S E R I E S / P A R A L L E L S U B S T I T U T I O N 

Paral le l circuits, such as those of F i g . 1 . 1 1 can be 
replaced by series circuits as in F i g . 1 .13 . T h e 
impedance o f the parallel circuit is given by 

7 — 
par 

and o f the series circui t by 

Z S E R = RSeT -f- j f t )Z . s e r . 
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- p a r i p a r -S L p a r 

ser 

Fig. 1.13 

Rat ional iz ing the denominator in the expression 
for Z P A R and separating terms gives 

Z = 

D . . 2 7 2 
•^par w par 

+ JCO-
n 2 r 

n a r ^ - r 

fl2

par + o>2 L 2

p a r J R 2

p a r + a>2 L 2

p a r 

1.4.4 L O U D S P E A K E R 

The mechanical radiat ion impedance of a loud
speaker cone is Z M A = Fjv where F is the force 
necessary to overcome the resistance of the air 
and v is the velocity of the cone. F o r purposes of 
analysis the cone may be regarded as a piston. 

Analys is 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. 
- F o r kr » 1, Z A is the same as for the pulsating 

sphere and Z S A = QC. 
- F o r a l l other values of kr, both the resistive 

and the reactive components of Z A differ from 
those that apply to the pulsating sphere. 

- F o r kr « 1, the pr incipal component of Z A is 
an air mass MMA: 

for an infinite baffle, MMA = 0,85 Sgr 
for an endless tube, M M A = 0,6 SQT 

where r is the radius of the piston and S — nr2. 
I n the mobili ty circuit for a piston of radius r in 
an infinite baffle, as given in F i g . 1.15, 

where the first term is the resistive component 
and the second term the reactive component. 
T h u s , since Z P A R = Z S E R , we can write, 

and 

R2 L 

J V par i par 

M M = 0,85 nr3Q 

2,27 

nr2QC 

Cm — 

0,6 

rqc2 

nr2qc 

where the resistive component, wh ich accounts 
for the sound radiation, is o f the most interest. 

- F o r kr > 1 

I f , for example, we transform the parallel circuit 
representation o f , Z S A ( F i g . 1.11) into its series 
equivalent ( F i g . 1.14), we find: 

R = QC 
(kr)2 

1 + (kr)2 

and MT = 
1 + (kr)2 

R ( k r ) 

Z s A — - < M r ( k r ) 

1 1 

nr2QC Z M A 

and hence Z M A = SQC. 

Fig. 1.14 Fig. 1.15 
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- B u t for kr < 1, which characterizes the fre
quency range in which loudspeakers mostly 
work, 

R , , 2 = 

RtR2 0,7 0,221 

i ? i + R2 nr2gc r2qc 

The equivalent mobili ty circuit is given in 
F i g . 1.16 and the equivalent impedance circuit 
in F i g . 1.17. T h e latter can be transformed, as 
explained in Section 1.4.3, into the series circuit 
of F i g . 1.18, in which 

Fig. 1.16 

Fig. 1.17 

o I h 
M M 

- M A 

O-

Z M A 

O-

'1.2 

M 
'1,2 

M 

Rsei = l , 5 7 « 2 r 4 -
c 

MMsct = 2,67 r3g 

where Rsct is directly proport ional to the radiated 
acoustic power WK: 

WA = R s e i v \ (1.14) 

1.5 Sound intensity 

The sound intensity / in a given direction is the 
rate o f energy transmission through a unit area 
normal to that direction. I t is commonly expres
sed in watts per square metre or per square 
centimetre. Mathemat ical ly , it is the product o f 
sound pressure and the in-phase component of 
particle veloci ty: 

/ = R e p* v cos 9 

where 

p* is the complex conjugate o f the r.m.s. sound 
pressure, 
v is the complex r.m.s. particle velocity in the 
direction of propagation, 
9 is the angle between the direction o f prop
agation and the direction at which the intensity 
is taken, 
and R e denotes the real part o f the product. 
F o r a free progressive plane or spherical 

wave, the intensity in the direction o f prop
agation (9 = 0) is 

P2 

/ = - . (1.15) 
oc 

Fig. 1.18 

7 Z 7 1 7 3 9 

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 wi th a fixed reference value. They 
are expressed in d B and are defined as follows. 

W 
Power level, P W L = 10 l o g 1 0  

^ r e f 

where W i s the measured or calculated power and 
Wnt is usually taken as 1 0 - 1 2 watts. 

/ 
Intensity level, I L = 10 l o g 1 0  

-/ref 

where / r < : f = 1 0 - 1 2 W / m 2 . 

P2 

Sound pressure level, S P L = 101og 1 0  

/>2ref 

= 2 0 1 o g l o — — 
Pre! 

w h e r e p r e ! = 1 0 " 5 N / m 2 . 

Under normal conditions (g = 1,18 k g / m 3 , 
c = 344 m / s ) , intensity level and sound pressure 
level are very nearly equal: 1L = S P L - 0,1 d B . 
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2 The moving coil direct radiator 
loudspeaker 

2.1 Principles of operation 

A l l moving coil loudspeakers operate according 
to the same general principles. F igure 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 coi l 
suspended in the gap of a powerful magnet 
system by means of a centring device, or 'spider'. 
T h e small end o f the speaker cone is attached to 
one end of the coi l 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 coi l to move to and fro at 
the frequency of the electrical signal. T h e oscil
lating motion o f the cone to which the coi l is 
attached produces sound waves in the surround
ing air. 

7ZS7701.1 

Fig. 2.1. The construction of a typical moving coil loud
speaker. 

2.2 Two-stage energy conversion 

T o simplify the explanation of loudspeaker per
formance we shall treat the loudspeaker as a 
two-stage energy converter. Elect r ica l energy is 
first converted into mechanical energy, and the 
mechanical energy produced is then converted 
into acoustic energy, as shown in F i g . 2.2. Th i s 
conversion of energy should be carried out with 
the min imum of distortion and with max imum 
efficiency. T o obtain m a x i m u m transfer.of energy 
from the power amplifier to the speaker, it is 
desirable to match the impedances. Unfor tuna
tely, this can only be achieved over a limited fre
quency range due to the variat ion in the impe
dance presented to the amplifier by the loud
speaker. 

I f we assume that the loudspeaker is mounted 
in an infinite baffle, the radiat ion impedance ZAA 

is the same for both sides of the baffle. 
T h e circuit o f F i g . 2.2 may be changed into one 

of the circuits shown in F i g . 2.3. I n F i g . 2.3(a) 
and F i g . 2.3(b) a l l components are transformed 
to the electrical side. I n F i g . 2.3(c) the com
ponents are referred to the mechanical side. W e 
have, therefore, changed the electrical voltage 
source (e g ) wi th the electrical series impedance 
( Z e ) into a current source ( e g / Z e ) wi th a parallel 
impedance ( Z e ) . T h i s principle may be used for 
calculations on the right side o f these terminals, 
A s a last step, we have changed the mobili ty cir
cuit into an impedance circuit . 

2.3 Radiation resistance 

I n our discussion of loudspeaker performance it 
wi l l be assumed that the loudspeaker is mounted 
in an infinite baffle; no back radiat ion can there
fore affect the forward radiat ion. Under these 
conditions, the air load on the cone appears as a 
mechanical impedance Z M A . T h e subscript M A 
is used to refer to 'mechanical , a i r ' . T h e mechan
ical impedance is represented by the radiation 
resistance RMA and the radiation reactance XMA 

in series. I n practice, for kr < 1, the radiation 
reactance is the mass of the air load and wi l l be 
referred to here as the radiation mass MMA. W e 
can therefore wri te : 

ZMA = -KMA + j«>Af M A . (2.1) 
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Fig. 2.2. The loudspeaker as a two-stage energy converter. 

— (where Z M A = S » Z A A I 

(a) 
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O I I 
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(b] 

M M C
 C M S R MS 

2Z . 

Fig. 2.3. Equivalent circuits of a moving coil loudspeaker. 
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I t is of special interest to consider how the radia
tion resistance behaves, since it is this component 
of the radiat ion impedance in which the acoustic 
power is developed. I n moving coil systems, the 
radiation mass M M A is often neglected, since it 
appears in series wi th and is very much less than 
the mechanical mass of the cone M M C - F igure 2.4 
shows how the radiat ion resistance and radiation 
reactance vary wi th frequency. I t can be shown 
(see Section 1.4.4) that the value of RMA over the 
sloping port ion of the curve is given by 

l , 5 7 w 2 r 4

e 

J N s / m (mechanical ohms) 

(2.2) 

where: co = 2nf{f = frequency in H z ) , 
r = cone radius in metres, 
Q = density of the air = 1,18 k g / m 3 

and c = velocity of sound = 344 m/s. 
0,0001 

T h i s is va l id for kr < 1, wh ich is the most impor
tant frequency region for most loudspeakers. 

T h e radiat ion reactance X M A L is given by 

* M A = }o)MMA (2.3) 

where the radiat ion mass M M A is 

M M A = 2 ,67 r 3 e . (2.4) 

The units used in F i g . 2.4 may require some 
explanation. Frequency is plotted on a normal
ized seale, the horizontal axis representing fre
quency in terms o f the relationship between the 
dimensions o f the cone and the wavelength of 
the sound: 

kr — Infrjc = iTirjX, 

that is, the ratio o f the loudspeaker c i rcum
ference to the wavelength. 

U p to the point where kr = 2, the radiat ion 
resistance increases according to eq. (2.2) pro
portionally wi th f2. F o r values o f kr > 2, how
ever, the situation changes and eqs (2.2) and (2.3) 
no longer apply. T h e radiation resistance RMA is 
then given by 

RM* = nr2ec (2.5) 

and the radiat ion resistance is independent of 
frequency. 

Fig. 2.4. Real and imaginary parts of the normalized 
mechanical impedance of the air load on one side of a plane 
piston of radius r mounted in an infinite baffle. 
kr = lTifrlc = 2 w / X . 

2.4 Relationship between mechanical 
and electrical impedances 

T h e mechanical impedance of the cone assembly 
is represented in F i g . 23(b) by the mass of the 
total cone assembly MMC, the compliance o f the 
suspension C M S , and some frictional losses RMS 

occurring mainly in the suspension. However , 
the most important resistive component is the 
resistance o f the voice coil RE which acts in series 
wi th its inductance L E and the output resistance 
of the amplifier. 

F r o m basic principles, the induced emf in the 
voice coi l is given by 

e = Blv (2.6) 

where e is the induced emf in the co i l , i n volts, 
B is the radia l flux density in the gap, in 
teslas ( W b / m 2 ) , 
/ is the length o f the wire on the voice coi l , 
in metres, 

and vis the voice coi l velocity, in m/s. 

12 



Since the voice coi l velocity can be writ ten as 

F 

v _ z ^ 

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

Bli 
v = — m/s 

Z M 

and eq.(2.6) becomes 

B2l2i 
(2.7) 

where i is the current i n amperes in the voice co i l . 
Equat ions (2.6) and (2.7) assume that the mag
netic induct ion is constant over the whole voice 
coi l length and independent o f the position o f the 
coi l i n the air-gap. T h i s is not strictly true, and 
the length and position o f the coi l wi th regard to 
the air-gap is very important when considering 
distortion. So we define 

Bl = f Bdl 
0 

at the position o f rest, wh ich remains va l id for 
small movements o f the coi l . 

The electrical impedance Z E due to the 
mechanical impedance Z M is therefore given by 

Z F = - = 
B2P 

Z F = B2l2 

j OJMMC-

(2.8) 

T h e mechanical impedance o f a system com
posed of a mass M, a compliance C and a 
mechanical resistance R can be represented by an 
equivalent impedance or mobil i ty circuit , as in 
F i g . 2.5. I n the impedance circuit 

f1 r2 

3 c = Z M 

mobility 

M c 

j w n I L 

o 
impedance 

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

and in the mobili ty circuit 

F=Fl +F2 + F3 

v f 
VJOJM -<- vR = v 

jcoC j a ) C 
-jcoM + R 

]wM ~ ( l / j w C ) - r R 

I n both circuits the source o f 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. T h e mechanical impe
dance wi l l be reflected in the electrical impedance 
and vice versa, e.g. the cone velocity wi l l be 
influenced by the electrical resistance o f the voice 
coil in such a way that a decrease o f voice coi l 
resistance w i l l result in an increase of effective 
mechanical resistance to the cone. 

2.5 Effect of mechanical impedance 
on acoustic power 

I n order to determine the behaviour o f a loud
speaker it is necessary to examine the effect of 
each of the components o f the mechanical impe
dance. F o r simplici ty, let us consider the equiv
alent circuit o f the loudspeaker as being reduced 
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MA 

Fig. 2.6. Mechanical components determining cone velocity. 

to the components shown in F i g . 2.6. T h i s circuit 
is valid for a constant force source or constant 
current source ( F = Bli). T h e overall mechanical 
impedance of the cone is considerably greater 
than that o f the a i r load, so the current wi l l be 
determined almost entirely by the cone. L e t us 
examine the effect of each o f the mechanical 
components assuming that the cone is perfectly 
rigid. 
(a) Assume the mass impedance to be predom
inant. T h e n we may write 

F F 
(2.9) 

00 MY. 2nfMs 

where F is the applied force. 
N o w the radiated power on one side of the 

infinite baffle, wh ich is developed in the radiation 
resistance ^ M A , is given by the mechanical equiv
alent of Ohm' s L a w : 

WA = V 2 * M A (2.10) 

and substituting eq. (2.9) for v in eq. (2.10) gives 

F2 

WA = 
4n2f2ML 

(2.11) 

F r o m eq. (2 .2) , we have seen that RMA ozf2 over 
the sloping part of the curve below kr as 2, so 
from eq. (2.11), 

1 
WAaz — -f2 (2.12) 

T h a t is, the radiated power is independent of 

frequency. On the flat portion of the curve of 
F i g . 2.4, where kr :, 2, from eq. (2.5) we see that 
RMA is constant, therefore 

1 
WA = — X a constant 

P 
(2.13) 

and hence the acoustic power falls at the rate of 
6 dB/octave. T h i s represents the condition of 
mass control and is shown in F i g . 2.7. T h i s result 
is largely valid for a constant voltage source as in 
F i g . 2.3(c). 
(b) Assume the resistance R to be predominant. 
W i t h high damping factors, the resistance 
R = ^ M S may be in control for a current source, 
or the resistance R = RMS - j - B2l2jRE may be in 
control for a constant voltage source. I n these 
cases, 

WA = — * M A 

and since, from eq. (2.2) , ^ M A oc f2, 

a constant xf2. 

(2.14) 

(2.15) 

T h a t is, the radiated power increases wi th fre
quency at 6 dB/octave below where kr == 2. 

Over the flat port ion of the curve where kr > 2, 

a constant x a constant. (2.16) 

w . 

BdB/octave 

kr = 2 

Fig. 2.7. Condition of mass control. 
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That is, the radiated power is independent of 
frequency. This condition is shown in Fig. 2.8 
and is known as constant velocity. 
(c) Assume the compliance to be predominant. 
I f the compliance of the suspension C M S is in 
control, we can write, 

WA = F24n2f2C2

MSRMA, (2.17) 

and thus over the sloping part 

WAocf2f2=r (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, 

WA = / 2 x a constant. ' (2.19) 

That is WA 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. T o extend this region 
in the low frequency range, the fundamental 
resonance frequency 

1 
y o =  

2n\/(MMCCMS) 

must be kept as low as possible. Below f0 we have 
compliance control: 

1 
- — — > j w M M C 

J w C M S 

and above f0 we have mass control: 

1 
]coMMC > . . 

J w C M S 

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 
RMA will be constant at much lower frequencies. 

7 Z 7 6 5 5 0 

I 
kr = 2 

Fig. 2.8. Condition of constant velocity. 

7 Z 7 6 5 5 2 

f 
kr = 2 

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

W e are now in a position to study the perform
ance of a loudspeaker over the entire audio range. 
L e t us divide the frequency spectrum into four 
parts as shown in F i g . 2.10. 

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

A t very low frequencies, the compliance is the 
control l ing factor and the radiated power is pro
portional to fA, i.e. it rises at 12 dB/octave wi th 
frequency (region A in F i g . 2.10). 

A t the fundamental resonant frequency the 
net mechanical reactance is zero since the mass 
reactance of the cone equals the stiffness reac
tance o f the suspension, and the mechanical 
impedance is m i n i m u m ; the speaker thus behaves 
as a series LCR circuit . T h e electrical impedance, 
however, rises to the m a x i m u m of a parallel LCR 
circuit . T h e question of damping arises now, and 
i f the speaker is highly damped the voice coi l 
current and the coi l velocity are nearly constant. 
T h e variat ion o f acoustic power is proportional 
to the radiation resistance, i.e. from eq. (2.2), to 
the square of the frequency. Region B in F i g . 
2.10 shows the conditions at resonance. 

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

F o r still higher frequencies, where kr » 2, the 
Condition described by eq. (2.13) applies. T h e 
radiated power falls init ially at 6 dB/octave, tend
ing towards a slope o f 12 dB/octave due to the 

rise in the effective inductive reactance of the 
voice coil as the frequency increases. T h i s is 
shown as region D in F i g . 2.10. 

T h e foregoing considerations apply to the 
radiated acoustic power WA. I f we consider the 
sound pressure, the conclusions wi l l remain the 
same for region A , B and a great part of region C . 
I n these regions, the polar diagram of a loud
speaker in a infinite baffle is almost a hemisphere 
because the dimensions o f the loudspeaker cone 
are small compared wi th the wavelength. T h e 
sound source may be considered as a point 
source. F o r high frequencies (upper part of 
region C and all o f region D ) the sound w i l l be 
radiated principal ly in the direction o f the axis. 
F o r a fiat, rigid piston, the on-axis sound pres
sure is independent o f frequency in regions C and 
D , but for a conical loudspeaker o f depth H it 
starts to decrease at the frequency at which 
kH = 2 (see F i g . 2.11). Pressure waves originat
ing from different parts o f the cone have dif
ferent distances to t ravel to reach a given point 
on the axis and therefore tend to cancel each 
other. 

P.Wfl 

P.WA 

Fig. 2.11. On axis sound pressure (dashed line) and sound 
power (full line) radiated by: (a) a rigid piston in an infinite 
baffle; (6) a rigid cone in an infinite baffle. 
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2.7 Damping and Q-factor 

T h e parts o f a loudspeaker which actually con
vert the electrical energy into mechanical energy 
are the voice coi l and the magnet system. One 
interesting characteristic is that the magnet and 
voice coil system behaves l ike a transformer hav
ing a turns rat io o f Bl : 1, where B is the magnetic 
flux density in the air-gap and / is the length o f 
the wire (see F i g . 2.2). Another characteristic of 
the system is that it inverts impedances; the 
mechanical damping resistance R' is related to 
the electrical resistance RE by 

R' = 
B2l2 

~r7 
(2.20) 

Inductances in series on one side appear as paral
lel capacitances on the other, and vice versa. 
T h i s is the basic difference between F i g . 2.3(a) 
and F i g . 2 .3(c) . B y way of a practical example, i f 
the electrical impedance at some low frequency 
is noted and then the cone is touched, thus 
reducing its motion, the electrical impedance wi l l 
decrease as a result o f the increase in mechanical 
impedance. 

Considering the transducing element as an 
impedance matching component, Bl w i l l have an 
opt imum value at some low frequency. T h e value 
is normal ly arranged so that the cone maintains a 
condit ion of mass control down to the frequency 
of resonance. A t resonance, where the mass 
reactance o f the cone equals the stiffness reac
tance of the suspension, a Q o f something less 
than unity, say 0,5, is preferred since this gives 
a truly non-oscil latory condit ion and conse
quently the best transient performance. T h e 
mechanical c i rcui t Q is given by: 

QM = 
RMS 

(2.21) 

I f the resistance is predominantly due to the voice 
co i l , we may write, 

R' = 
B2l2 

~RT 

and, putting R ' for R M S in eq. (2.21), we obtain 
the electrical Q 

2 E = 

whence 

27ifMMCRB 

B2l2 

Bl=]/ 
2nfMMCRE 

(2.22) 

(2.23) 

T h e total g-factor, QT, is given by 

1 1 1 

Qr ~ QM QE' 
(2.24) 

T h e coi l and magnet system are designed using 
this expression. 

T h e acceleration of a vibrat ing mass-spring-
resistance system as a function of frequency 
varies wi th Q in the same way as the sound pres
sure curves o f a loudspeaker in an infinite baffle. 
I t would seem advantageous therefore to choose 
Q values o f about unity in order to have the 
most extended flat frequency response. But , as 
we know from mechanical vibrat ion theory, 
Q = 0,5 corresponds to the cr i t ical ly damped 
condition. Higher values give an oscillatory mo
tion which impairs transient response. 

I n calculating the opt imum value o f Bl the 
electrical resistance of the voice co i l , RE, has 
been used without considering the output resist
ance o f the amplifier, Rg, w h i c h is in series w i t h it 
(see F i g . 2.3(a)) . Since Rs is normal ly many times 
smaller than RE a high damping factor is easily 
achieved. ( D a m p i n g factor is the ratio of load 
impedance to source impendance.) W i t h modern 
solid-state power amplifiers a damping factor as 
high as 200 is not unusual . I n view of the low 
internal resistance o f the amplifier it is important 
that the resistance of the speaker cables does not 
significantly reduce the damping factor. 

A n interesting consequence o f the effect o f 
source resistance is shown in F i g . 2.12. T w o 
curves are shown o f the response o f a typical 5" 
woofer in a 7-litre box full o f glass wool . One 
curve shows the response wi th a constant voltage 
input, the other wi th a constant current input. 
T h e constant voltage condit ion corresponds Lo A 
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source resistance of zero, whereas in the constant 
current condition the source resistance can be 
taken as infinity. T h e 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 F i g . 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, 
J ? g = oo ; full line, constant voltage condition, # g = 0; 
chain dotted line, response with typical amplifier. 

2.8 Loudspeaker cones 

Over the sloping part of the RMA curve it can be 
reasonably assumed, that the cone works sub
stantially as a rigid piston. T h i s is not the case at 
higher frequencies where the side of the cone 
become? comparable to, or longer than, one 
wavelength, and we have to consider the lon
gitudinal wave propagation in the cone material . 
T h e 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 fall ing at 12 dB/octave as was shown for a rigid 
piston in F i g . 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 RMA 
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curve, RMA is proportional to the square of the 
effective cone diameter (see eq. (2 .5)) . Since the 
mass o f the cone, MMC, is also proportional to 
the square o f the diameter, we can determine the 
radiated power WA from eq. (2.9) and eq. (2 .10): 

WA = v2RMA cc 1 *P = 1 . (2.25) 
a d2 

A t higher frequencies therefore the smaller 
effective cone diameter tends to increase the 
radiated power, thus offsetting the condition 
shown in F i g . 2.7 for a rigid piston. T h e reduc
tion in effective cone diameter is illustrated in 
F i g . 2.13. A s 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. 

W e can apply the same line of reasoning to the 
sloping part of the RMA curve. Below the knee, 
RMA is proportional to the fourth power of the 
cone diameter (see eq. (2.2)) and, since MMC is 
proport ional to the square of the diameter, we 
can write 

1 
WA = v2RMA cc—dA = a constant. (2.26) 

d 

d 

1 1 7 2 7 6 5 5 7 

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. T h e cone should 
rapidly restore itself after the application of a 
waveform and, therefore, elasticity o f the mate
r i a l is important. I n this respect, metals are not 
particularly good. T h e effect of poor restoration 
is one o f 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 normal ly give any significant 
indication o f distortion due to hysteresis in the 
cone material . 

2.9 Cone surrounds 

T h e 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 travell ing up the cone at high 

frequencies. 
Normal ly , the material o f which the surround is 
made wi l l 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. A c r y l i c coat
ings on polyurethane foam, textiles, and plasti-
cized polyvinylchloride have a l l be used at one 
time or another. I n the quest for greater power 
bandwidth, high efficiency, min imum distortion 
and better transient handling capabili ty, many 
new materials wi l l doubtless be tried in the 
future. One of the latest and most successful 
choices is butyl rubber. 

2.10 Directivity 

F r o m the frequency response curve of F i g . 2.10, 
it can be seen that above a frequency where 
kr « 2 (normal ly between 700 and 3000 H z ) the 
acoustic output falls progressively. F o r a rigid 
piston the decrease is between 6 d B and 12 d B / 
octave. T h i s is more apparent at the sides of the 

loudspeaker than on the axis , because o f direc
tivity, as shown in F i g . 2.14. Due to the 'horn ' 
effect of the wider part o f the cone, a larger pro
portion of the power output is directed along the 
axis o f the cone at high freqencies than it is in 
other directions. 

Direct iv i ty patterns are shown for a full-range 
loudspeaker in F i g . 2.15. Here the speaker is 
mounted only by a clamp on a turntable in an 
anechoic room and no baffle board is used. T h e 
output is recorded through a microphone as the 
loudspeaker is rotated. F o r the loudspeaker used, 
acoustic cancellat ion is observed at 90° and 270° 
rotation. O f special interest is the plot at 
5000 H z . T h i s clearly indicates the directions in 
which the m a x i m u m sound output is projected at 
high frequencies. 

A t low frequencies, the acoustic output is 
largely omnidirect ional . Coupled with reflections 
in the listening room, the effect of walls , floor 
and ceiling is to make the direction o f the source 
almost indiscernible to the listener. Bu t at a fre
quency between 10 000 H z and 15 000 H z , it 
should be expected that a full-range loudspeaker 
wi l l maintain a level treble response at least to 
an angle of 15° off axis . I n many cases, a level 
response can be obtained more than 30° off axis . 

T h e upper l imit of the treble response is ob
viously determined by the mass o f the voice coi l , 
wh ich should be as low as possible in a ful l -
range speaker. T h i s may require the use of a very 
large magnet in which is immersed a very short 
coil . 

2.11 Non-linearity and distortion 

Ampli tude distortion is caused by non-linearities 
in the cone suspension system and also by the 
cone itself. Addi t iona l ly , lack o f uniformity of 
the magnetic field as well as the change in the 
electrical inductance o f the voice coil when it is 
moving, can be a cause o f distortion. 

T h e action of the suspension should be linear 
out to the m a x i m u m excursion of the cone, so 
that the cone motion is directly proportional to 
the force applied. W i t h large cone movements 
this is sometimes difficult to achieve. Examp' ; ; 
of cone motion are shown in F i g . 2.16. 
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very much reduced signal 

reduced strength signal 

[i n (1 maximum signal strength 
" " observed on speaker axis 

Fig. 2.14. The strength of high-frequency signals decreases 
at increasing angles to the axis of the loudspeaker. 

Fig. 2.15. (Right-hand side of page) Polar response curves 
of a typical high-quality full-range loudspeaker at different 
frequencies. Note the fall in output at 90" and 270 c on the 
500 Hz curve due to acoustic cancellation. 
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Fig. 2.16. Cone excursions of 8-inch, 10-inch and 12-inch 
loudspeakers mounted in an infinite baffle and radiating 
one acoustic watt on each side. 
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Most loudspeakers use paper pulp, moulded 
to shape, for the cone. T h i s material can be 
considerably non-linear, especially i f it is too 
thin. Doubl ing the cone thickness reduces the 
efficiency, but it also reduces distortion over 
most o f the frequency range. T h e low-frequency 
distortion of a typical 12 inch full-range loud
speaker is shown in F i g . 2.17. 

Unless the magnetic field in which the coil 
moves is uniform, the cone motion w i l l not be 
uniform. T w o methods are employed to over
come this non-linearity, as shown in F i g . 2.18. 
I f a short coi l is used, coi l movement in the 
fringe area at the ends o f the gap is avoided. I f 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 modulat ion 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. 

I f it is assumed that the spectrum contains 
only two frequencies / , and f2, the modulat ion 
distortion w i l l comprise new frequencies f2 ±fi, 

f2 ± 2fi, etc. T h e most important are f2 ± / u 
the first-order sidebands. Ampl i tude distortion 
results pr imari ly in even-order sidebands. F o r a 
symmetrical cone compliance and magnet system 
the second-order side-bands f2 ±2fl are prob
ably the greatest magnitude. 

I t can be shown that the modulat ion distortion 

dm = 0,0012 s j 2 , (2.27) 

where is the cone motion in millimetres at the 
lower frequency fly and f2 is the frequency being 
modulated.* T h e modulat ion distortion is thus 
expressed as a percentage o f the amplitude of the 
signal f2. By way o f example, consider a 10-inch 
full-range speaker wi th an r.m.s. cone excursion 

12 speaker 

° 3 £ S • 8 
c\j co m 

f(Hz) 

Fig. 2.17. Typical distortion as a function of frequency for 
a high-quality loudspeaker at 1 watt input. 

(a) centre pole v non-uni form fringe flux 

lb) 

— non-uni form fringe fi 

* Beers, G . L . and Beiar, H. 1943. Frequency modulation 
distortion in loudspeakers. Proc. l.R.E. 3 1 : 132-138. 

7 Z 7 6 5 6 0 

Fig. 2.18. Methods of reducing amplitude distortion due 
to non-uniform flux density in the air-gap. (a) Short voice 
coil, (b) long voice coil. 
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amplitude of 12,5 m m at some low frequency. A t 
a frequency of 800 H z , 

dm = 0 ,0013x 1 2 , 5 x 8 0 0 

— 1 3 ° / 
— 1 -> / O ' 

Ampli tude 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, 

dtot = \W + <4 2 ) - (2.28) 

Another aspect of linearity is transient response, 
which is the abili ty of a loudspeaker to reproduce 
a short duration pulse without distortion of the 
waveshape and, part icularly, without the addi
tion of any frequencies. Good transient response 
requires a smooth frequency characteristic and 
phase response. These are normal ly difficult to 
obtain in a complex mechanical system. After 
removal of the dr iving pulse, the moving el
ements, excited by the coi l but not necessarily 
rigidly coupled to it, continue to oscillate on their 
own (see F i g . 2.19). 

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

2.12 Multi-way systems 

Mult i -way loudspeaker systems have the follow
ing advantages. 
- Flat ter sound pressure and power response 

curves, because each loudspeaker is designed 
to operate below the knee of its RMA curve. 
Cone break-up can be avoided. 

- H igh power-handling capacity, because the 
power spectrum is divided amongst several 
loudspeakers; thus the combinat ion is able to 
handle more power than one loudspeaker 
alone. 

- 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. 
A t any point in the listening area where the 
distances to two loudspeakers operating at the 
same frequency differ from each other by ha l f 
a wavelength, the sound pressure at that fre
quency wi l l be diminished. 

The plastic domed tweeter is very popular for 
high frequencies. T h i s straddles the knee of the 
RMA 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 normal ly a result of internal 
friction in the material . 

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

Ferr i te cores may be used to reduce the phys
ical size of the cross-over filter inductors. T w o 
important aspects of their application should be 
considered: hysteresis; and saturation. Unless 
due regard is given to a l l the characteristics, 
hysteresis in the core of a cross-over filter induc
tor can result in complete loss o f 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 

Equat ion (2.22) showed that the Q of the loud
speaker varies inversely as the square of Bl, the 
product of flux density in the air-gap and length 
of wire in the voice co i l . 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 27/7-product and energy-product curve. 

T h e classical B-H curve is of no interest here, 
since we are concerned with permanent magnets, 
and the demagnetization curve o f F i g . 2.20 is of 
more importance. T h e 5/f-product indicates the 
energy in the material for a given value o f B, and 
the m a x i m u m value o f the 5/ f -product on the 
demagnetization curve represents the ideal opera
ting point for the magnetic material under static 
conditions. T o achieve stable operation o f a 
magnet system, which is a combination o f magnet 
and air-gap, the operating point ought to be 
chosen a little higher up the demagnetization 
curve. T h i s is shown in F i g . 2 .21. 

Under pract ical conditions the demagnetiza
t ion o f the mater ia l is not constant and the va r i a 
tion of flux density follows a line called the recoil 
line. T h i s is shown in F i g . 2.22. 

The operating point P , may drop below the 
knee of the demagnetizing curve, to P2, because 
of an external demagnetizing field, an increase o f 
the air-gap, or a temperature decrease that 

changes the demagnetization curve. T h e n , when 
the previous conditions are restored, the opera
ting point wi l l move from P2 to P3, fol lowing a 
recoil line parallel to part o f the demagnetization 
curve. T h e values o f B and BH w i l l be lower at 
P3 than at Pit and to avoid this situation Pl must 
be chosen a safe distance above the knee but 
without sacrificing too much ^ / / -product , for the 
only way to restore the required ^ / / -p roduc t w i l l 
then be to use a larger magnet. 

M a n y magnetic materials are used for loud
speaker magnet systems; amongst the most pop
ular are anisotropic Fer roxdure , and anisotropic 
T icona l . 

Ferroxdure is made from a special form of 
powdered i ron oxide which has been pressed and 
sintered. I t can be ground to a higher order of 
accuracy. T i c o n a l may contain some or a l l of the 
following materials: t i tanium, cobalt, n ickel , 
i ron, a lumin ium, copper. T i c o n a l magnets are 
cast into- shape and can also be ground. 7 ue 
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- H 0 

Fig. 2.21. An operating higher than the point of maximum 
BH- product gives better stability. 

Fig. 2.22. I f the operating point falls below the knee of the 
curve it returns to the load line via a recoil curve. 

main differences- between these materials are 
that whils t Ferroxdure magnets are characterized 
by high coercivity and resistivity, T i c o n a l mag
nets have higher values o f remanent magnetism 
and energy product. 

F o r a given air-gap, the length of the magnet 
is proport ional to H, and the cross-sectional area 
is proport ional to B. T w o basic configurations 
thus occur : 
Fer roxdure - large section, short length. 
T i c o n a l - small section, greater length. 
These are illustrated in F i g . 2.23. 

I n view of the trend towards shallower en
closures in domestic loudspeaker systems, loud
speakers wi th Fer roxdure magnets are now 
becoming increasingly popular. They also have 
the important advantage that they are less 
expensive. One advantage o f a T i c o n a l 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
vis ion receiver close to the picture tube. 

la] 

Fig. 2.23. Magnet system configuration in common use. 
(a) Ferroxdure magnet, (fi) Ticonal magnet. 
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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 baffle 

Consider a loudspeaker mounted on a small 
baffle board. W h e n the cone moves forward air is 
compressed in front o f it and rarefied behind it as 
shown in F i g . 3 .1 . T h e compressed air spills 
a round the edge of the baffle; the air impedance 
is low (as for an unmounted loudspeaker) and 
thus the radiated sound pressure is low. T h e 

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. 

** Philips 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 ha l f a wavelength. A t 
40 H z , for example, i f the loudspeaker was 
mounted centrally the baffle would have to be at 
least 4,25 m square to prevent any appreciable 
cancellation. T h e larger the baffle the better the 
isolation between the front and the back of the 
loudspeaker. Complete isolation is obtainable 
wi th 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 the 
rear radiat ion is completely suppressed. T h e 
closed box is k n o w n by various names 
- infinite baffle (a misnomer) 
- closed box baffle 
- acoustic suspension 
- sealed enclosure. 

T h e term 'sealed enclosure' places stress " n 
the most important feature o f its construction, 
and it is the term used throughout this article. 
Al though a sealed enclosure and an infinite 
baffle are often considered synonymous , there 
is one major difference between them. T h e air 
in the enclosure is constrained and therefore 
behaves as a spring as the cone moves in and 
out. T h i s is not, o f course, the case wi th an 
infinite baffle. 

3.2 Equivalent circuits for sealed enclosure 
systems 

Let us now consider the effect o f mounting a 
loudspeaker i n a sealed enclosure. I f the enclo
sure is very large, the displacement of the air L ue 
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to the movement o f the loudspeaker cone wi l l be 
insignificant compared with the volume of air in 
the enclosure. I f , however, the enclosure is small , 
the movement o f the cone wi l l take place against 
a comparatively large change in pressure wi thin 
the enclosure and there wi l l be a marked dif
ference in performance. T h e enclosure air acts as 
an added stiffness to the loudspeaker cone and 
this effect is more pronounced at small volumes. 
Accord ing to an equation in the first article,* 
the acoustic compliance of the enclosed volume 
KB is C A B = VB/yP0. 

Since at low frequencies the cone behaves as a 
rigid piston, we can now re-draw the equivalent 
circuit shown in F i g . 3.2(a) so that all elements 
are transferred to the acoustic side of the circuit . 
Mechanica l elements discussed earlier** are 
divided by the square of the effective cone area 
to yield acoustic impedances in m.k.s . acoustic 
ohms. T h e electrical impedance due to the in 
ductance of the voice coi l ( L E ) may be neglected 

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

below 500 H z . T h e double radiat ion impedance 
2 Z M A i n F i g . 3.2(a) must now be replaced by two 
impedances: the radiat ion impedance from the 
front of the box (MAK> RAR) and the acoustic 
loading impedance due to the enclosure ( C A B , 
• R A B . ^ A B ) - T h e new equivalent circui t is shown 
in F i g . 3.2(b). 

T h e elements that make up the circuit of 
F i g . 3.2(b) should now be considered. F i r s t ly e g 

represents the open-circuit voltage o f the ampli
fier, B is flux density in the air gap in teslas 
(1 tesla = 1 W b / m 2 = 10 4 gauss), and / is the 
length o f wire on the voice coi l i n metres. RE is 
the d.c. resistance of the voice coi l i n ohms and 
Rg is the output impedance of the amplifier in 
ohms. (The occurrence of Rg i n the denominator 
of one of the resistances reflects the influence of 
the amplifier output impedance on the damping 
of the system.) T h e effective area of the cone in 
square metres is represented by A. 

T h e mechanical part of the loudspeaker has 
been reduced to three terms, as fol lows. Pre
viously we have used MMC to represent the 

R 1 

'•MS 
- l i 

r a ; 

ELECTRICAL MECHANICAL RADIATION FROM FRONT 
OF SPEAKER 

7Z7B079 

(b) 

Fig. 3.2. (o) 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 valid up to about 500 Hz. 
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C A = M A = M A C - M A R -

* A = + RAS + - ^ A R + SAB 

Fig. 3-3. Simplified version of Fig. 3.2(6) 

mechanical mass o f the coi l and the cone. D i v i d 
ing M M C by A2 we convert this quantity to an 
acoustic mass, MAC, expressed in k g / m 4 . S i m 
ilar ly, RMS i n F i g . 3.2(a) now becomes RAS (the 
acoustic resistance of the suspension system in 
m.k.s . acoustic ohms) and C M S becomes C A S (the 
acoustic compliance of the suspension system in 
m 5 / N ) . A l l these quantities can be determined in 
the laboratory as we shal l see later. 

L o o k i n g now at the remainder o f the circuit 
elements o f F i g . 3.2(6), A f A R represents the 
acoustic radiat ion mass o f the air load i n k g / m 4 

and RAK is the acoustic radiat ion resistance in 
m.k.s . acoustic ohms. T h e values o f these quan
tities are related to the size o f the baffle, not the 
enclosure volume, since they represent forward 
radiat ion. T h e quantity C A B , on the other hand, 
represents the acoustic compliance in m s / N and 
RAB, the acoustic resistance o f the enclosure. T h e 
latter is measured in m.k.s . acoustic ohms and 
depends on the absorption wi th in the enclosure. 
M A B is the acoustic mass o f the air load on the 
back of the cone. 

F igure 3.2(b) can be further simplified to the 
form shown i n F i g . 3.3, wh ich is a simple series 
circuit having a resonant frequency / „ ' given by 

1 
J° 2n]/MACA ' (3.1) 

where 

MA = MAC + M A R + M A B k g / m 4 

and 

CAs C A B 

C A = 
' A S CA 

m s / N . 

(3.2) 

(3.3) 

(The symbols f0 and co0 were adopted in part 1 of 
this series of articles, for the resonant frequency 
of an unmounted loudspeaker. T h e symbols f0' 
and co0' are used here to denote the resonant fre
quency of a loudspeaker mounted i n an enclo
sure.) 

3.3 Values of mass and compliance 

3.3.1 D E T E R M I N A T I O N O F A C O U S T I C M A S S 

Equat ion 3.1 is fundamental to the design o f a 
sealed enclosure system. F i r s t , let us consider the 
quantity MA representing the total acoustic mass. 
T h i s quantity is the sum of MAC, the acoustic 
mass of the coi l and cone, MAR, the acoustic mass 
of the air load on the radiating side (front) o f the 
cone, and MAB, the acoustic mass of the air on 
the rear o f the cone. These quantities are de
fined by: 

MAr = 
M, MC 

k g / m 4 , (3.4) 

where MMC is the mechanical mass o f the voice 
coi l and cone i n kg , and A is the effective area of 
the cone in m 2 . 

k g / m 4 , (3.5) 

where M M R is the mechanical mass o f the air load 
on the front of the cone in kg. 

A ^ A B = — r " K S / M • (3.6) 

where M M B is the mechanical mass o f the air load 
on the rear of the cone i n kg. 

Note that the acoustic quantities can be derived 
from their mechanical counterparts. T h e proce
dure is to measure the resonant frequency w i t h 
the loudspeaker unmounted. A k n o w n mass of a 
few grams is then added to the cone and the new 
lower resonant frequency is measured. T h e total 
mass can then be calculated and, by subtracting 
the mass o f the air load, the mass of the moving 
parts is easily determined. T h e method o f ca l 
culat ion is given i n T a b l e 3 .1 . 

Equat ions (3.7) to (3.10) show the procedure 
using acoustic quantities, whereas eqs (3.11) to 
(3.14) use the mechanical quantities wi th which 
most readers w i l l be more famil iar . T h e essential 
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Table 3.1 Determination of coil and cone mass 

Acoustic quantities Mechanical quantities 

_ 1 1 
U f 0 = = 2jinMAC + M\R)CA' ( 3 - 7 ) / ° = 27t|/(MMc + M ' M R ) C M ' ( 3 - U ) 

where: where: 

M A C = moving system mass in k g / m \ M M C = moving system mass in kg, 

M ' A R = total air load mass for both sides of cone in A^ 'MR = total air load for both sides of cone in kg, 
k g / m \ 

C A = compliance of suspension in m s / N . C M = compliance of suspension in m/N. 

mass in kg 
2. Add mass M A X ( = kg/m*). Add mass m kg. 

3. New resonant frequency 

_ 1 j 
/ m = W(MAC + M ' A R + M A X ) C A ' ( 3 ' 8 ) '*> ' 2*VWMC + M ' M R + m)CM ' ^ 

4. Dividing eq. (3.7) by eq. (3.8) and manipulating Dividing eq. (3.11) by (3.12) and manipulating 

M A C = ^ A x / 2
2 " 1 - M ' A R , (3.9) M M C = M ' M R , (3-13) 

J 0 — J m / 0 — / m 

where: where: 

M ' A R . kg/m*. (3.10) ^ ' M R - 2 X 1,58,3 K G . ( 3 . 1 4 ) 

r 

Note: M ' A R and M' M R are the sum of the front and rear values given by eqs (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 
mounting 

acoustic mechanical acoustic mechanical 
M A R ( k g / m 4 ) M M R (kg) M A B ( k g / m * ) M M B (kg) 

unmounted, n 0 

free-space or _ (3.15) l , 5 8 r 3 (3.16) — (3.15) l , 58r 3 (3.16) 
anechoic room r r 

infinite 0,32 , 0,32 
innnite _>_ ( 3 n ) ( 3 1 8 ) ( 3 1 7 ) 3 J L 5 R 3 ( 3 1 8 ) 

baffle r r 

small 
sealec 
enclosure 
sealed — (3.19) 2,27r 3 (3.20) 0 , 3 7 5 k (3.21) 3,75fa-3 (3.22) 

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. 
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difference is that the acoustic masses are equal to 
the mechanical masses divided by A2, and the 
acoustic compliance is equal to the mechanical 
compliance multiplied by A2. T h i s accounts for 
the factor o f m 4 by which the respective units 
differ. 

3.3.2 M A S S O F T H E A I R L O A D 

I n calculations on speaker performance the mass 
of the air is taken into account. I ts inert ia has to 
be overcome by the power supplied to the loud
speaker. W h e n the enclosure is very large the 
effect on the forward radiat ion impedance is that 
of an infinite baffle. W h e n the enclosure has a 
volume of less than about 220 litres (8 f t 3 ) the 
behaviour is that of a piston in the end o f a long 
tube. 

I n this series o f articles we are pr imar i ly con
cerned w i t h smal l enclosures and our discussion 
wi l l not represent the general case. F o r con
venience the acoustic and mechanical masses 
represented by the air load on the cone are given 
in Tab le 3.2. 

D u e to the influence o f the sealed enclosure on 
the sound radiat ion from the cone, the relative 
areas of the cone and the baffle board have to be 
taken into account. T a b l e 3.2 summarizes the 
equations which should be used to find the air 
load under different conditions. T h e mechanical 
masses represented by the air loads given in 
T a b l e 3.2 may be obtained directly from F i g . 3.4. 
T h e expressions given in T a b l e 3.2 for the rear 
side air loading o f a cone in a smal l sealed enclo
sure contain a constant, k (the mass loading 
factor). T h i s is proport ional to the ratio o f effec
tive cone area to baffle board area. T h e value o f 
4 as a function o f relative area is plotted in 
F i g . 3.5. 

3.3.3 C O M P L I A N C E S O F T H E S U S P E N S I O N 

A N D E N C L O S U R E 

T a k i n g the compliance o f the loudspeaker sus
pension system first, the acoustic compliance 

C A S = CMSA2 m 5 / N , (3.23) 

where C M S is the mechanical compliance o f the 
suspension in m / N and A is the effective area o f 
the cone. 

T h e mechanical compliance can easily be 
determined by adding weights to the cone with 
the loudspeaker in a vert ical position and meas
uring the cone displacement wi th a depth micro
meter : 

displacement (mm) 
C M s = m / N . 

added mass ( g ) x 9 , 8 
(3.24) 

10 

"MB 5  

M MR 
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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 \ 
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 tftio 
A/At (effective cone area/baffle board area). 
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Alternat ively, eq. (3.11) may be used i f the mas
ses M M C and M M R are k n o w n : 

C m s — 

1 
m / N . (3.25) 

4n2f0

2(MMC + M M R ) 

T h e acoustic compliance of the enclosure is 
given by 

yP0 

m 5 / N , (3.26) 

where VB is the volume of air in the enclosure in 
m 3 , P0 is normal atmospheric pressure ( 1 0 5 N / m 2 ) 
and y (the ratio o f the specific heat o f the a i r at 
constant pressure to that at constant vo lume) is 
1,4 for adiabatic compression as in a lined (not 
filled) enclosure. 

W e are dealing wi th acoustic quantities and 
therefore we can convert them to mechanical 
equivalents by dividing compliances or mult i 
plying masses by A2. T a k i n g eq. (3.26) we then 
get 

CviB 
c A 

m / N , (3.27) 
yP0A2 

where C M B represents the mechanical compliance 
of the enclosure. 

F r o m the law for adiabatic expansion and 
compression, the velocity of sound is given by the 
expression. 

(3.28) 

thus yP0 = gc2, where g is density. 
Substituting this value for yP0 i n eq. (3.27) 

we get 

m / N 
gc2A2 

hence the stiffness of the enclosure 

gc2A2 

5 B = N / m . 

(3.29) 

(3.30) 

T h i s 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 

I n F i g . 3.3 we combined the resistive com

ponents o f F i g . 3.2 into a single element 

B2l2 

• ^ A = ~ — ; — „ S + -^AS + - ^ A B + R\v. 

(3.31) 
fA + RE)A2 

in m.k.s . acoustic ohms. 
L e t us now examine each o f the terms in this 

expression. F i r s t of a l l it must be realized that 
these are acoustic quantities which is why the 
quantity A2 appears in the denominator of the 
first term. Mul t ip ly ing throughout by A2 we 
obtain 

B2l2 

( A , + A E ) 

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

T h e acoustic radiat ion resistance RAR for small 
enclosures is given by 

• f s 2 
Rt 

10 
m.k.s . acoustic ohms (3.33) 

where the f requency, / , is such that 2nr < X, i.e. 
kr < 1. (r is the cone radius.) 

The acoustic resistance o f the suspension is 
given by 

^ a s = m.k.s. acoustic ohms (3.34) 

where RMS is the mechanical resistance o f the 
suspension. T h e method o f determining RMS w i l l 
be dealt wi th later. 

T h e acoustic resistance o f the enclosure, RAB, 
is dealt wi th in the next section. 

3.5 Internal resonances of the enclosure 

W h e n the depth o f the enclosure equals one ha l f 
of the wavelength, the first fundamental mode of 
vibrat ion occurs. T h e reactance o f the enclosure 
is given by 

(3.35) coMA 

coCA 

A t resonance a>MAB is greater than l / a > C A B ; the 
reactance XAB 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. T h i s w i l l greatly reduce the radiated 
power unless steps are taken to lower the value 
of XAB at the resonant frequency. T h e frequency 
of fundamental resonance is plotted as a function 
of enclosure depth in F i g . 3.6. 

T o absorb energy at this and a l l higher fre
quencies, an acoustic l in ing is fitted inside the 
enclosure; preferred materials are, bonded min
eral wool , acetate fibre, glass wool and bonded 
hair felt. F o a m e d 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. 

A t low frequencies, in smal l enclosures, a 
thickness of about 25 m m of absorptive material 
l ining the sides, top, bottom and back o f the 
enclosure can generally be used. 

T h e impedance presented to the rear of the 
cone is 

Z A B — - ^ A B 4 " J - ^ A B (3.36) 

where the components of XAB are defined by eqs 
(3.21) and (3.26). T h e term RAB represents the 
acoustic resistance of the enclosure and 
given by 

is 

RA 

« 2 C A B

2 i ? A M 2 + 1 + 
VB2 

M 
(3.37) 

RAU = R(/3AM = one-third of the total flow 
resistance o f the material l ining the box divided 

by the area of the material . F o r a 25 m m layer of 
a lightweight material of area AM square metres, 

RA 2>3jAM m.k.s . acoustic ohms. VB is the 
total volume of the enclosure i n m 3 , and VM is 
the volume of the acoustic l in ing material in m 3 . 
Equa t ion (3.37) applies only where the l ining 
does not occupy more than 1 0 % of the total 
volume. 

3.6 Damping and Q-factor 

W e have shown that a loudspeaker mounted in a 
sealed enclosure may be treated as a series elec
tr ical circuit . T h u s we may write 

co0'MA 

RA 
(3.38) 

where QT is the total c i rcui t magnification factor, 
a>0' = 27if0' where / „ ' is the resonant frequency, 
and MA and RA are defined by eqs (3.2) and 
(3.31) respectively. 

I n practice the value of QT may be readily 
determined by measuring the 3 d B points on the 
cone velocity curve as a function of frequency 
about resonance. F r o m eq. (2 .6 )* we k n o w that 
e = Blv and since Bl is a constant for a partic
ular loudspeaker, velocity v is proport ional to e. 
U s i n g the circuit of F i g . 3.7, the voltage across 
the voice coi l 

e= V,- iRE = V, 
1000 

RE. 

Since the values Vy and Vz may be read directly 
from the instruments, and RE is the d.c. resist
ance of the voice coi l , values o f e may be plotted 
against frequency. 

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 Qj. 

T h e value of QT for a constant current is then 
given by 

2 T = — 
A / 

where A / is the 3 d B bandwidth. F igure 3.8 
illustrates the response at resonance of a typical 
loudspeaker mounted in a sealed enclosure for 
different values o f QT. 

L e t us now consider the effect of the amplifier 
output resistance R G on the value of QT. I n the 
method o f determination of QT jus t discussed, 
the inclusion o f the 1 kQ. series resistor produces 
a nearly constant current through the loud
speaker, i.e. R G -*-oo. T h u s the first term in eq, 
(3.31) becomes 

B2l2 

0. 
+ RE)A2 

I n practice, however, a modern solid-state ampl i 
fier has a very low output resistance, i.e. R S ->• 0, 
and the first term in eq. (3.31) becomes 

B2l2 B2l2 

(RT + RB)A2 REA2 

W e can therefore distinguish two values of QT: 
0 2 T H representing the constant current condi

tion when R X ->oo 

fi-n 
c o 0 ' M A 

(RAB + -^AS + - ^ A R ) 
(3.39) 

2) Qj2> representing the constant voltage condi
tion when /?„->- 0 

2 
w 0 ' M A 

X2 (3.40) 

+ -RAB + - ^ A S + RA 

the reciprocal o f which can be expressed in the 
form 

1 B2l2 

2x2 <o0'MAREA2 

B2l2 

+ 
RAB + -RAS + RA 

w n ' M A 

1 
(3.41) 

a>0'MAREA2 Q T 1 

N o w MA is the acoustic mass in k g / m 4 , and, 
multiplying by A 2 we can express this i n terms of 
M M , the total mechanical mass in kg , where 

MM = M M C + M M R + M M B , (3.42) 

in which M M C is the mechanical mass o f the coil 
and the cone, M M R is given by eq. (3.20), and 
MMB is given by eq. (3.22). 

W e can therefore rewrite eq. (3.41) substituting 
M M for MAA2, 

1 

2 

B2l2 1 

• + 
T2 a>N'MMRP 2 x i 

(3.43) 

where B is the magnetic flux density in teslas and 
/ is the length o f wire on the voice coi l i n metres. 

T h e first term on the right-hand side o f eq. 
(3.43) represents the damping due to the voice 
coil resistance and the magnet system. Denoting 
this by 1/2E» w e c a n write 

1 

2 X2 

1 1 

2 x 
(cf eq. (2.24) * ) . 

The importance of these equations must be 
stressed. Published frequency response curves 
are invar iably obtained using constant voltage 
sources and thus compare wi th the results obtain
able when the loudspeaker is fed from an ampli
fier wi th a low output resistance. Such curves 
do not, therefore, illustrate the effect on QT when 
measurements are made using a constant current 
source ( F i g . 3.7) rather than the usual constant 

* Section 2.7, page 17. 
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voltage source and comparison of the results ob
tained becomes very difficult indeed. 

F r o m eq. (3.40) it is apparent that, w i t h a given 
loudspeaker, there are only two possibilities for 
altering QT. E i ther alter the baffle board in order 
to modify the value o f MA by altering the value 
of k, (eq. (3 .21)) . O r alter one o f the resistive 
components RAB, R^ or RAR. 

T h e first o f these, RAB, is the acoustic resistance 
of the enclosure - see eq. (3.37). RAS, the acoustic 
resistance o f the suspension, is fixed in the 
manufacture o f the speaker. RAR, the acoustic 
radiat ion resistance, is a function of frequency -
see eq. (3.33). Therefore, a l l we can do to control 
QT disregarding the amplifier output resistance, 
is to change RAB by modifying the value o f 
* A M - eq. (3.37). 

W e considered eq. (3.37) in terms o f a 25 m m 
lining o f lightweight absorbent material , the 
generalized equation being difficult to handle. I t 
is obvious that we cannot increase the area o f the 
l in ing once every part o f the inside walls has been 
covered. T h e next step is to stuff the enclosure 
wi th absorbent material , and this is where ca l 
culation gives w a y to a more empirical approach. 

A new situation exists ; repeating eq. (3 .26) : 

T h e acoustic compliance o f the enclosure, C A B , 
is inversely proport ional to y. F o r adiabatic pro
cesses y has a value o f 1,4 at normal temperature 
and pressure. B u t what happens when the enclo
sure is full o f damping material ? 

I f the air space is completely filled wi th a soft, 
lightweight mater ial , compression and expansion 
become isothermal. T h e speaker drives energy 
into the enclosure and the material converts it 
into heat. T h i s shows up a overdamping at the 
low end o f the frequency response characteristic. 

Unde r isothermal conditions the speed of 
sound falls f rom 344 m/s to 292 m/s and a l l the 
equations i n wh ich c has been assumed to be 
constant are modified. T h e fact that the value o f 
y i n 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 4 0 % increase in 
volume. 

Obviously , the practical method o f 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 o f materials. W e 
have previously rejected denser materials which 
wi l l not permit a direct air flow through them. 
These materials cannot be entirely ruled out as 
far as l in ing the enclosure is concerned, but it is 
a matter of art and experience rather than ca l 
culat ion, that w i l l give the required QT for the 
system concerned. T h e value o f y w i l l be some
where between 1,0 and 1,4. T h e reader who 
investigates this area o f activity w i l l doubtless 
evolve.some empir ical design rules of his own but 
he must be careful, that his chosen material does 
not radical ly affect the volume of the enclosure. 

One difficulty facing a designer is the decision 
about what value o f Qr to a im for. There is no 
analytical basis for choice and arguments wh ich 
favour many values between 0,5 and 1,4 can be 
found in the literature. There is nothing more 
offensive than a loudspeaker system wi th too 
high a value o f QT wh ich ' r ings ' , and there is also 
nothing more unsatisfactory than a 'dead' one. 
I n the latter case, probably underdamping is 
tolerable. I n the former, the high value may give 
the promise o f good bass only to prove that at 
high loudness levels it s imply cannot handle 
transients. 

F o r satisfactory transient response,' it is sug
gested that 

Q T < " | . (3.44) 

H o w m u c h less than f0'/30 is a matter for the 
designer to decide but anything greater than this 
i n a high-fidelity application may be unsatis
factory. Some speaker systems sound livelier 
than others, some more solid. E v e r y manu
facturer sets his own standard over this question. 
L i k e pianos, loudspeaker systems have their own 
tonal qualities. 

I n the end a pair o f ears and an open mind are 
used to assess the final result. W h e n the bass 
begins to sound constricted or overdflmy.ed, 

33 



remove some stuffing from the enclosure. W h e n 
the bass sounds relaxed and ample, but not 
sloppy, it is correct. 

3.7 Effect of enclosure compliance on resonant 
frequency 

W e may wri te the expression for the resonant 
frequency of an unmounted loudspeaker in an 
anechoic room as 

fo = 
1 

(3.45) 
2nCAS j / ( M A C + 2 M A R ) 

where M A C is the acoustic mass of the moving 
system as before. M A R is the acoustic mass o f the 
air load on each side of the cone and C A S is the 
acoustic compliance of the suspension as denned 
in eq.(3 .23) . 

When we take the same loudspeaker and 
mount it i n 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. Referr ing back to F i g . 3.2, 
we can rewrite eq. (3.45) in the form 

+ C A 

C A S C A B ( M A C + M X R + M A B ) 

(3.46) 

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

T a k i n g the ratio of eqs (3.45) and (3.46) we 
may now determine the change i n resonant fre
quency due to the effect of the enclosure. 

fo 

fc 
i + • 

M A C + 2 M A R 

Since M A R 

the form 

fo 

MAC + M ^ R + M A B J 

(3.47) 

1 , 4 M A R , we can write eq. (3.47) in 

Le t us riow examine the values of the acoustic 
masses. F r o m eq. (3.15) 

2 x 0 , 1 6 0,32 
2 M A R = 

from eq.(3.19), 

0,23 
Mi 

and from eq. (3.21), 

0,375^ 
M A B = 

T h e value of k i n eq. (3.21) depends on the pro
port ion of the baffle area that the loudspeaker 
occupies. I f the area of the speaker is about one-
third of the baffle board area, k has a value of 
about 0,65 (see F i g . 3.5). I f we take this value 
as an example 

0,24 
M * 

(3.49) 

T h u s , i f the loudspeaker occupies a third or less 
of the baffle board area, we can write the follow
ing approximation for eq. (3.48) 

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

I t 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. I f for greater simplicity we refer to 
stiffnesses, we can rewrite eq. (3.49) in the form 

0,87 1 + (3.50) 

fo 
1 + • 

M A c + M X R + 0 , 6 M A R + M A B - M A B 

M A C + M ' . R + M A B 

0 , 6 M A R - M AB 

M A C + M^AR + M. AB 
(3.48) 
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Fig. 3.9. Variation of resonant frequency with enclosure to 
speaker stiffness ratio. 

where SB is the reciprocal o f the enclosure com
pliance given by eq. (3.29), 

oc2A2 

S b = - N / m (3.51) 

and 5 S is the stiffness of the speaker suspension. 
Figure 3.9 shows the var ia t ion o f / 0 ' / / o a s a func
t ion o f the ratio S J S S . 

3.8 Power considerations 

3.8.1 R A D I A T E D S O U N D P R E S S U R E 

T h e sound pressure level ( S P L ) is defined by 

P 
S P L = 201og 1 0 d B , (3.52) 

where P is the measured pressure and Pnt, the 
reference sound pressure, is 2 x 1 0 " 4 y.bax 
( 2 x 1 0 - 5 N / m ) . 

T h e acoustic power level ( P W L ) o f a sound 
source, which is responsible for the production 
of the required sound pressure level, is given by 

W 
P W L = 101og 1 0 d B , (3.53) 

where W is the acoustic power i n watts, and 
Wnt is 1 0 - 1 2 watts. T h u s , a source radiating one 
acoustic watt has an acoustic power level of 
120 d B . 

A.t low frequencies the loudspeaker acts as a 
spherical source of sound and we may now 

consider the levels w h i c h exist i n the case of a 
speaker system in a particular l iv ing room. I n 
order that we can restrict our treatment of the 
subject to the most l ikely circumstances which 
wi l l exist, we shall consider stereo reproduction 
in a small room. L e t us assume a ' w a l l ' o f sound 
is created by loudspeakers in corner posit ion, 

I t can be shown that the sound pressure level 
in the near field close to the wa l l is given by 

S P L = P W L + I 0 1 o g 1 0 f — + —\ (3.54) 

where Ay, is the area o f the radiat ing w a l l i n m 2 ; 
and R = <xA/(l — a) , where A is the total surface 
area o f the room in m 2 , and a is the average 
absorption coefficient, about 0,15 for an average 
room. 

L e t us take a room 5 metres long, 4 metres 
wide and 3 metres high. I n the first case we w i l l 
place the speakers at the end o f the room and 
calculate the acoustic power required to produce 
a sound pressure level o f 90 d B close to the w a l l . 

A = 9 4 m 2 

R = (0,15 x 9 4 ) / 0 , 8 5 = 16,6 m 2 

Ay, = 12 m 2 

therefore 

1 4 1 4 
— -j = 1 = 0,324 
A* R 12 16,6 

and 

\0\ogj— + — ) = - 4 , 9 d B . 
\Ay, R J 

F r o m eq. (3.53) 

„ P W L = 101og 1 0 W + 120 d B , (3.55) 

and substituting this for P W L i n eq. (3.54) we 
obtain 

S P L = 101og l o W + 1 2 0 - 4,9 d B 

thus 

101og 1 0 W = S P L - 120 + 4,9 d B 
= 9 0 - 120 + 4,9 
= - 2 5 , 1 

l o g 1 0 W = - 2 , 5 1 
W = 3,09 m W . 
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T h u s approximately 3 m W of acoustic power 
must be radiated by the source to produce a 
sound pressure level of 90 d B close to the wal l . 

I f we move the loudspeakers to the longer w a l l 
of the room, the acoustic power level required 
rises to 3,16 m W since a greater area of radiating 
wal l has to be covered. 

N o w the sealed enclosure may be treated as i f 
it were a spherical source of sound so long as the 
circumference o f the cone is less than a wave
length. T h e sound pressure P at a distance r from 
the enclosure in a free field is then given by 

P = 
2r 

N / m 2 , (3.56) 

w h e r e / i s the frequency in H z and Uc is the r .m.s. 
volume velocity of the cone in m 3 / s . A t low fre
quencies, above resonance, where the loud
speaker is mass-controlled, we can define the 
reference volume velocity Uc r e f by the expression 

eJBl 

(R, + RE)2nAfMA 

(3.57) 

Whence the reference sound pressure, P r e f , is 

esBl 

(Rs + RE)4nrAMA 

(3.58) 

where r is the distance from the loudspeaker in m , 
A is the effective area o f the cone in m 2 , and MA 

is as given by eq. (3.2) . 
W e can determine the actual volume velocity 

Uc from the equivalent circuit of F i g . 3.2, 

£4 = 

where 

eJBl 

so we can write 

Uc = 
etBl 

(Rt + RE)co0'AMA + 
CO COQ 

co 

(3.59) 

B y substituting eq. (3.59) in eq. (3.56) and div id
ing by eq. (3.58) we can derive the fol lowing 
expression for the ratio o f the radiated sound 
pressure to the reference sound pressure 

P co 
201og 1 0 = 2 0 1 o g 1 0 — -

1 / CO co0' 

Qr2 W M 

- 1 0 1 O g l o | — + ( — ; - — 

(3.60) 

where co 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 o f the loud
speaker, the frequency response characteristic 
follows eq. (3.60). T h e reference level must 
a lways be stated i f actual values of pressure are 
required. 

A n 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 
201og 1 0 = - 1 0 1 o g 1 0 — = 201og 1 0 QT. 

Pier Qr 
(3.61) 

^ ( ^ G + ]/{RA

2 + ( w M A - 1 /coCA)2} 3.8.2 P O W E R H A N D L I N G C A P A C I T Y 

[co co0 

(coMA- \lcoCA)2 = cofMA

2 — 

\co0 CO 

and, from eq. (3.1) 

1 CO i2 
MACA 

Furthermore, f rom eq. (3.38) 

QT = 

COQ'MA 

R> 

T h e power handling capacity o f a loudspeaker is 
the max imum continuous power the loudspeaker 
is designed to handle. T h i s must not be confused 
wi th the music power rating, described in Sect. 
3.8.6, wh ich 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 coi l . T h e peak noise voltage is 
clipped at a level equal to twice the r.m.s. voltage. 
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T h e loudspeaker must be able to withstand this 
signal for 100 hours continuously and meet a l l 
its specifications afterwards (except resonant 
frequency wh ich may decrease). Power handling 
capacity is defined 

V2 

P H C = — , 
R 

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

T h e same principle applies to mul t i -way sys
tems but here a speaker power handl ing capacity, 
P H C ! , may be defined for the ind iv idua l speakers 
as wel l as a system power handl ing capacity, 
P H C 2 , for the total system. 

V 2 . ' V 2 

P H C 2 = and P H C i - , 
Z R 

where VY is the test voltage applied to the input 
terminals of the cross-over filter, and V2 is the 
voltage across the voice coi l o f one o f the loud
speakers. (See F i g . 3.10.) 

1 o 1| 1 3 

Fig. 3.10. Measurement of speaker and system power. 

I t is possible to build a loudspeaker system in 
which a l l the loudspeakers are capable of hand
l ing the m a x i m u m power specified for the total 
system. T h i s wou ld be expensive and thus the 
high-frequency speakers are commonly o f a 
lower power handling capacity than the low 
frequency loudspeakers. Remember ing that the 
highest fundamental frequency produced by 
conventional musical instruments is a little over 
4000 H z it is evident that a tweeter, wh ich w i l l 
not come into operation unti l about 3000 H z , 
w i l l handle mainly harmonics. A s 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. 

T o establish how much power each speaker in 
a system w i l l 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. T h u s 
safety margins must be observed. A great deal of 
research has been carr ied out on the energy dis
tr ibution through the frequency range o f various 
types of music. T h e result is the establishment of 
what have now become clearly defined standards. 

I n Europe the I E C D I N standards clearly define 
the noise spectrum wh ich is to be used for testing 
loudspeakers and loudspeaker systems. T h i s is 
shown in F i g . 3 .11. A s is obvious to the most 
casual listener, the energy content o f modern pop 
music is distributed rather differently across the 
audio spectrum than that o f classical orchestral 
works . T h e bold line i n F i g . 3.11 is a new stan
dard recommended i n order to cater for this 
difference. 

Figure 3.12 is also the result of studying many 
recordings. T h e curve can be used to determine 
the approximate apportionment of total power 
( P H C 2 ) between the speakers o f a mul t i -way sys
tem. I f , for instance, a 2-way system wi th a cross
over frequency o f 1200 H z is specified, the point 
at wh ich the curve intersects 1200 H z corre
sponds to 7 5 % on the ordinate. T h i s indicates 
that the divis ion of energy between the woofer 
and the tweeter is about 75 :25 . I n 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 a l lowed on top o f these figures as the 
ratio depends on the frequency content o f the 
input signal and this c an be modified to quite a 
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Fig. 3.11. D I N 45500 noise curve (thin line) as used for 
measuring and specifying power handling capacity. The 
alternative I E C curve (bold line) is currently under consid
eration. 
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Fig. 3.12. Typical power distribution in a 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 vary ing the setting of the 
amplifier tone controls. F igure 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 wi th cross
over frequencies of 630 H z and 2500 H z , it gives 
us the m i n i m u m values o f 25,6 W , 8,8 W and 
5,6 W for the woofer, squawker and tweeter re
spectively. 

F i n a l l y , a warning is perhaps i n order. M i s 
takes are sometimes made in testing the loud
speakers by not a l lowing for the reduced power 
handling capacity of the higher range speakers. 
Sweeping a tone o f fixed amplitude up through 
the frequency range o f the system is a common 
method o f 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 E F F I C I E N C Y 

T h e acoustic power i n watts radiated from both 
sides of the loudspeaker cone i s : 

W= M22RX (3.62) 

where v is the voice coi l velocity i n m/s , and RMR 

is the mechanical radiat ion resistance in m.k.s. 
mechanical ohms. 

Assuming that the inductive reactance o f the 
voice coi l is negligible compared to (R, + RE), 
the voice coi l velocity is given by 

etBl 

(RS + RE)(RM+]XM) 
(3.63) 

in which 
B2l2 

Z M = a)MMD 

RE) 

2XM 

2R* 

1 

where MMD is the mass o f the diaphragm, Z M R is 
mechanical radiat ion reactance, and C M S is the 
mechanical compliance of the suspension. Squar
ing the modulus of v and substituting i n eq. 
(3.62) then gives 

W = 
2et

2B2l2Rt, 

{Rt + RE)2(RM

2 + XM

2) 
(3.64) 

T h e m a x i m u m 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, 

e 2 

WE = — . (3.65) 
4Rt 

D i v i d i n g eq. (3.64) by eq. (3.65) and mult iplying 
by 100 we obtain the efficiency o f the loud
speaker related to the m a x i m u m power output o f 
the amplifier: 

W S00B212R<!R* L S J V M R 
X 100 = %. 

WE (Rt + RE)2(RM

2 + XM

2) 
(3.66) 

T h i s is k n o w n as the power available efficiency. 
T o enable a frequency response curve to be 

plotted without showing'the acoustic power being 
radiated, it is useful to define a reference effi
ciency. T h e reference power available efficiency 
for both sides o f the cone is 

800B212RSRMK 

W ~ a2(Rt + RE)2(MMc + 2MMR)2 

A t low frequencies, 

w2A2e 
RMR = — 

2nc 

so eq. (3.67) becomes 

S00RtB2l2A2Q 

(3.67) 

*?ref = 
2nc(Rt + RE)2(MMC + 2MMR)2 

(3.68) 

T h i s gives the actual response i n the fiat region 
of the frequency characteristic above resonance. 
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T h e 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 

ij c o 2 ( M M C + 2 M M R ) 2 

= . (3.69) 
V i e t RM

2 + XM

2 

A n interesting situation occurs at resonance 
whenXM = 0, and eq. (3.69) becomes 

V w 0

2 ( M M C + 2 M M R ) 2 

~~ V.T • ( J . / U J 

T h u s , i f we k n o w the reference power available 
efficiency, we can easily determine the efficiency 
at resonance, since from eq. (3.70) 

(3.71) 

T h e values o f the efficiencies given by eqs (3.66), 
(3.67) and (3.68) are for both sides of the loud
speaker and should be halved for forward radia
t ion only. 

W h e n a loudspeaker is mounted in a sealed 
enclosure, the effect o f the rear-side impedance 
modifies the above equations. T h e radiat ion 
impedance is also affected by the size o f the 
baffle board. T h e enclosure compliance, which 
depends upon the volume of the enclosure, also 
affects the rear-side impedance. I f we were to 
confine ourselves to a purely mathematical treat
ment o f power handling capacity and efficiency, 
the resulting equations would become very dif
ficult to handle. W e shall resort to methods o f ap
proximat ion w h i c h produce sufficiently accurate 
results for a l l pract ical purposes. 

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

W,„ 

where WK = v2RMK, the radiated acoustic power, 
and Wi0 — i2Rz, the applied electrical power 
dissipated i n the voice coi l resistance. 

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

WA = v2Ru* = 
Bit 

R MR-

F o r a large box R M K can be taken to be the same 
as for an infinite baffle, 

RMR = l , 5 7 a ) 2 r * e / c 

Whence 

Bli \ 2 l,51w2rAQ 1 
V = 

\,51B2l2r*S 

MM

2REc ' 

X 

(3.72) 

where M M = M M C + M M R + M M B , and the 
resistance of the voice coi l RE = al/s where 
a = specific resistivity o f the wire, / = length of 
wire, and s is the cross-sectional area of the wire. 

Fur thermore, the mass o f the voice coi l , Mc, is 
given by 

Mc = hp 

where /? is the density o f the wire . B y substitution 
therefore 

I2 

REc o0 
whence 

\,SlB2McrA-Q 

V = PMM

2c 
(3.73) 

' 3.8.4 B A S I S O F P O W E R R A T I N G S 

I n Europe , it is convenient to adopt the G e r m a n 
Standards ( D I N ) for determining speaker per
formance, since no satisfactory alternative exists 
which deals wi th the problem i n sufficient depth. 
W e do not intend to deal here wi th anything more 
than the basic principles involved i n specifying 
loudspeaker systems in terms o f hi-fi . Readers 
wanting a detailed analysis o f the requirements 
should consult D I N 45500 and D I N 45573. 

Besides the nomina l power handl ing capacity 
which we have already dealt w i th , there are two 
distinct power levels to be considered: 

- operating power; 

- music power. 

E a c h serves a very different purpose and there is 
no direct relationship between them. 
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3.8.5 O P E R A T I N G P O W E R 

Operating power is the power input to the system 
to produce a sound pressure of 12 fib at 1 m dis
tance (or 4 fib at 3 m) . T a k i n g 2 x 1 0 " 4 y.b as the 
reference sound pressure level, 12 [ib f& S P L 96 d B 
(v fib S P L 86 d B ) . 

T h i s simplified definition establishes a refer
ence for further acoustic calculations. T o deter
mine the operating power, the loudspeaker 
should be measured i n ha l f free field conditions 
(infinite baffle) and the average sound pressure 
level (on axis) between 100 H z and 4000 H z (or 
another indicated appropriate frequency range) 
should be 96 d B at a distance of 1 m. 

T h e operating power is, naturally, in electrical 
watts and is simply determined by increasing the 
electrical input unt i l the required sound pressure 
at the appropriate distance is reached. 

3.8.6. M U S I C P O W E R 

M u s i c power, or m a x i m u m power handling ca
pacity is the peak power which can be applied to 
the loudspeaker or system for short periods 
(2 seconds max imum) without any audible dis
tort ion being suffered. T h e loading is applied as 
a s inusoidal signal between 250 H z and the lower 
frequency l imit . I n general the music power rat
ing is much higher than the continuous power 
handl ing capacity. 

3.9 Enclosure proportions and construction 

A n advantage o f sealed enclosure systems is that 
there is no opt imum volume or shape. Baffle 
board proportions o f 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. 

T h e first normal mode of internal v ibra t ion 
occurs when the ha l f wavelength becomes equal 
to the enclosure depth. A m i n i m u m enclosure 
depth can be calculated from the woofer cross
over frequency, e.g., i f the cross-over frequency 
is 500 H z , A/2 = 344 m m and a depth less than 
this should be chosen. However , w i t h an absorp
tive l in ing in the enclosure, i f the depth is more 
than A/4 the rear side reactance Z A B is positive 
and the loading at the back o f the cone ap
proaches that of an infinite baffle. Hence the 

internal depth of the enclosure should lie between 
a ha l f and a quarter-wavelength of the cross-over 
frequency. 

Offsetting the loudspeakers from the centre of 
the baffle may be advantageous. Mount ing them 
flush wi th the baffle board, especially the squaw-
ker and the tweeter, and using sufficiently thick 
material for the wal ls of the enclosure to avoid 
panel resonances w i l l overcome any disadvan
tages arising from mounting the woofer cen
trally. 

3.10 Determination of enclosure volume 

3.10.1 E F F E C T O F E N C L O S U R E V O L U M E O N 

R E S O N A N T F R E Q U E N C Y 

I n Section 3.7 we discussed the effect o f enclosure 
compliance on resonant frequency. F o r a given 
percentage rise in resonant frequency, the volume 
of the enclosure for a part icular speaker can be 
determined wi th the aid o f eqs (3.50) and (3.51). 

T h e volume required for a given percentage 
rise, A , i n resonant frequency is 

0 , 8 7 p c 2 ^ 2 

V = — m 3 , (3.74) 

*Ki+is)*-w} 
where Ss is the stiffness of the speaker and A is 
the effective area of the cone. 

3.10.2 A L L O W A N C E F O R S P E A K E R V O L U M E 

T h e method of mount ing loudspeakers affects 
the volume o f the enclosure. I f they are attached 
to the back of the baffle board, they may reduce 
the volume significantly. I f they are attached to 
the front the effect they have on enclosure volume 
depends on the size o f the holes cut in the baffle 
board to accommodate them and the size of the 
speakers themselves. 

3.11 Construction of enclosure 

I t is essential that the design of an enclosure in 
corporates m a x i m u m rigidity. I f rigidity and air-
tightness are maintained the enclosure w i l l per
form according to its acoustic design charac
teristics. Panel v ibra t ion and poor sealing w i l l 
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introduce distortion and severely affect the power 
handling capabilities o f the woofer, resulting in 
unbalanced speaker outputs. 

B lockboard , p lywood, and a wide variety of 
panel materials may be used. Sol id timber is not 
recommended on account o f warping. T h e cor
ners may be jointed in any way preferred provid
ing that the enclosure remains air-tight. Par t ic
ular attention in this respect should be paid to 
the area around the input plug where loss o f seal
ing can easily occur. 

A variety o f damping materials are avai lable; 
glass wool , kapok and cotton waste have good 
absorption coefficients and an indication o f the 
relative characteristics o f a number of materials 
is given in F i g . 3.13. F o r use in a l l types of 
environmental conditions glass wool or fibre is 
preferred as var ia t ion in its characteristics is neg
ligible. A l though glass woo l is about three times 
as expensive as kapok its use is more than jus t i 
fied on the grounds o f stability. I n view o f its 
high absorption coefficient a thin layer can be 
used to line the inside o f the enclosure. W i t h 
small enclosures where the largest dimension is 
of the order o f 450 mm, a 12 m m layer of absorb
ent material may be adequate. 

4 Cross-over filters 

T h e sound radiat ion from a moving coi l loud
speaker becomes more directional wi th increasing 
frequency. Al though the on-axis sound pressure 
might remain constant, the off-axis sound falls 
off at high frequencies. T h e advantage o f a mul t i -
way system is that the speakers can be dr iven in 
the region where they operate most satisfactorily. 
Outside that frequency region the signals can be 
channelled to loudspeakers designed to operate 
over the appropriate frequency range. T o obtain 
the best performance from a mul t i -way system 
the electrical signal input to the system must be 
divided so that each speaker receives only the 
signals it is required to reproduce. 

T h e individual frequency characteristic o f the 
loudspeakers must overlap each other slightly, 
to mainta in a continuous response throughout 
the audio range. T h e point at wh ich signals 
cease being fed to one loudspeaker and are 
channelled to the loudspeaker reproducing 
signals in the adjacent frequency range, is called 
the cross-over frequency. W h e n determining the 
cross-over frequency and the degree of attenua
t ion either side o f 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. 
I t 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 

T h e 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. 
T a k i n g the last point first, the a im of the design 
is normal ly to obtain as linear a frequency charac
teristic as possible over the required frequency 
range. I n combinat ion wi th a linear amplifier 
characteristic, the overall frequency characteristic 
should be flat, w i th the amplifier tone controls at 
their neutral positions. I n the following discus
sion it w i l l be assumed that a flat characteristic is 
required. 

4.2 Choice of cross-over frequency 

T h e choice of cross-over frequency is a com
promise between the frequency response charac
teristics o f the individual speakers and the 
smoothness of transit ion between one speaker 
and another at the cross-over frequency. I t also 
depends on the power requirements of the sys
tem. I f at the cross-over frequencies of our choice, 
the m a x i m u m power handling capacity o f one of 
the speakers is l ikely to be exceeded, adjusting 
the cross-over frequency can give us the safety 
margin required. T h e 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 w i t h a higher power rat ing or two or 
more of the same type o f loudspeaker suitably 
connected wi th regard to impedance. 
There are two basic methods of signal d iv is ion: 

- 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. C u r e 1,maximum; c u r e 2 , half; curve3, minimum. 

individual adjustment of signal levels to each 
speaker is normal ly provided and correct tonal 
balance can be easily achieved. W i t h a passive 
network the transit ion between speakers cannot 
be as smooth as wi th an electronic system, and a 
loss of 3 d B or more may occur at the cross-over 
frequency. Concerning ourselves p r imar i ly wi th 
passive networks on grounds of economy, the 
choice of cross-over frequency should be based 
on careful consideration o f individual loud
speaker performance characteristics. 

Ar t i f ic ia l ly boosting the mid-range at a selected 
frequency around 2000 H z enhances the liveliness 
and presence o f 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 i n F i g . 4 . 1 . I t is desirable 
to avoid discontinuities i n the loudspeaker re
sponse under any circumstances, but i f one 
occurs i n the region of 2000 H z it can be partic
ularly annoying. 

F r o m 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 . T h e first consists o f 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, k n o w n as a constant 
resistance network, looks identical to the first 
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but has different component values. T h e advan
tage o f the constant resistance type is that not 
only does the input impedance remain constant 
over the frequency range but, i n the case o f 2-way 
speaker systems similar components can have 
similar values. 

The 'c lassic ' approach to filter design is based 
on transmission line theory, using a fictitious 
iterative impedance and iterative parameters. 
Iterative impedance is rather l ike the charac
teristic impedance o f a t ransmission line. Te r 
minating a filter wi th this impedance causes an 
identical impedance to appear, reflected, at the 
input. B u t 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 i n value, and in 
a stop band it is an imaginary, positive or nega
tive reactance. I n view of the s imilar i ty o f char
acteristic and iterative impedance, it is mis
takenly assumed that terminating the last section 
of a classic filter i n a constant resistance w i l l 
cause the correct impedance to be reflected back 
through any number o f filters designed for the 
right value. However , in the v ic in i ty o f cut-off 
this is no longer true, and the use o f conventional 
half-section low-pass and high-pass filters o f the 
m-derived type has given w a y 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 'c lassical ' basis 
require correct termination at both ends, cons
tant resistance filters are not cri t ical of input 
termination. I f the outputs are correctly ter
minated, the input impedance is a constant resist
ance and the response w i l l 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 ' ampl i 
fier output impedance and loudspeaker system 
input impedance. W h a t 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 appl i
cations are characterized by the fol lowing fea
tures : 
- attenuation at the cross-over frequency is 3 d B ; 
- the slope o f the transfer characteristic at the 

cross-over frequency is ha l f the ultimate slope; 
- the ultimate slope is asymptotic to a straight 

line d rawn at the cross-over frequency having a 
slope o f 6 dB/octave mult ipl ied by the number 
of reactive elements (see F i g . 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 w i l l be constant 
over the passband; 

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

- the phase response at the cross-over frequency 
is ha l f the ultimate va lue; 

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

T h e transfer characteristics of multi-reactance 
networks are illustrated i n F i g . 4.2. 

Constant resistance networks are derived from 
the circuits given i n F i g . 4.3. I f the component 
values are chosen to make R0 — ) / (£ . /C) , the 
impedance presented at the input terminals is 
constant and equal to R0 at a l l frequencies. A t 
frequencies below the cross-over frequency, fu 
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Fig. 4.3. When component values are selected to make 
Ro = \'{LIO, the impedance presented at the input termi
nals is a resistance Ro-

C i -
1 

6 dB/octave 

2 « / i 

all the input power is delivered to terminals 3 
and 4 ; at frequencies above flt a l l the input 
power is delivered to terminals 4 and 5. A t either 
side o f frequency / j the slope o f the attenuation 
characteristic approaches 6 dB/octave. T h i s 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 normal ly require filters wi th an 
attenuation characteristic o f 12 dB/octave for 
high fidelity applications. 

T h e values of the inductances and capacitances 
can be determined in the simple case of the 
6 dB/octave filter by mult iplying R 0 and fx: 

R0 = 

whence 

C = 

1 c / , = 

l 

l 

2n ]/(LQ 

l 

2nC 

and L = 
2jifXR0 2nfx 

I n the case of single reactance filters, therefore, 
the reactance of each component is made equal 
to R 0 at the cross-over frequency. F o r filters hav
ing two reactances per section (12 dB/octave 
types), the components have values that make 
their reactances equal to RD]/2 in the paral lel case 
and RJ}/2 in the series case. T h i s 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 Tab le 4.2 
for 12 dB/octave filters. F igure 4.5 shows two 
practical circuit arrangements where the cross
over frequency is 1000 H z . 

C 3 = n U-f LJ 

c 2 = 

Li = 
2 r r / l ( / 2 

12 dB/octave 

C 3 = 
I 

2 n / i i ? o / 2 

Fig. 4.4. Constant resistance cross-over filter networks for 
2-way systems with cross-over frequency f\. 

(a) 

24 idM 

C TNen 

(b) 

Fig. 4.5. (a) Cross-over filter for two-way system. Attenua
tion is 6 dB/octave (symmetrical). Cross-over frequency is 
1000 Hz . (b) Cross-over filter for two-way system. Attenua
tion is 12 dB/octave (symmetrical). Cross-over frequency is 
1000 Hz. 
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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 

fx Li C , 
(Hz) (ft) (mH) (H-F) 

5 1,6 64 
500 10 3,2 32 

20 6,4 16 

5 1,1 45 
700 10 2,3 23 

20 4,5 11 

5 0,8 32 
1000 10 1,6 16 

20 3,2 8 

5 0,7 26 
1200 10 1,3 13 

20 ' 2,6 7 

5 0,5 20 
1600 10 1,0 10 

20 2,0 5 

5 0,4 16 
2000 10 0,8 8 

20 1,6 4 

5 0,3 13 
2400 10 0,7 7 

20 1,3 3 

4.5 Networks for three-way systems 

Networks for three-way systems require an ad
dit ional 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 wh ich the 
squawker rolls off and the tweeter rol ls on. F o r 
symmetrical filters, i n which rol l-on and roll-off 
slopes are al ike, the component values for pas
sive filter networks of constant resistance design 
may be calculated from F i g . 4.6. 

A n alternative approach is to use two 2-way 
filters together to form a 3-way filter. T h e prin
ciple is shown in F i g . 4.7. T h e 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 v i a the 'tweeter' terminals of 

* Corresponding to nominal loudspeaker impedances of 
4 ft, 8 ft and 16 ft respectively. 

fi Ro L 2 C2 L 3 C 3 

(Hz) (ft) (mH) (H-F) (mH) ( ^ . F ) 

5 1,1 90 2,2 45 
500 10 2,2 45 4,5 22 

20 4,5 22 9 11 

5 0,8 64 1,6 32 
700 10 1,6 32 3,2 16 

20 3,2 16 6,4 8 

5 0,5 45 1,1 22 
1000 10 1,1 22 2,2 11 

20 2,2 11 4,5 5,5 

5 0,47 37 0,94 19 
1200 10 0,94 19 1,87 9,4 

20 1,87 9 3,75 

5 0,35 28 0,7 14 
1600 10 0,7 14 1,4 7 

20 1,4 7 2,8 3,5 

5 0,28 22 0,56 11 
2000 10 0,56 11 1,1 5,5 

20 1,1 5,5 2,2 2,8 

5 0,23 19 0,47 9,4 
2400 10 0,47 4,7 0,94 4,7 

20 0,94 9,4 1,87 2,3 

filter A . T h i s higher range of frequencies is 
divided between the squawker and the tweeter in 
accordance wi th the cross-over frequency o f 
filter B . T h e simplicity o f this method is clear and 
excellent results are easily obtained. 

4.6 The effect of loudspeaker impedance 

W e have assumed so far that a loudspeaker pre
sents a constant and purely resistive load to the 
cross-over filter. I n practice the load w i l l vary 
wi th frequency due to the inductance and mo
tional impedance of the voice coi l . 

A t resonance the impedance is high, falling 
sharply as frequency increases then rising slowly 
again. T h e effect o f the changing impedance on 
the filter characteristic coupled with the fre
quency response of the loudspeaker suggests that 
a smoother overal l t ransit ion through the cross-
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over region could be obtained i f the low-fre
quency speaker were made to roll-off at 6 d B / 
octave and the high-frequency speaker were 
made to roll-on at 12 dB/octave. A filter wi th 
diilerent roll-on and roll-off slopes is said to be 
asymmetric. There is another means of com
pensating for the var ia t ion of loudspeaker imped-
dance. 

r - ° -

l c - 5 0 0 H z f c « 4 0 0 0 H z JZ;SOS« 

Fig. 4.7. Alternative approach to the design of three-way 
filters. 

£ 4 = £ 5 = 

Q = C5 : 

2 " / i 
1 

6 dB/octave 

271/j 

I 

271/1*0 

12 dB/octave 

C 7 = C 1 0 

2nf2V2 

1 

Cg = Cg = 
V2 

271/2*0 

I - I - *°-

1 
C u = C l 2 = 2 ^ * 7 7 2 C l 3 = C u - 2 ^ * 0 V2 

*oj/2 
£.12 = Lu = 

*o£2 

Fig. 4.6. Constant resistance cross-over filter networks for 
three-way systems. 

The loudspeaker impedance seen by the cross
over network can be made fair ly constant by 
using the compensating network illustrated in 
F i g . 4.8. T h e impedance of both speakers rises 
wi th increasing frequency and appears more 
inductive. T h e impedance can be made resistive 
by adding a series RC c ircui t in parallel wi th the 
loudspeaker. A l though this is not perfect, cal
culation and experiment enable a value of R and 
C to be chosen which w i l l produce a reasonably 
constant load at least one octave either side of 
cross-over wh ich is the most cr i t ical region. 

A method of using the inductive component 
of the loudspeaker impedance may be practised 
where an inductor is in series wi th a loudspeaker 
as shown i n F i g . 4.9. T h e value of the inductor 
can be reduced by an amount equal to the induc
tive component of the voice coi l impedance 
measured at the cross-over frequency. T h i s brings 
about a reduction in the value of the filter com
ponent and the constant resistance properties of 
the cross-over filter can be maintained, 

4.7 Phase response 

I t is essential that the phase response of a cross
over filter is carefully considered. T h e cross-over 
network, composed of reactive elements, intro
duces phase changes into the system. I n single-
element sections, 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 wi th the input. A s 
the frequency decreases from the cross-over fre
quency the phase o f the high-frequency output 
approaches + 9 0 ° relative to the input, while the 
low-frequency output tends to become in phase 
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with the input. A s can be seen i n F i g . 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. 

F igure 4.11 shows that the situation is s imilar 

for 12 dB/octave filters employing two-element 

sections but the difference between the outputs is 

180° and there is a phase difference of 90° be

tween the input and the outputs at the cross-over 

frequency. 

Z E | 1 3 0 

( f l l 
1 2 0 

Frequency (Hz) 

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. 

woofer 
R . L2 

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 L\ = L\ — Ls. Inductance 
Ls 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. 

90° 

l «K l 

15° 

15° 

lag 

90° 

constant phase 
difference of 91 

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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Fig. 4.11. Phase difference between outputs and input of a 
two-element cross-over network terminated with the ap
propriate resistance. 

Something must be done therefore to prevent 
anti-phase conditions leading to acoustic cancel
lat ion. W i t h a network having 180° phase dif
ference between its outputs it is a simple matter 
to reverse the connections to one of the speakers. 
Elec t r ica l ly the voice coils w i l l 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 o f the polari ty o f 
the voice coi l terminals. Phi l ips loudspeakers 
have one terminal marked wi th a red dot. W h e n 
a d.c. voltage is applied to the voice coi l so that 
the red connection is positive, the voice coi l w i l l 
move forwards. 

T h e curves o f F igs 4.10 and 4.11 only apply 
when the networks are resistor terminated. I t 
follows that a l l we have said about phase re
sponse w i l l be modified by the phase angle (the 
phase difference between the voltage across the 
voice coi l and thd iu r ren t through i t ) o f the loud
speaker impedance at the cross-over frequency. 
A n example of the var ia t ion o f the angle and 
magnitude o f loudspeaker impedance wi th fre
quency is shown i n F i g . 4.8. 

4.8 Obtaining a smooth response 

I n order to obtain a smooth transit ion from one 
speaker to another it is important to select 
speakers wi th sensitivities wi th in about 2 d B of 
each other. A greater difference w i l l cause an 
audible step in the response as shown in F i g . 
4.12(a). 

7Z7809B 

(b) 

Fig. 4.12. Speakers with different sensitivities when used in 
the same system give rise to a step in the overall system re
sponse (a). 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 
o f the system cannot be obtained, the higher 
sensitivity speaker can be exchanged for a similar 
speaker o f higher impedance (see F i g . 4.12(6)). 
T h i s w i l l then operate a t a reduced power level 
and acoustic output. T h e same effect can be 
achieved by inserting a low-value resistor, o f a 
suitable power rat ing, in series wi th the higher 
sensitivity speaker. A combinat ion of both 
methods can be used. 

I t is also necessary to ensure that one speaker 
is capable of tak ing over the signal from the 
other at the cross-over frequency. I f two speakers 
have responses w h i c h do not overlap appre
ciably, a gap w i l l occur in the overal l response 
when they are connected through a filter wh ich 
introduces a further 3 d B attenuation at cross
over. T h i s is shown i n F i g . 4.13. 

T h e ultimate a im of cross-over filter design is 
to obtain the best matching o f the acoustic char
acteristics o f the different speakers in the system. 
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Fig. 4.13. («) Frequency response of two speakers with in
sufficient overlap in their characteristics. (6) Combined 
response, note the dip in the curve at cross-over. 

T h i s may necessitate some modifications to the 
standard types o f filter already discussed. A n 
example o f this is illustrated in F igs 4.14 and 4.15. 
T h e sound pressure curves o f a woofer and 
tweeter, measured on axis , are shown in F i g . 
4.14(6). Us ing a conventional type o f filter w i t h 
a cross-over frequency o f 2000 H z leads to a sys
tem response curve wi th a peak in the cross-over 
region because the frequency/response char
acteristics o f both speakers are relatively high in 
this region. T h i s is i l lustrated i n F i g . 4.14. 

T h e peak can be avoided by choosing an earlier 
roll-off for the woofer and a later rol l -on for the 
tweeter. T h i s is i l lustrated i n F i g . 4.15 and it is 
clear that there is now a distinction between the 
—3 d B points o f the filter and the cross-over 
frequency o f the filter wi th a purely resistive ter
minat ion (2000 H z ) or wi th a loudspeaker ter
minat ion (1700 H z ) . 

A cross-over filter should be designed i n con
junc t ion w i t h the speakers and the enclosure to 
be used. F o l l o w i n g prel iminary analysis and the 
construction o f a prototype, the system should be 
tested wi th the cross-over filter outside the enclo
sure. Changes in filter design or the reversal o f 
speaker connections can then be made between 
tests unt i l 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 H T supply 
unit (right); the complete broadcast receiver as built by Philips in 1927. 
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Fig. 4.14. (a) Ideal characteristic of a cross-over filter, (b) 
Frequency response of two speakers both showing a peak in 
the cross-over region, (c) Combined response of the two 
speakers using the cross-over filter of (a), note peak at 
cross-over. 

Fig. 4.15. (a) Characteristic of filter of Fig. 4.14(a) rede
signed to have an earlier roll-off for the woofer and a later 
roll-on for the tweeter, (b) The cross-over frequency of the 
filter terminated by the speakers becomes 1700 H z and the 
overall frequency response of the system, (c), is much 
smoother. 
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D e s i g n i n g hi-fi s p e a k e r s y s t e m s -
p a r t 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 

I n Europe , D I N 45573 and D I N 45500 are the 

standards main ly used to define h i - f i . A smal l 
label, affixed to hi-f i equipment is commonly 
used to indicate that the appropriate standard 
has been complied wi th . I t is not proposed to 
provide a t ranslat ion o f these standards in this 
publication but a number o f interesting points 
arising from them wi l l be discussed. 

H i g h fidelity s tandard D I N 45500 defines the 
requirements for frequency response measured 
in a half-free (2n steradian) field by the use o f a 
standard curve ( F i g . 5 .1) . W h e n a frequency 
response curve has been determined for a loud
speaker system, the curve o f F i g . 5.1 is overlaid 
on it . T h e two curves must obviously be d rawn 
to the same scale. T h e middle line of the stan
dard is adjusted to the average o f the loud
speaker system response and the system re
sponse is defined as conforming to the hi-f i 
s tandard i f it lies wi th in the upper and lower 
l imits o f the standard. 

+ 10 

dB 

10 20 50 100 200 500 H2 

- I 1—L-

10 kHz 2Q 

Fig. 5.1. High fidelity standard DIN 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. 



F i g . 5.2 shows the frequency response curve 
o f a typical 3-way sealed enclosure loudspeaker 
system. Figure 5.3 shows that the system con
forms to D I N 45500. 
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Fig. 5.2. Response curve of a high fidelity, multi-way. 
sealed enclosure, loudspeaker system. 

(1) T h e half-free field or 2n steradian field in 
which the acoustical conditions on the for
ward side o f the loudspeaker approach 
those o f free space. T h e condit ion is i l lus
trated in F i g . 5.4 where the loudspeaker is 
baffle mounted and fixed in the ground in 
an anechoic environment. 

Fig. 5.4. Half-free field measurement on a single loud
speaker. 

(2) T h e free-field or ¥77 steradian field is de
fined in I E C publication 268-5 (sub-clause 
3.3) . T h e acoustical conditions approach 
those o f free space. 

10 20 50 100 200 500 1000 2000 5000 10000 20000 
f IHzl 

Fig. 5.3. The response curve of Fig. 5.2 superimposed on 
Ihe DIN 45500 characteristic (Fig. 5.1) shows that the loud
speaker system conforms to the high fidelity standard. 

T h e standard curve is often drawn on a trans
parency or a transparent plastic sheet for easy 
use in the laboratory. I t 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 o f loudspeakers and 
loudspeaker systems presenting a wide choice of 
performance intended for different acoustical 
environments. Predic tably , various test meth
ods have evolved to test the loudspeaker in 
various environments. T w o conditions are often 
referred to 

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. H o w 
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. T h i s 
is discussed in Section 6. 

T h e half-free field and free field are widely 
used standard conditions and, in fact, conver
sion can be made between the two methods. 
F i g . 5.5 shows a curve which may be used, 
under certain circumstances, to convert a 4n 
steradian characteristic measured on-axis on a 
sealed enclosure or bass reflex loudspeaker 
system to the equivalent 2TT steradian charac
teristic for the system. T h e conditions under 
which the conversion is val id are that the en
closure has a m a x i m u m front area o f about 
30 x 60 c m , the smallest dimension o f which (d) 
is used to derive the transit ion frequency 
f0 = 120/d H z . T h e 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 part icular type o f charac
teristic, this is explained by the manufacturer 
concerned. 
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Fig. 5.5. In some circumstances a loudspeaker response 
curve measured in a 4it steradian field can be converted to 
Ihe equivalent half-free (In steradian) field curve using the 
curve shown above. 

(a) 

T h e determination o f power handling capac
ity has been discussed in Sect. 3.8.6. T h e ap
propriate weighted signal is derived from a 
source o f 'whi te noise' which is filtered to give 
the required frequency distr ibution. T h e re
sponse o f the filter is described in D I N 45573 and 
il lustrated in F i g . 5.6. T h e standard is also 
under consideration by the I E C . 

T h e frequency range o f a system is defined as 
the range between the bass and treble frequen
cies which are 8 d B below the mean response. 

WHITE NOISE 
G E N E R A T O R 
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18kn 
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n J 2.2 

nF 
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(b) 

Fig. 5.6. (a) Relative amplitude of frequencies in a noise 
signal used for testing loudspeakers, (b) The filter necessar. 
to derive this response from a "white" noise signal. 



S.2 Standard test conditions 

The standard atmospheric conditions for testing 
are: 

Temperature, 20-25 ° C 
Relat ive humidity, 45-75% 
Atmospher ic pressure, 

860-1060 mbar (86-106 k P a ) 
The acoustic environments can, as has already 
been stated, take different forms. 

5.2.1 U N M O U N T E D T E S T S 

A n easy and reproducible test is to measure the 
response o f an unmounted loudspeaker in an 
anechoic room. T h e test lends itself easily to 
quality control measurements. A response curve 
obtained using this method to test a 4-inch, ful l -
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 lype AD40500M4. Curve (a) is a 4n sleradian 
measurement made with the loudspeaker unmounted. 
Curve (b) is a 2n sleradian measurement made with the 
loudspeaker mounted on an IKC baffle. Both are on-axis 
characteristics measured in an anechoic room. 
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5.2.2 M O U N T E D T E S T S 

Loudspeakers can be tested mounted on a baffle 
or in a sealed enclosure under half-free or free 
field condit ions. Figure 5.7 offers a comparison 
between the unmounted test and the result when 
the same loudspeaker is mounted on an I E C 
baffle. The re are also tests which seek to s im
ulate the response o f a mounted loudspeaker in 
a typical setting - a l iving 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 s imulated l iving room environment. 

F o r var ious 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. 
T h e famil iar 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 l iv ing room (d) . T h e 2?r stera-
dian field measurement (c) exhibits a drop in re
sponse a round 400 to 500 H z . 

A typical l iv ing room is, o f course, rather dif
ficult to define and no generally accepted stan
dard has yet emerged. T h e results o f living 
room measurements should be accompanied by 
a rather fuller description o f the test set-up than 
would be necessary were one able to quote a 
suitable, universa l ly accla imed, specification. 
One aspect that certainly has a marked effect on 
the measurements obtained is the deployment 
of the loudspeaker system with respect to the 
wal ls , f loor and ceiling o f the room. Figure 5.9 
compares on-axis sound pressure level /fre
quency characterist ics measured with a loud
speaker mounted in several different positions 
in a l iving room type environment . T h e loud
speaker mounted on the floor (a) shows some 
boost in the lower frequency zone around 60 to 
70 H z and around 200 H z , when compared to 
measurements made with the loudspeaker 
mounted 0,6 metres off the floor (dashed line). 
W i t h the speaker moved back against the wal l 
(b) the speaker characteristics shows further 

boost at the lower frequencies, which is in
creased again when the speaker is set in the 
corner o f the room (c) . T h e sound is reflected 
from adjacent surfaces forming ' image ' sources 
so that the effect is o f a larger more directional 
source par t icular ly as far as the low frequencies 
are concerned. 

T h e ' l iv ing r o o m ' conditions used by Phi l ips 
for loudspeaker tests are the result o f an ex
haustive study o f conditions in genuine l iving 
rooms. T h e measurement conditions are design
ed to avoid the setting up o f standing waves and 
the reverberation time is an average taken from 
many measurements made in genuine l iving 
rooms. A l though , o f course, one would be very 
unlikely to come across the average l iving room, 
the s imulat ion o f an average l iv ing room is a 
useful exercise-. F igure 5.10 is the result o f rever
beration measurements in many European liv
ing rooms. 

5.3 Resonance frequency and rated impedance 

T h e simple circuit arrangement shown in F i g . 
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 var iable frequency 
signal generator. T h e frequency is swept slowly 
from 0 to 20 000 H z and the resonance fre
quency is indicated by the first m i n i m u m volt
meter reading. 

T h e rated impedance ascribed to a particular 
loudspeaker type by a manufacturer , is a nom
inal value. T h e modulus o f the lowest value o f 
electrical impedance measured on a loudspeaker 
at any frequency above the bass resonance fre
quency is no less than 8 0 % o f the loudspeaker 's 
rated impedance. A typical speaker impedance 
curve is shown in F i g . 5.12 i l lustrat ing the point 
at which speaker impedance is measured. 

5.4 Speech coil resistance 

T h e speech coi l resistance is normal ly measured 
with a d.c. ohmmeter and w i l l normal ly be 
about 15 to 2 0 % lower than the rated impe
dance. 
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Fig. 5,8. Frequency response of a complete, 3-way high 
fidelity sealed enclosure loudspeaker system measured 
under various conditions, (a) Characteristic obtained in an 
anechoic room, (b) The characteristic obtained in the rever
beration room, (c) The half-free field measurement, (d) The 
living room measurement. 
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Fig. 5.9. The most noticeable effect of the proximity of 
walls and floors etc. is base lift. The characteristic of a loud
speaker placed 0,6 m from the floor and 0,8 and 2 m from 
the walls is shown as a dashed line for comparison with the 
curve obtained when it is (a) moved down onto the floor 
(b) moved back against the wall and (c) moved into the 
corner of a room. 

51 



Fig. 5.10. Average reverberation time in living rooms 
derived from many measurements made in European living 
rooms. 
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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. 

5.5 Magnetic flux density 

The magnetic f lux density in the air gap is meas
ured over the air-gap height with a differential 
search coil and a reflecting galvanometer. 

5.6 Distortion 

T o determine distort ion, a sinusoidal signal is 
applied to the loudspeaker so that an average 

SPL of 96 d B relative to 2 x 10" 4 ubar (20 uPa) is 
obtained between 100 and 8000 H z at a distance 
of 1 metre. T h e fundamental frequency is f i l 
tered out and the resulting signal represents the 
distortion. T h e nature and causes o f loud
speaker signal distortion are discussed in Sec
tion 2 . 1 1 . 

5.7 Directivity 

Loudspeaker directivity, and its measurement, 
have been discussed earlier (Section 2.10) . The 
loudspeaker, clamp-mounted on the centre o f 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 o f 1 metre from the loud
speaker, feeds the varying acoustic response to 
a polar recorder. Unmounted , the loudspeaker 
exhibits the effects o f acoustic short-circuiting 
at low frequencies and increasing directivity at 
high frequencies. Figure 2.15 illustrates these 
effects clearly for a quality full-range speaker. 
Figure 5.13 illustrates the polar response o f a 1-
inch dome tweeter at five different frequencies. 

10 kHz 20 

Fig. 5.12. Rated impedance is the modulus of the lowest 
value of electrical impedance above the resonance fre
quency. 
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Fig. 5.13. Polar response of a 1-inch dome tweeter at five 
different frequencies. 

A g a i n directivity increases with frequency and 
the polar response at 18 000 H z shows marked 
directivity, two well-defined side lobes and no 
measurable back radiat ion. A t 1000 H z the 
polar response is far more even, being at a 
m a x i m u m at the front o f the loudspeaker with 
two min ima at the rear. 
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5.8 Measurement of QT 

The total quality factor, Q T , o f a loudspeaker 
(or system of loudspeakers) mounted in an en
closure may be determined as outlined in Sec
tion 3.6. Express ions are given which are rele
vant to both the constant current condition 
(high signal source impedance) and the constant 
voltage condit ion ( low signal source impe
dance). T h e latter condition is more relevant to 
modern, solid-state amplif iers . 

5.9 Dynamic mass 

T h e dynamic mass o f a loudspeaker M d is com
prised o f the mass of the air load M ' M R and that 
of the moving parts o f the loudspeaker M M R . T o 
determine the dynamic mass o f a loudspeaker it 
is first necessary to find out its resonance fre
quency, f0, then the resonance frequency, fm, 
which is observed when a mass m o f a few 
grams is added to the speaker cone. The 
dynamic mass is then given by 

M6 = MMC + M ' M R = — ~ (5.1) 
f 0 ~ f m 

(see Section 3.3.1) . 

then, 

1 
C M = — — m / N . (5.2) 

5.12 Transducing constant Bl 

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

F = Bli newtons. 

I f a loudspeaker is mounted cone upwards, and 
a known weight in is added to the cone, the cone 
wi l l be displaced downwards . T h e direct cur
rent, / ' , which restores the cone to its original 
position enables the transducing constant to be 
evaluated from the fol lowing expression: 

9,8m 
Bl = . (5.3) 

/ ' 

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

5.10 Mass of the speech coil and cone 

T h e mass o f the moving system of a loud
speaker can be obtained s imply by weighing 
those parts, but where one is confronted with an 
assembled loudspeaker the weight o f the 
moving parts can be calculated from eq. ( 5 . 1 ) : 
Mi = Muc + A / ' M R . T h e mass o f the air load, 
M ' M R , is given by eq. ( 3 . 1 4 ) as 2 x l , 5 8 r 3 kg, 
where r is the effective cone radius in metres. 
T h e mass o f the moving parts, M M c , is then 
derived by subtracting M'MK from Me. 

5.11 Mechanical compliance of suspension 

I f the resonance frequency and the dynamic 
mass are known , since, f rom eqs ( 3 . 1 1 ) and 
( 5 . 1 ) , 

1 

/ o ~ 2n | / ( M d C M ) 

5.13 Mechanical resistance of the suspension 

T h e mechanical radiat ion resistance o f the sus
pension can be measured by making measure
ments on an unmounted loudspeaker. F r o m eq. 
(3.38) we know that 

co0' MA 

RA = 

from which , for an unmounted loudspeaker we 
get 

OJ0{MMC + 3,15 r 3 ) 
/ ?MS + # M R = (5.4) 

Qn 

where 7? M R is the mechanical radiation resistance 
of an unmounted loudspeaker and is about 
8,45 x 10" 6 + r 6 / 4 m . k . s . mechanical ohms and 
can thus be ignored. 
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6 Digital testing techniques 
It is hardly surpris ing that the measurement o f 
loudspeaker performance is yet another applica
tion where the computer offers advantages o f 
speed and rel iabi l i ty over traditional methods. 
Loudspeaker or speaker system characteristics 
can be derived from a mathematical analysis o f 
the system response to a single pulse input. 
Fur ther , 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. T h e isolated anechoic room 
is no longer as essential in the measurement o f 
loudspeaker performance. 

used to acquire and store the loudspeaker out
put signal . T h e result o f an analogue-to-digital 
conversion o f each sample is stored in memory 
and, after sampling, the Four ie r transforms o f 
both input and output signals are evaluated to 
obtain the transfer function, T. F r o m this 
various loudspeaker characteristics can be 
evaluated and displayed or plotted on suitable 
peripheral equipment, namely 

- the sound pressure level ( S P L ) which corre
sponds with the modulus \T\, 

- the phase response (tp) which corresponds 
with the phase operator o f T, 

- the time delay which corresponds to d<p/da>, 

6.1 Principles of operation 

A loudspeaker (or a complete system) can be 
completely characterized by a complex transfer 
function T = S .y /S* . Sx and S.y are the Four ier 
transforms o f the input and output as i l lus
trated in F i g . 6 . 1 . 

Figure 6.2 is a s implif ied i l lustration o f the 
analysis process. A fast sampling technique is 

J T x l t ) 

electrical input 
[Sx) 

Y(t) 

acoustic output 
(Sy) 

Fig. 6.1. A loudspeaker - or loudspeaker system - can be 
characterized by a complex transfer function. T = S.V/SJC. 

sample stored 

signal 

analysis 

J""|_ speaker input signal 

A - D 
CONVERTER 

& STORE 
F F T 

speal - d l ^ - D -

er \ speaker 

A - D 
CONVERTER 

& STORE 
F F T 

speal - d l ^ - D -

er \ speaker 

A - D 
CONVERTER 

& STORE 
F F T 

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. 

63 



6.2 Input signal 

The most convenient input signal for the pur
poses o f analysis is a square pulse as this com
prises a distribution of sinusoidal signals with a 
IV .J juency/ampli tude relationship conforming 
to the function Jsin x/x\. Appropr ia te choice of 
the pulse width thus ensures a fair ly flat fre
quency/ampl i tude characteristic for the audio
frequency part o f the input signal. Referr ing to 
F i g . 6.3, a pulse width of 10 us (\/t = 100 k H z ) 
ensures a fairly flat response between 0 H z and 
20 k H z {P and Q in F i g . 6.3(b)) so that the out
put requires little or no correction for non-
linearity in the input signal. E v e n 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. 

quency is slightly more than twice the maximum 
frequency (usually 20 k H z ) 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 signal component. 
However , practical considerations limit the 
sampling 'w indow ' to a reasonable time, T, 
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. Fur ther to this, the window 
dimension, T, dictates the spacing, A / , of the 
processed output data in the frequency domain 
- see F i g . 6.4(b). 

7 Z 7 9 8 S 9 

(a) (b) 

Fig. 6.3. The input signal is a rectangular pulse (a), this 
having sinusoidal components which correspond in magni
tude to the function | sin jr / j r | (b) in the frequency domain. 
A 10 us pulse (1/t = 10 s Hz) gives a reasonably flat audio
frequency (0 to 20 kHz) distribution. 

6.3 Sampling 

T h e 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 At. T h e 
sampled data is stored. The faster the sampling 
process ( i .e . the smaller At in F i g . 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 that slightly more than two samples per 
cycle are sufficient to fully describe a sinewave. 
In othe'r words the m i n i m u m sampling fre-

6.4 Eliminating random noise 

When making measurements, noise problems 
can arise i f the input signal has insufficient 
energy. In this case repetitive measurements can 
be made, the results being cumulat ively summed 
in store. Random sound data tend to average 
out while significant data are added. T h e result 
is a very close approximat ion 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 F F T a lgor i thm, both amplitude 
(normal anechoic sound pressure) and phase 
can be computed and plotted on suitable ter
minal equipment. T h e time delay (dcp/dco) can 
also be derived fairly s imply from the same pro
cess thus presenting a comprehensive set o f 
characteristics very rapidly. 
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amplitude 

amplitude 

Frequency 

Fig. 6.4. The loudspeaker output (a) is sampled at At inter
vals within a lime window 7". The frequency response (b) 
obtained from the analysis of the loudspeaker output is 
constructed from data spaced in the frequency domain by 
A / . The frequency response shown is plotted linearly; it 
could also be plotted logarithmically. Sampling frequency 
limits the highest detectable frequency ( / m a x < 0,5 A/ ) ; 
7" limits the lowest detectable frequency and determines the 
interval A / . 

Besides the benefit o f speed it should be 
noted that when a suitable sampling window is 
used this technique produces a genuine free 
field characterist ic . T h i s is not often the case 
wi th the anechoic room where standing waves 
are usually present at low frequencies. 

A further considerat ion in favour o f 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 

Digi tal 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 var ia t ion func
tioning in frequency and time. A three dimen
sional model , frequency-time-sPL, can be plot
ted using digital signal processing techniques. 

T h e speaker is energized by a signal com
prising the complete audio spectrum with a 
reasonably flat ampli tude/frequency charac
teristic and the normal (ax ia l ) S P L is observed. I f 
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 wi th in 
the e lec t r ica l /mechanica l /acous t ica l system. 

Us ing the signal sampling and analysing tech
niques already discussed a 3-dimensional ' l and
scape' o f the acoustic pressure at the micro
phone can be constructed. Such characteristics 
are shown in F i g . 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' 
characterist ic, showing time contours o f the 
decaying S P L across the complete frequency 
spectrum. L ines 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 o f 
constant frequency, (parallel to the time axis ) 
and reflections show up as ridges at regular time 
intervals paral lel to the frequency axis . T h e 
landscape thus formed tells us a lot more about 
the loudspeaker (or system) character than the 
tradi t ional methods o f measurement and cor
responds very wel l to the way in which our ears 
perceive sound. 

Ideally the loudspeaker should exhibit a flat 
steady-state S P L wi th a fast fal l off, un i form 
across the frequency spectrum, after switch off. 
Neither type o f ridge should be present in the 
ideal case. 

In constructing these characteristics signal 
processing techniques have been used to remove 
irrelevant data, thus presenting a clearer picture 
o f the free-space loudspeaker characteristic. 
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, Fig. 6.5. The decay characteristics of a full-range loud
speaker (a) and a dome (wceler (b). The peaks along the fre
quency axis appear as ridges parallel to the time axis and 
represent resonant frequencies. Ridges parallel to tlie fre
quency axis indicate reflections (againsi Ihc enclose c 

-j walls). 



7 Direct and reflected sound 
Listening to sound from a point source in a per
fectly quiet environment, the sound pressure 
level has a component which is due to direct 
. ' d i a t i o n from the source and a component 
which is the sound reflected from the environ
ment. 

7.1 Direct sound 

Consider a point source o f acoustic power, W, 
radiating evenly in a l l directions under free 
space (zero reflection) conditions ( F i g . 7.1). The 
energy density, E, at a distance r from the 
source can be derived from the expression 

Wdt = E4nr2cdt 

where c is the velocity o f sound (344 m / s ) . 

T h u s , from eqs (7.1) and (7.2) we can write 

W 
/ = 

or 

/ = 

4nr2 

WQ 

4nr2 
(7.3) 

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

cdt 

Fig. 7.1. Energy density at distance r from a point source 
W/4nr2c. 

Rewri t ing the expression, we get 

W 
E = . 

4nr2c 

We can also define energy density as 

n2 
E = 

(7.1) 

(7.2) 

where p is the alternating (sound) pressure in 
N / m 2 (or P a ) and g is the density (normal ly 
about 1,18 k g / m 3 ) . 
F r o m Section 1, eq. (1.15) we observe that the 
intensity of sound is given by the expression 

/ = 

7.2 Reflected sound 

Taking the same source considered in Section 
7.1 and placing it in a natural environment wi l l 
cause reflected sound to be propagated in the 
space surrounding the source. W i t h the source 
radiating the same acoustic power, W, the 
energy density at any point wi l l be the sum of 
that contributed by the direct sound (W/4nr2c) 
and that due to reflected sound. 

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

E = E0e-' 

where E0 is the energy density at the instant of 
switch off. 
The reverberation time, T, is the time it takes 
the sound to fall by 60 d B after the source has 
been switched off. T h u s e~aT = 10~ 6, and the 
reverberation coefficient, a, is 6 In 10/7". The 
reverberation time for a part icular room wi l l 
vary with frequency so that for a part icular 
sound it w i l l depend on the frequency content 
of the sound. 

The rate o f energy absorption after switch-off 
is given by 

d £ 

dl 
= -aE0e-"' 

oc 
and thus, at the moment o f switch off (t = 0) 
the rate o f absorption is aE0. T h i s corresponds 
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to the rate o f absorption while the source o f the 
sound is radiating and thus, 

Wdt = aE0Vdt 

where K i s the volume o f the room. Manipula t 
ing this expression and substituting 6 In 1 0 / 7 
for a, we get an expression for the energy 
density of reflected sound due to a sound source 
of known output Win a hall or room of known 
volume K a n d reverberation time 7: 

£ = 0,072-
WT 

(7.4) 

Other expressions applicable to the reflected 
sound are as fol lows: 

A verage free path length 

4V 
d= — . (7 .5) 

(5 = total surface area o f the walls o f the room) . 

A bsorption 

A = S ( - l n ( l - a ) | 
= Sa where a 1 

(7.6) 

(a is the average absorption coefficient o f the 
room) . 

Reflected energy intensity 

p2 W 

4QC R 

7.3 Direct radiation field 

(7.9) 

T h e listener in a hal l or room wi l l receive both 
direct sound from a loudspeaker and reflected 
sound. T h e ratio o f direct to reflected sound 
wi l l depend on the placement o f the loudspeaker 
and the listener's position relative to it. Close to 
the loudspeaker direct sound wi l l swamp the 
reflected sound. Fur ther away the ratio wi l l 
d iminish . T h e 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 . 

T h e boundary for an omnidirectional point 
source o f sound can be calculated by equating 
eqs (7 .1) and (7 .4 ) . T h e radius r0 o f the area in 
which direct sound is dominant is thus given by 

r0 = 0,057 
ft 

(7.10) 

F o r a pract ical loudspeaker system a directivity 
factor must also be taken into account. 

Reverberation time 

V 
7 = 0,16 — (7.7) 

or 

7 = 0,16 
V 

A + 4Vm 

where V is the volume of the room in cubic 
metres, A is the absorption square metres, and 
m is the absorption o f the a i r . 

Room constant 

Sa 
R = 

l - a 

I f a H 1 

R = A 

(7 .8) 

7.4 Total sound level 

T h e total alternating sound pressure is the sum 
of the direct and the reflected sound. F o r a 
point at a distance r from the source, the sound 
pressure due the direct radiation can be ob
tained from eq. (7 .3 ) , 

/ = 
4nr2 

P 

QC 

T h u s 

WOQC 
p2 = —==—. 

4nr2 

T h e sound pressure due to the reflected sound is 
derived from eq. (7 .9 ) , 

7 = 
4oc 

W 

R 
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Thus the total sound pressure (direct + reflected) 
is eiven bv 

Q 4 

p1 = Woc\ + — 
' 4nr2 R 

(7.11) 

Equat ion (7.11) can be manipulated to obtain 

p2 W W^QC( Q 4 
+ — 

p2

ct WTzS p2

TC, \ 4nr2 R 

The sound pressure level (SPL ) and power level 
( P W L ) , as defined in Section 1, are thus 

W Wrc!gc 
SPL = 101og l o + 10 l o g 1 0 : — 

+ l O l o g . o f - ^ r + ^ ) . 
V 4?r/-2 RJ 

( Q 4 \ 
SPL = P W L + 10 l o e 1 0 + — . (7.12) 

~ V 4nr2 R) 

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. 

\ Q 
§> . 

R 4nr2 

A s the distance r from the loudspeaker to the 
microphone is a lways more than 1 metre, and 

R = A 

eq. (7.12) can be rewritten, 

4 
P W L = SPL - 10 log — , 

or using eq. (7 .7) , 

P W L = SPL - 10 log -
25 7 

V 

T h u s , for example, i f V = 200 m 3 , 

T 
P W L = SPL —10 log — . 

8 
T h e last term is a correction factor enabling 
conversion between a sound pressure curve and 
the equivalent energy curve. 

8 Listening room acoustics 

The listening room wi l l normally be the living 
room and, apart 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 wal l s , it can 
also travel around the room by reflection from 
adjacent wal ls . At certain angles o f reflection 
standing waves may be set up. A s there are two 
pairs o f " w a l l s " , plus the ceiling and floor, 
there are three groups o f modes o f oscillation. 

T h e resonance frequencies o f any rectangular 
enclosure are given by the Rayleigh equation: 

h = (8.1) 
2 { \ L j \W) \H 

where f„ = « t h resonance frequency ( H z ) 
c = velocity o f sound (344 m / s ) 
L = room length (m) 
W = room width (m) 
H = room height (m) 

and nL> / ? w and nH are the integers 0, 1, 2, 3 

The lowest resonance frequency p r o d u c e d , / „ is 
dependent on the length o f the room and is de
fined by the equation 

2L 
(8.2) 

Putt ing « L = I , «w = 0 and nH = 0 in the 
Rayleigh equation gives the same result as eq. 
(8 .2) . A series o f harmonics are also produced, 
and these are found by giving the term n L the 
values 2, 3 

Table 8.1 gives the resonance frequencies of 
the first 24 modes o f oscil lation for three dif
ferent rectangular listening rooms, the sizes of 
which are shown in F i g . 8 . 1 . I f the source of 
sound is located in the corner of one o f these 
rooms, it wi l l be possible to excite every mode 
of oscil lat ion. 

These standing waves greatly modify listening 
conditions, par t icular ly at low frequencies. 
The i r amplitudes depend on the absorption. 
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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 x 3 x 2,6 m 7 x 3 , 7 5 x 2 , 7 m 9 x 5 x 3 , 6 m 

frequency mode frequency mode frequency 
(Hz) 

mode 
(Hz) (Hz) 

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 38,90 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 1.1.1 
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 3.0.1 
116,1 1.2.0 102,9 2.2.0 77,79 2.2.0 
124,0 2.2.0 106,4 3.1.1 81,22 3.1.1 
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 3.2.0 125,9 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 3.2.1 100,3 3.2.1 
142,5 0.1.2 133,8 0.1.2 100,4 0.1.2 

I n a typical small room differences in sound 
pressure levels o f as much as 25 d B have been 
measured. Dur ing the decay process, where two 
modes are close together, beats between the 
modal frequencies can occur. I n a large room, 
the beat effect w i l l be negligible since there is 
better diffusion, but in a smal l room, there are 
fewer frequencies below about 120 H z (low 
limit for male speech) and the spectrum is dis
continuous. Bass boom on speech occurs 
around this frequency and, because o f the dis
continuous spectrum, " large room s o u n d " 
cannot be achieved in a smal l room. 

T h e modal frequencies o f the three rooms 
being considered can be drawn as 'spectra ' ; 
F i g . 8.2 shows how the large room has the 
smoothest distr ibution o f its natural resonances, 
whils t the smal l room w i l l be boomy on male 
speech. T h e first 50 frequencies are given. 

I n the case o f a very large room, the first 
resonance frequencies are infrasonic. Tha t they 
have no effect is important , but what is more 
significant is that the amplitude o f the higher-
order modes which can be heard are obviously 
much reduced. Naturalness can be achieved 
only in large rooms; colorat ion is unavoidable 
in smal l rooms. 

9 x 5 x 3,60 m 

7 x 3,75 x 2,70m 

L Jill I Jill 

E a c h mode o f osci l lat ion has a different distr i
bution o f sound pressures, and its own damping 
constant depends on the absorption in the room 
and the room volume. A l s o , when the sound is 
cut off, the sound pressure in each mode decays 
exponential ly at a rate depending on its own 
damping constant. 

6,75 x 3 x 2,60m 
i 

20 

IT f i l l ! 
! 

i I I I r~i i 
50 100 200 

f (Hz I 

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 Lis ten ing room properties 

Since a spectrum in which the resonances are 
uni formly distributed is preferable to one in 
which they are grouped together in narrow 
bands separated by large gaps, it follows that 
the worst shape for a room would be a cube. 
T h i s is because, since al l dimensions are the 
same, resonances wi l l occur at the same fre
quencies. For tunate ly , cubical rooms are 
seldom found. 

A distr ibution o f resonances o f m i n i m u m 10 
per 1/3 octave provides a good room character
istic. It can be calculated that the best distribu
tion o f resonance for a small room is obtained 
with the dimensions o f the length, width and 
height in the ratio of 1 , 6 : 1 , 2 5 : 1 ; for an 
average room 2,5 : 1,6: 1, and for a large room 

3.2 : 1,25 : 1. 

The three room sizes indicated in F i g . 8.1 may 
be compared. T h e smallest room has the pro
portions 2 , 6 : 1 , 2 : 1 , whilst the other two have 
proportions o f roughly 2 , 5 : 1,4: 1. A s we have 
seen, both the larger rooms wi l l have a more 
uni formly distributed spectrum and there wi l l 
be less colorat ion o f the sound. 

A standing wave at mains frequency is to be 
avoided as, otherwise, hum present in the loud
speaker output wi l l be considerably magnified. 
A room with one or more dimensions o f 3,44 
metres is thus not ideal where the mains fre
quency fs 50 H z . 

8.3 Reverberat ion and absorption 

T h e reverberation time o f a listening room is 
defined as the time taken for a sound to die 
away to one-mill ionth o f its original intensity. 
Such a value represents a decay from a com
fortable listening level to the threshold of 
audibi l i ty. Somewhere between the deadness of 
a short reverberation time and the uncertainty 
of a long reverberation time lies an opt imum 
value for listening. 

Ideal acoustic conditions are those that lend a 
degree of ' l iveness ' to the sound without de
tracting from the clar i ty , and here we find that 
the criteria vary with applicat ion. I f slow organ 
music is being played, acoustic properties which 
reinforce the musical characteristic by a l lowing 

the pipes to ' resound' through the listening area 
may be seen as desirable but the same charac
teristics may completely mar the art iculation of 
rapid speech. I f the echoes o f one syllable have 
not been absorbed before the next is enunciated 
the resulting sound is indistinct and hard for the 
listener to understand. 

The opt imum reverberation time thus de
pends on the 'programme' being delivered and, 
in fact, on room size and frequency. Where in
telligibility o f speech is the only consideration, 
there is no limit to the absorption which can be 
tolerated i f sufficient acoustic power is available 
from the source. 

In considering the effects o f room acoustics, 
it should be remembered that the recording 
engineer and, in the broadcasting context, the 
control room engineer, have at their disposal, 
control o f reverberation. A r t i f i c i a l reverbera
tion can be used to good effect and, although 
the reverberation time of. a music studio is 
nearer that o f a concert hal l than a small living 
room, ski l l on the part o f the recording engineer 
results in surprisingly good reproduction of 
music in listening rooms whose dimensions 
would lead one to expect the contrary. T h e same 
recording, played in very large rooms, with 
longer reverberation times w i l l not necessarily 
sound natural . A reverberation time of 0,5 
seconds at 1000 H z in a room with a volume of 
about 100 m 3 has been suggested, falling further 
as the volume is reduced. M a n y broadcasting 
authorities and recording companies adopt a 
reverberation time o f 0,4 seconds for the room 
in which the monitor loudspeakers are heard. 
Th i s is considered to simulate average condi
tions in the majori ty o f listening rooms in which 
the programme material wi l l be reproducer. 

Absorpt ion 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, e tc .) . T o balance the low frequency ab
sorption, heavy curtains in generous folds wi l l 
provide mid and high-frequency absorption. 
A balance must be obtained. A building of 
modern construction is less l ikely to suffer from 
structural resonances, and i f the use o f curtain 
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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. I f 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 to 
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. 

8.5.1 D Y N A M I C R A N G E 

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 
A M and F M 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 B A C K G R O U N D N O I S E L E V E L 

The background noise level depends upon the 
location of the listening room, country sur
roundings obviously being quieter than tov 
In 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 at 1000 Hz 0 
Llncshold of people with very good hearing 5 
quiet 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 dynamic range 
of 60 dB can be obtained without exceeding the preferred 
maximum listening level of 90 dB. 

8.5.3 C A L C U L A T I O N O F N E C E S S A R Y A C O U S T I C 

P O W E R 

The acoustic power necessary to provide an SPL 
of 2 x 10"5 N / m 2 (Pa) - the hearing threshold at 
1 kHz - can be calculated from equations given 
in Section 7. From eq. (7.9) we obtain, 

p2 W 

4gc R 

and as 

p = 2 x 10- 5 N / m 2 (Pa) 
Q = 1,18 kg /m 3 

c = 344 m/s 

and generally 

R ~ A, 

then we can substitute eq. (7.7) to get 

V 
^ h r f S h o i d = 4 x 1 0 - 1 4 - watts. (8.3) 

T 

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. I f 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. I f 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. 

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 

^ m u — t h r e s h o l d + ^background + ^programme 

where W b a c k g r 0 1 1 , , d is the maximum background 
noise power and Wvrosr!immt is the power required 
to cover the full dynamic range of the repro
duced programme, as shown in Fig. 8.3. I f 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 

V 
H-'max = 4 — x 10"""14 acoustic watts (8.5) 

T 

where n is the peak sound level in bels above 
threshold, equal to background level plus 
dynamic range. 

Consider the listening room 7 m long, 3,75 m 
wide and 2,7 m high, previously discussed. Its 
volume is 70 m 3 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 

4 x 7 0 x l 0 9 " 1 4 

Wmt,= = 7 x l 0 ~ 3 acoustic watts. 
0,4 

8.5.4 E S T I M A T I N G T H E P O W E R H A N D L I N G 

C A P A C I T Y 

Having established the acoustic power required, 
we can now determine the loudspeaker power 
handling capacity. Taking the efficiency of the 
speaker system as l°7o, 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 inT ig . 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 
0,7 x 102 = 70 W . 

The ear is more tolerant of high volume levels 
where stereo reproduction is concerned. I f 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 
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Fig. 8.4. Principle of a physiological volume (contour) 
control. From (a), the effective loudness is substantially 
logarithmic above about 40 pnons and by taking 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 individually. 
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 very 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. 
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T h e mono case is slightly different. A n intens
ity level o f 90 phons when reproduced by a 
mono system sounds very much harder and 
more i rr i ta t ing that when stereo is employed, or 
when it is produced by a live orchestra, since the 
directional discr iminat ion o f the ears is o f no 
importance i f the sound is emitted from one 
smal l source. T h i s leads to a preference for 
reduced levels o f loudness and smaller fre
quency range with mono reproduction. Some
thing less than the calculated power require
ment o f 35 W peak w i l l be required and in prac
tice a 15 W installation would probably be con
sidered satisfactory, i f a corner speaker is used. 

8.5.5 G E N E R A L R E C O M M E N D A T I O N S 

F r o m the foregoing it w i l l be realized that there 
is no instant method o f determining the elec
trical power requirements for a listening room. 

7Z79865 

0 i 1 1 1 1 1 1 r~ 
0 50 100 150 

room volume (m ) 

Fig. 8.5. Recommended power handling capacity (fV i m s) for 
each corner-mounted enclosure of a stereo installation for 
different room volumes assuming 1% efficiency. 

But a realistic estimate can be made. Figure 8.5 
gives the recommended power handling capaci
ties for each enclosure in a stereo installat ion, 
assuming corner mount ing and a conversion 
efficiency o f 1 % . 

It can be seen from F i g . 8.5 that a two-to-one 
variat ion in power is given. T h i s is intended to 
cover the different furnishing conditions and 
absorptive properties o f the listening room. In 
using this graph, special attention should be 
paid to the speaker efficiency. 

The power given w i l l be sufficient to repro
duce a programme with a full dynamic range of 
60 dB over a background o f 30 dB with 20 dB 
bass boost. Ind iv idua l cases can be calculated i f 
required, but what the graph recommends 
should provide the listener wi th complete satis
faction in terms o f listening quali ty, and enable 
him to get the very best performance from his 
equipment. 

9 Hall acoustics 

A s with a smal l listening room, the acoustics of 
a large concert hal l or theatre can have an ap
preciable effect on the output o f a loudspeaker. 
A hal l which exhibits a l l sorts o f booming res
onances and a long reverberation time is the 
nightmare o f the public speaker, whilst the life
less response o f a hal l wi th few resonant qua
lities may stifle a musical performance. L o u d 
speaker systems, and indeed complete public 
address systems can be built to favour a par
ticular hal l or a part icular type o f ha l l . 

9.1 Hal l characteristics 

Consider a loudspeaker system placed to radiate 
sound into the audi tor ium of a hal l and a micro
phone placed outside the field o f direct radia
tion o f the loudspeaker system, e.g. 'on stage' 
in the position an entertainer or speaker would 
normal ly occupy. I f the loudspeaker system 
were fed wi th 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 
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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. I f 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. 

7 Z 7 9 8 6 6 
20 -

low ambient noise high ambient noise 
iving rooms airports 

concert halls railway stations 

Fig. 9.1. Curves for discernability in a 4900 m 3 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, rx, 
and that for unintelligible sound, r[, are plotted 
against y for various values of reverberation 
time, T, for a 4900 m 3 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 ap 
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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ha l l . A s they have already been discussed they 
are presented here as a summary of important 
considerations. 

9.3.1 T H E P O S I T I O N O F T H E S O U R C E O F T H E S O U N D 

TY'i source o f the sound in a ha l l , 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 
l ikely that attenuation o f the m i d , and more 
especially, the high-range frequencies, wi l l 
occur. 

9.3.2 R E F L E C T E D S O U N D 

Reverberat ion time should generally be kept 
fairly short in accordance wi th the sort of 
figures already discussed. Coherent sound 
should be maintained at a high level with 
general background sound and reverberant 
sound o f greater than 50 ms stifled as much as 
possible. Posi t ioning loudspeakers on wal ls or 
in corners generally improves coherence by 
increasing radiation impedance, and thus 
efficiency, and increasing directivity and gain in 
the direction o f radiat ion. 

9.3.3 H A L L F U R N I S H I N G S 

I f the seats in the audi tor ium are well up
holstered to present a fair degree o f acoustic 
damping, then the acoustics in the hal l w i l l 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 /o r instruments in a ha l l , 
the microphone is, of course, placed well out of 
the field o f direct radiat ion o f the loudspeakers 
in order to avoid acoustic feedback. T h e micro
phone w i l l pick up some sound indirectly. I f the 
sound which is to be amplif ied has an energy 
density o f E0 at the microphone, and the loud
speaker output due to this input is an acoustic 
power of W*, then we can say, 

U2 1 _ 
W. = ij — = n — (U5a \/E0)2 = PE0 (9.1) 

Ri Ri 

where RL = loudspeaker resistance 
t] = loudspeaker efficiency 
U = amplif icat ion 
5 = microphone sensitivity 
a = conversion factor between alter

nating sound pressure p and the 
square root o f energy density \/E0. 

The indirect field o f the loudspeaker is obtained 
from eq. (7 .4) : 

T 
E-, = 0,072 W. • -

V 

T 
= 0,072 

A s the energy density at the microphone, E0, 
must be 14 d B higher than that o f the indirect 
field E\ at the microphone, we can say 

E-, 
— < 0,04 
E0 

thus 

T 
0,072 P - < 0,04 

V 

and 

V 
P < 0,556 - . 

T 

T h i s becomes 

V Qm 

P< 0,556 (9.2) 
T Q; 

for a microphone and loudspeakers wi th direc
tivities o f Qm and Q, respectively. T h e term Qi 
is in fact a function o f Q, which has to do with 
the absorption o f the area o f hall into which the 
loudspeaker is directed. T h i s in turn is a func
tion o f the size of the audience and several other 
parameters but generally Ql can be equated to 
Qi without much loss o f accuracy. 

The microphone must be placed in the direct 
field o f the source otherwise the useful sound 
pressure is dramatical ly reduced and the ratio 
between this and background noise is di
minished. W i t h the microphone in the direct 
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field the intensity at the microphone for an 
omnidirectional source is as defined in eq. (7 .1) : 

W 
E, = . 

The resulting useful acoustic power radiated by 
the loudspeaker is then given by eqs (9.1) and 
(9.2) : 

= J3E, 

0,556 WV 

4nr2cT Q, 

W V Qm 
= 0,044 _ • _ • J L _ . (9.3) 

cr2 T Q l 

T h e public address system necessary for a cer
tain hal l can thus be specified using the expres
sions given here. T h e microphone(s) must be 
placed in the indirect field of the loudspeaker(s) 
and the possibility o f acoustic feedback 
avoided. T h e volume o f the hal l , V, and the 
reverberation time, T, are easily obtained. T h e 
energy density o f the sound source at the micro
phone, E0, must be known and this involves 
knowledge o f 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 1 mW when 
shouting. 

T y p i c a l l y , in a 5000 m 3 hal l wi th a 100 W 
amplifier and a loudspeaker efficiency o f 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. T h e distanced may 
vary and calculat ions can be made to derive the 
necessary system parameters (microphone sen
sit ivity, ampl i f ica t ion and so forth) for a much 
larger separation between the microphone and 
user. 

It is preferable that as few microphones as 
possible are used, as each one wi l l pick up some 
background noise and thus add to the level of 
non-useful sound amplif ied by the system. 

T h e qual i ty o f the overal l sound is obviously 
dependent on the quali ty o f the system as well 
as the hal l characterist ics. Bo th calculat ion and 
experiment can enable the opt imum 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 loudspeaker system. Conversely , a 
good quali ty loudspeaker can make the best o f a 
bad environment . 
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Brazil: I B R A P E , Ga ixa Postal 7383, Av. Br igadeiro Far ia L ima. 1735 S A O P A U L O , S P , Te l . (011)211-2600. 
Canada: P H I L I P S E L E C T R O N I C S L T D . , Electron Dev ices Div., 601 Milner Ave.. S C A R B O R O U G H , Ontario, M18 1M8, T e l . 292-5161. 
Chile: P H I L I P S C H I L E N A S.A. , Av, Santa Maria 0760, S A N T I A G O , T e l . 39-40 01 . 
Colombia: S A D A P E S . A . , P.O. Box 9805, Cal le 13, No. 51 +39, B O G O T A D.E. 1. ,Tel . 600 600. 
Denmark: MINIWATT A / S , Emdrupvej 115A, DK-2400 K 0 B E N H A V N NV„ T e l . (01) 6916 22. 
Finland: OY P H I L I P S A B , E l coma Division, Ka ivokatu8, SF-00100 H E L S I N K I 10, Te l . 1 72 71 . 
France: R . T . C . LA R A D I O T E C H N I Q U E - C O M P E L E C , 130 Avenue Ledru Rol l in, F-75540 P A R I S 11, Te l . 355-44-99. 
Germany: VALVO, UB Bauelemente der Phi l ips G.m.b.H. , Valvo Haus, Burchards t rasse 19, D-2 H A M B U R G 1, Te l . (040) 3296-1. 
Greece: P H I L I P S S.A. H E L L E N I Q U E , E lcoma Division, 52, Av. Syngrou, A T H E N S , Te l . 915 311. 
Hong Kong: P H I L I P S HONG KONG L T D . , E l c o m a Div., 1 5 / F Phi l ips Ind. Bldg., 24-28 Kung Y ip St . , KWAI C H U N G , Te l . NT 24 51 2 1 . 
India: P E I C O E L E C T R O N I C S & E L E C T R I C A L S L T D . , Ramon House, 169 Backbay Reclamat ion, B O M B A Y 400020. T e l . 295144. 
Indonesia: P.T. P H I L I P S - R A L I N E L E C T R O N I C S , E l c o m a Division, T i m a h ' Bui lding, J l . J e n . Gatot Subroto, P.O. Box 220, J A K A R T A , Te l . 44163. 
Ireland: P H I L I P S E L E C T R I C A L ( I R E L A N D ) L T D . , Newstead, C lonskeagh, DUBL IN 14, T e l . 69 33 55. 
Italy: P H I L I P S S.p.A., Sezione E lcoma, P iazza IV Novembre3,1-20124 MILANO, Te l . 2-6994. 
Japan: NIHON P H I L I P S C O R P . , Shuwa Sh inagawa Bldg., 26-33 T a k a n a w a 3-chome, Minato-ku, T O K Y O (108), Te l . 448-5611. 

(IC Products) S I G N E T I C S J A P A N , L T D , T O K Y O , Te l . (03)230-1521. 
Korea: P H I L I P S E L E C T R O N I C S ( K O R E A ) LTD. , E l c o m a Div., Phi l ips House, 260-199 Itaewon-dong, Yongsan-ku, C .P .O . Box 3680, S E O U L , T e l . 794-4202. 
Malaysia: P H I L I P S M A L A Y S I A SDN. B E R H A D , Lot 2, J a l a n 222, Sect ion 14, Petal ing J a y a , P .O.B. 2163, K U A L A L U M P U R , Selangor, Te l . 77 44 11. 
Mexico: E L E C T R O N I C A S.A. de C.V., Varsovia No. 36, MEXICO.6 , D.F., T e l . 533-11-80. 
Netherlands: P H I L I P S N E D E R L A N D B.V., Afd. E lonco, Boschdi jk 525, 5600 PB E INDHOVEN, Te l . (040)79 33 33. 
New Zealand: P H I L I P S E L E C T R I C A L IND. L T D . , E l coma Division, 2 Wagener P lace , St. Lukes , A U C K L A N D , Te l . 867 119. 
Norway: N O R S K A / S P H I L I P S , E lect ron ica, Sdrkedalsve ien 6, O S L O 3, Te l . 46 38 90. 
Peru: C A D E S A , R o c c a de Vergallo 247, LIMA 17, T e l . 62 85 99: 
Philippines: P H I L I P S I N D U S T R I A L DEV. INC., 2246Pasong Tamo, P.O. B o x 9 1 1 , Makati Comm. Centre, M A K A T I - R I Z A L 3 1 1 6 , Te l . 86-89-51 to 59. 
Portugal: P H I L I P S P O R T U G E S A S . A . R . L . , Av. E n g . Duharte P a c h e c o 6, L I S B O A l . T e l . 68 31 S\. 
Singapore: P H I L I P S P R O J E C T D E V . (S ingapore) P T E L T D . , E l coma Div., P .O .B . 340, T o a Payoh C P O , Lorong 1, T o a Payoh, S I N G A P O R E 12, T e l . 53 8 8 1 1 . 
South Africa: E D A C (Pty. ) Ltd., 3rd Floor Rainer House, Upper Rai lway Rd . & Ove St . , New Doornfontein, J O H A N N E S B U R G 2001, T e l . 614-2362/9. 
S p a i n : C O P R E S A S . A . , Ba lmes 22, B A R C E L O N A 7, T e l . 301 6312. , 
Sweden: A .B . E L C O M A , Lidirigovagen 50, S-11584 S T O C K H O L M 27, T e l . 08 /6797 80. 
Switzerland: P H I L I P S A . G . , E l coma Dept., A l lmendstrasse 140-142, C H - 8 0 2 7 Z U R I C H , T e l . 01 / 4 3 22 11. 
Taiwan: P H I L I P S TAIWAN L T D . , 3rd F l . , S a n Min Bui ld ing, 57-1, Chung Shan N. R d , Sect ion 2, P.O. Box 22978, T A I P E I , T e l . 5513101-5. 
Thailand: P H I L I P S E L E C T R I C A L C O . OF THAILAND L T D . , 283Si lom Road , P.O. Box 961, B A N G K O K , Te l . 233-6330-9. 
Turkey: T U R K P H I L I P S T I C A R E T A . S . , E M E T Department, I nonuCad . No. 78-80, I S T A N B U L , T e l . 43 59 10. 
United Kingdom: M U L L A R D L T D . , Mullard House, Torr ington P lace, LONDON W C 1 E 7HD, T e l . 01-580 6633. 
United States: (Active devices 8, Materials) A M P E R E X S A L E S C O R P . , Providence Pike, S L A T E R S V I L L E , R.L 02876, T e l . (401) 762-9000. 

(Pass ive dev ices) M E P C O / E L E C T R A INC., Columbia Rd . , M O R R I S T O W N , N.J . 07960, Te l . (201) 539-2000. 
( IC P roduc t s ) ,S IGNETICS C O R P O R A T I O N , 811 E a s t Argues Avenue, S U N N Y V A L E , Cali fornia 94086, T e l . (408) 739-7700. 

Uruguay: L U Z I L E C T R O N S.A. . Rondeau 1567, piso 5, M O N T E V I D E O , T e l . 943 2 1 . 

Venezuela: IND. V E N E Z O L A N A S P H I L I P S S.A. , E l c o m a Dept., A. Ppal de los Ru ices , Edif. Cent ra Colgate, C A R A C A S , Te l . 36 05 11. 
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