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HIGH PERFORMANCE LOUDSPEAKERS 

Considerable changes have taken place in 

high performance loudspeaker design since 

publication of the second edition in 1980. 

In particular, recent developments in pro· 

gramme sources using digital sound via 

PCM recorders and compact disc players 

has provided a new digital programme 

standard. As a consequence, the book 

has been thoroughly revised, expanded 

and completely reset to take account of 

this new information, with references and 

bibliography correspondingly extended. 

New work on the laser analysis of 

diaphragms, the investigation of stored 

energy in enclosures and driver develop· 

ments are included in this latest edition. 

In the crossover field fresh information 

has become available on the audibility of 

defects in components and on crossover 

saturation during dynamic transients, while 

the section on active crossover systems 

has been considerably expanded. 

Other topics which have been updated 

or appear for the first time include low 

mass honeycomb speaker enclosures; open 

baffle systems; electrostatic speaker theory; 

time delay spectrometry; new application 

of shaped impulses for speaker analysis; 

low distortion magnet systems; new 

diaphragm materials; computer controlled 

test systems: time delay networks; high 

power pulsed distortion measurements; 

power handling; listening room design; 

system acoustic adjustability. As in pre· 

vious editions the book is extensively 

cross-referenced to original developments 

reported from the USA, Japan, Australia 

and the UK. 

The subject has 
'

been presented in a 

descriptive and graphical manner, with a 

minimum of mathematics, which should 

be comprehensible to a wide range of 

readers from DIY enthusiasts to professional 

loudspeaker designers, technical writers, 

studio technicians, engineers and students. 
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Preface to third edition 

Considerable changes have taken place in high performance loud­
speaker design since publication of the second edition in 1980. Recent 
developments in programme sources using digital sound via PCM 
recorders and compact disc players has provided a new digital 
programme standard. The new programme is of more uniform 
spectral density, wider dynamic range and much lower distortion 
than that from analogue sources ; accordingly, the results obtained 
from listening tests using a digital programme, and presented in the 
book, were found to be more consistent and more complete. 

Research by the author has resulted in a new proposal for a set of 
low frequency alignments which provides for a more uniform in-room 
low frequency response, assessed by multiple position measurements 
allied to computer averaged response tests. Correlation between 
listening and measurement is highly significant. The Acoustic 
Research real-time computing room-equaliser is discussed, together 
with its relationship to steady-state equalisers. 

New work on the laser analysis of diaphragms, the investigation of 
stored energy in enclosures and driver developments are included in 
this latest edition. In the crossover field new information has become 
available on the audibility of defects in components and on crossover 
saturation during dynamic transients, while the section on active 
crossover systems has been considerably expanded. In addition the 
sections dealing with electroacoustic theory have been revised and 
clarified to facilitate understanding. 

Other topics which have been updated or appear for the first time 
include low mass honeycomb speaker enclosures ; open baffie 
systems ; electrostatic speaker theory ; time delay spectrometry ; new 
application of shaped impulses for speaker analysis ; low distortion 
magnet systems ; new diaphragm materials ; computer controlled test 
systems ; time delay networks ; high power pulsed distortion measure­
ments ; power handling ; listening room design ; system acoustic 
adjustability. 

The author would like to express his appreciation to Dr. R. D. 
Ford of the University of Salford and to Mr. Robin Marshall for their 
valued comments and advice which have helped greatly in the 
preparation of this edition. 

Martin Colloms 



Preface to first edition 

A high quality loudspeaker is required to reproduce sound with 
sufficient fidelity to satisfy a critical audience when fed from an 
accurate electrical signal. It is immaterial whether the listeners are 
numbered in thousands or comprise only a few individuals :  loud­
speaker systems can be designed to cater for both situations without 
compromising the . basic standard of performance. 

There are thus numerous applications for high quality loud­
speakers. For example, broadcast and recording engineers rely 
heavily on monitor loudspeakers in order to critically analyse the 
quality of the programme they are producing. Other applications 
range in scope from the rock festival to the concert and opera hall, and 
in size from a theatre auditorium to an ordinary living room. 
Reinforcement loudspeakers are commonly used for sound amplifica­
tion in live performances today, and while specialised systems are 
employed for instruments such as an electric guitar, other wider range 
sounds such as voice and woodwind require high performance 
speakers with a capability to allow the reproduced level to match that 
of the accompanying brass or a modern drum kit. Theatres and opera 
houses often use quality systems for off-stage sound effects, and many 
of today's star performers would be unable to reach a large audience 
without the aid of a microphone and quality amplify-system. Special 
techniques are, however, required to attain the acoustic outputs 
necessary to satisfy a large stadium audience, and high efficiency, 
stacked, horn loaded, directional arrays are commonly employed for 
this purpose. 

The author's aim is to provide an up-to-date analysis and review of 
high performance loudspeaker techniques. Although it is not 
intended to be an exhaustive work, reference has been made in the text 
to original research material including the most important modern 
work in the field. Precedence is accorded to the moving coil drive unit, 
as this is by far the most widely used, although some coverage is also 
given to other viable if less common devices. In addition to the 
fundamentals - relevant acoustic theory, transducer design, 
enclosures, acoustic loading, etc. - space is also accorded to 
developments in electronic crossover design and active speaker 
systems, as well as to the latest measurement techniques and such 
controversial questions as linear phase. By using the references 
supplied, the book can be used as the basis for further research, and as 



such, not only high fidelity enthusiasts should find it of interest, but 
also students studying such subjects as electronics, electroacoustics, 
broadcasting and recording. Even the design engineer and technical 
author may find it a useful appraisal of current techniques and a 
convenient source of subject references. 
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Symbols 

c, c1 
CAB 
CAs 
CAT 
CMEC 

CMS 
Es 
F 
f 
fs 
!c fo or f.
!3 
g 
G(S) 
H 

Magnet gap area 
Magnet area 
Piston radius 
Magnet gap radius 
Magnetic flux density in the coil and air gap 
(analogous to current) 
Velocity of sound (345 m/s in air), !longitudinal 
Acoustic compliance of enclosure volume 
Acoustic compliance of suspension 
Total acoustic compliance of driver and enclosure 
Electrical capacitance equivalent of moving mass 
( = MAcS5/B21 2 ) 
Total suspension compliance of driver 
Generator (amplifier) voltage 
Force 
Frequency in Hz 
Helmholtz resonance of vented box 
System resonance, driver in closed box 
Free air resonance of driver 
- 3 dB cutofffrequency 
Gravitational acceleration 
Response function 
Coercive force, magnetic flux (analogous to 
voltage) 
System tuning ratio ( = /8 /f.) 
Current in coil 
Wave number = 2n/A. 
Magnetic loss factors 
Reference band efficiency factor 
Power rating constant 
Length of motor coil wire immersed in magnetic 
gap field 
Inductance of motor coil 
Electrical inductance equivalent of box volume 
compliance 
Electrical inductance equivalent of driver 
suspension compliance 
Electrical inductance equivalent of system 
compliance( =  CATB2 12 /Sf:,) 
Mass of motor coil 



M As 
n 
p 
pref 

Q 

QB 
QT 
QE 
QM 
QTC 
QTS 
R 
REc 

RME 
RMs 
r 
So 
s.p.l. 
Uc 
VAs 

Acoustic mass of driver diaphragm assembly 
including air load 
Total driver moving mass (excluding air load) 
Total driver moving mass, M0+MA 
Acoustic mass of driver and adjacent air load 
(including baffie effect) 
Acoustic mass of driver and air load 
Number of turns 
Sound pressure 
Reference sound level (minimum audible at 
1 kHz = 2 x 10-5 N m2 or 10-1 2 W m2)
Ratio of reactance to resistance (series circuit) or 
resistance to reactance (parallel circuit) (or 
alternatively the directivity factor) 
Driver Q at fa 
Driver total Q 
Electrical Q of driver 
Mechanical Q of driver 
Working Q of system of driver and enclosure 
Driver Q at f. 
Resistance (electrical) 
=B2l 2/ (RAa+RAs)Sf, electrical equivalent of
mechanical losses 
Enclosure loss acoustic resistance 
Resistance of motor coil 
Resistive component of air load radiation 
impedance 
Driver electromagnetic damping factor (B2l2/RE) 
Suspension mechanical resistance 
Distance from source 
Effective projected· diaphragm area 
Sound pressure level 
Diaphragm or coil axial velocity 
Equivalent closed air volume of driver 
COmpliance, CMS 
Box or enclosure volume 
Sound power 
Reactive mass component of air load radiation 
impedance 
Air. load· radiation impedance ; RMA + jX MA 

Compliance ratio ( = CAs /CAB or VAs/V8) 
System reference efficiency (power in/power out 
for 2n field) in level range 



11rer
11o 

Po 
w 
A. 

Reference power available efficiency 
System reference efficiency (power in/power out 
into 2n field) in level range 
Angle from source axis 
Magnetic permeability (analogous to 
conductivity) 
Density of air ( 1 .2 kg m- 3) 
Angular frequency = 2nf 
Wavelength, m 
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General review 

Developed in demonstrable working form some 50 years ago the 
major component of modern loudspeakers is the moving-coil drive 
unit. The world-wide acceptance and growth of the high fidelity 
market and the high standards achieved in recording and broadcast 
studios has given great impetus to high performance loudspeaker 
design in the last 20 years. The loudspeaker, however, has been the 
most argued-over component in the entire high fidelity chain, with 
every aspect of its design execution subject to lengthy and involved 
discussion. Although acoustic engineers like to deal in facts, much to 
their dismay, fashion plays a considerable part and loudspeakers are 
no exception to this rule. Occasionally an 'unbalanced' system will 
find public favour, such a model often being claimed to have a 'new 
sound', deriving from a different bass loading principle, or a new 
transducer and dispersion method. Unfortunately, other important 
aspects of its performance are likely to have been neglected by the 
designer in his efforts to incorporate this 'special' effect. 

In the professional field, users are also inevitably conditioned by 
past experience and are often suspicious of any change, even for the 
better. Only those whose judgment is free of prejudice and who have 
frequent contact with live programme sources can reliably discuss 
reproduced sound quality. 

Recently there has been an encouraging development, in that a 
degree of rationalisation of performance standards has occurred on 
both the domestic and professional fronts. Designers are beginning to 
agree on a common standard of performance based on factors such as 
a natural frequency balance, uniformity of response and low 
distortion and colouration. This common ground has developed in 
spite of dissimilarities of design approach and philosophy, and it 
implies that sufficient objective and subjective data concerning 
speaker performance is at last becoming freely available. 

Such a situation presents a dramatic reversal of the state of affairs 
prevailing some 1 5  years ago. A marked divergence of opinion then 
existed over subjective sound quality - indeed, this was so extreme 
that the products of the major manufacturers could be identified by a 
specific 'in-house' sound, which pervaded all their designs. A typical 
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Table 1.1 IDEALISED LOUDSPEAKER SYSTEM SPECIFICATION, CIRCA 
1965 

Efficiency l OO  dB at l m for l W at l OO  Hz 
Frequency response 1 00-10 000 Hz, ±4 dB ; 35 Hz at - 10 dB ; 1 5 kHz at 

- l OdB 
. 

Polar response 1 00-10 000 Hz, less than 6 dB down at a 60 ° arc limit 
Distortion Less than l l% at 35 Hz, level unspecified 

Less than 2% at l OO  Hz, level unspecified 
Less than 2% above l OO  Hz 

Cabinet volume 50 litres 

domestic 'hi fi' speaker system then comprised a 250 or 300 mm 
chassis diameter bass unit, with a light paper cone incorporating a 33 
or 50 mm voice coil on a paper former. A separate paper-cone tweeter 
covered the treble range and was often concentrically mounted on the 
bass unit frame. The drivers were rear mounted on the inside face of 
the front panel, the enclosure was likely to have a typical volume of 
between 50 to 1 00 litres, and probably employ reflex loading. 

It is interesting to examine the 'ideal performance' the contem­
porary speaker designer then aimed at achieving, even though the 
typical speaker, outlined above, in fact fell far short of this standard 
(Table 1 . 1 ). 

The ideal specification was limited by the level of achievement 
currently attained by designers (Table 1 .2 and Fig. 1 .1). Relative to the 
typical commercial system of the time; the ideal efficiency is placed at 
lOO dB for 1 W input at 1 m, which is 6 dB more sensitive than the 
typical specification. Presumably this difference reflects the relatively 
low power output of contemporary amplifiers as 10-20 W models 
were commonplace. Only a mild improvement in response flatness or 
bandwidth was then thought possible ; the typical speaker gave a 
35 Hz point at 1 7  dB down, and a 1 5 kHz point 12  dB down, which 
contrasts with the - 10 dB limit of the ideal system. 

While it is important to view the specification in Table 1 .2 in its 

Table 1.2 TYPICAL SPECIFICATION OF DOMESTIC TWO-WAY SYSTEM, 
CIRCA 1965 

Efficiency 
Frequency response 
35 Hz limit 
1 5 kHz limit 
Polar response 
Distortion 
Power rating 
Cabinet volume 

93 dB at l m for l W at l OO  Hz 
100 Hz to l OOOOHz, ±6 dB 
At - 17 dB 
At - l2 dB 
Less than 6 dB down over a 60 ° arc, l OO  Hz-5 kHz 
Above 200 Hz not quoted ; at l OO  Hz 4%, at 35 Hz, 10% 
25 W programme 

· 

75 litres 
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Figure 1.1 Typical response curve of two-way domestic system in Table 1.2 

proper context, that is as an example of typical contemporary 
commercial practice, it is surprising to discover that the basic 
technology and theory essential to good loudspeaker design was well 
known to advanced specialists in the field. Furthermore such work 
was well documented in many papers, periodicals and books ; for 
example, although designers were aware of colouration effects they 
appear to have done little about them, despite the fine research that 
had been conducted almost 20 years earlier by Shorter at the BBC, 
concerning delayed resonances. Ten years ago much of the currently 
accepted loudspeaker technology and principles were rarely applied, 
and the overall approach to design was rather a haphazard exercise. 
However, some companies were researching highly advanced designs 
and a few were even in production, albeit in limited quantities. In 
1967, K.E.F. Electronics (UK) released a costly experimental system 
incorporating a highly developed mid-band transducer. Covering a 
250 Hz to 4 kHz range, this latter driver employed a 65 mm 
hemispherical dome formed in a rigid polystyrene/neoprene polymer, 
and was fitted with a double suspension and loaded by an 0.8 m pipe 
filled with long-fibre wool, for absorption. The use of an aluminium 
voice coil former resulted in a high power handling capacity (Fig. 1 .2). 

At this time very few mid-range domes were available, the other 
well established example being that employed in the classic American 
design, the Acoustic Research AR3. One loud-speaker system that has 
survived the passage of the years virtually unscathed is the Quad full­
range electrostatic loudspeaker. Accepting that moderate power 
handling and low efficiency are its specific limitations, its performance 
continues to bear favourable comparison with many current designs. 

The conservative atmosphere then pervading the consumer market 
in the mid-sixties may be judged from the following example. At that 
time the best systems were relatively large (50- 1 00  litres) and when a 
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Voice coil on 
aluminium former 

.__ 840 mm Long flexible pipe 
f illed with long-hair wool 

Figure 1.2 KEF's mid-range loudspeaker with absorbent load 

new high performance model of compact dimensions became 
available, it was viewed with considerable suspicion. The Spendor 
BCl (40 litres) sounded quite different to the systems currently 
available, and in fact was far nearer the live source in character than 
its contemporaries. It represented a skilled balance of the important 
factors responsible for realistic sound quality, and yet it has taken 
almost a decade for this system to become widely accepted. Sur­
prisingly enough, there are still quite a few so called 'high fidelity' 
speakers of the older generation still in production, their success 
actually based on their coloured sound characteristic, which although 
inaccurate, is apparently preferred by a significant number of 
purchasers. 

By the mid- 1960s, the BBC's work on a new generation of 
monitoring loudspeakers incorporating bextrene cones was well 
advanced. It proved to be of great significance as it was clear that a 
major improvement in loudspeaker quality had been achieved. The 
high standards set by these designs acted as a stimulus to the industry, 
and through attempts to attain this standard at a commercial level, 
many new developments and designs have appeared, some strongly 
related to the BBC originals. 

The performance of today's typical high quality domestic systems 
would have been unbelievable in 1965, for they exceed the majority of 
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Figure 1.3 Typical response curve of good quality two-way domestic system 

requirements of the 1965 ideal specification by a handsome margin 
(Fig. 1 .3 ,  Table 1 . 3). This particular 1984 example is a bass reflex 
design, employing a plastic coned 0.2 m diameter bass mid-range unit 
in conjunction with a 25 mm diameter dome tweeter. System 
sensitivity/efficiency is lower than the mid- 1960s target by some 
12 dB. 

This is the inevitable outcome of the modern system's wide 
bandwidth in a compact enclosure, and its attainment of vastly lower 
subjective colouration. The narrower amplitude response limits is 
also important ; simultaneously they contain a far greater response 
range, serving to illustrate the considerable improvement in uni­
formity and consistency of response. The standard achieved for 
distortion and polar response are both vastly improved, and the 
power rating of 100 W programme (see Table 1 .4) is 6 dB higher than 
the typical equivalent for 1965. This is the result of the reduced 
efficiency of the system as well as the considerably higher power 
ratings of recent transistor amplifiers. In the light of this current level 

Table 1.3 TYPICAL SPECIFICATION OF DOMESTIC TWO-WAY 
LOUDSPEAKER SYSTEM, CIRCA 1984 

Sensitivity 
Frequency response 
Polar response 

Distortion (9 0 dB) 
Power rating 
Volume (internal) 
Drivers 

Crossover frequency 

88 dB W at 1 m, 1 W input 
50Hz-18 kHz, ±3 dB ; 4 0Hz, - 6  dB 
Within ± 3 dB of axial curve over ± 3 0° lateral arc, 
50Hz-1 5kHz 
Less than 0. 5% at 1 00Hz- 10kHz; less than 3% at 3 5Hz 
100 W peak programme 
3 5  litres (3 5 x 1 0-6m3) 
200 mm diameter bass-mid range 
2 5  mm diameter dome tweeter 
3 kHz 
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Table 1.4 PRO POSED LOUDSPEAKER SPECIFICA TI ON 

Axial pressure 
response 

Off-axis res ponse 

Harmonic distortion 
(90 dB) 

Harmonic distortion 
(96 dB) 

S ensitivity (2 .83 V) 
Power rating 
Impedance 

Maximum sound 
pressure 
(application) 

Size (internal 
volume) 

60 Hz-15 kHz, ±2 dB (sine) 
100 Hz-1 0 kHz, ± 1 dB (octave averaged) 
Response b elow 60 Hz tailored to boundary conditions 
± 1 0 °  vertical, within 2 dB o f  axial output 
± 30 ° lateral, within 4 dB of a xial output 
100 Hz-20 kHz, <0.3% 
Below 100 Hz, <2% 
100 Hz-20 kHz, <0 .5% 
Below 100 Hz, <6% 
Greater than 88 dB/W at 1 m 
� 100 W peak programme 
8 n nominal, 6 < z < 20 n, phase angle < 30 °' 
1 00 Hz-20 kHz 
Domestic > 105 dB, unweighted at 1 m 
Monitoring > 1 1 5 dB, unweighted at 1 m 
Stage amplification 120-1 30 dB, unweighted at 1 m 
Domestic 25-50 I 
Monitoring 50-1 50 I 
Stage 100-200 I or horn loaded 

of attainment and contemporary technology, Table 1 .4 gives a 
suggested specification for a high performance loudspeaker of the 
1980s. 

The recent improvement in quality is not confined only to the high 
performance end of the market : in fact all loudspeaker systems have 
advanced similarly if not equally over the same period. For example, 
many of the causes of colouration in both cabinets and drive units 
have been identified and can now be adequately suppressed. Further 
key factors concern a refined understanding of diaphragm behaviour, 
with the successful application of synthetic materials to drive-unit 
manufacture. A sufficient variety of well designed drivers are now 
available, which cover specific sections of the audio spectrum over a 
range of different power levels and allow the designer considerable 
latitude when determining the size and cost factors for a given system. 
A key unit in success of a number of the original BBC and subsequent 
design derivatives is the Celestion high frequency unit, the HF1 300 
series. Designed around 1957, it is suitable for medium power 
applications and was first used by G EC with their aluminium cone 
drivers. Some 20 years later it is still a popular unit and is employed in 
several of today's high performance systems. It was primarily based 
on a pressure unit for a high frequency horn, and was later modified 
for use as a direct radiator, notably by the addition of the phase 
correcting front plate. 

However, there still remains a major problem for drive unit 
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manufacturers, namely suitable cone materials. Bextrene has proved 
highly successful for the manufacture of vacuum formed cones and 
has gained wide acceptance among the major UK drive unit/speaker 
manufacturers, althougn it was almost a chance discovery, as the 
material was originally designed for use in the production of low-cost 
moulded packaging. However, in the more critical loudspeaker 
application, experienced drive unit manufacturers have discovered 
that bextrene's acoustical and mechanical properties can show 
variations from batch to batch. The chemical industry is not 
particularly interested in solving these problems as the requirements 
are small compared with total sales. It is thus essential to carefully 
quantify the mechanical properties of the material to be used and to 
continue to do so for each batch ordered. Despite these technical 
difficulties, with careful design and manufacture, plastic cones can be 
superior to pulp/paper composition types in colouration, uniformity 
of response and sample-to-sample consistency. Currently, certain 
speaker companies are working on new plastics that not only offer 
improved acoustic properties by comparison with bextrene, but have 
the added benefit of a simple and more repeatable chemical formula. 

Concerning the response irregularities, the fundamental analysis of 
loudspeakers at low frequencies conducted by Thiele, and first 
presented in 196 1 ,  has been recognised for its true worth in recent 
years, and the subsequent research on the subject by Small has also 
proved of great value to designers. Papers by these and other authors 
provide a remarkably complete theoretical analysis of the one area of 
loudspeaker design where the results are highly predictable. (A 
summary of this work is given in Chapter 4.) Armed with such theory 
there is no reason why any loudspeaker designer worthy of note 
should fail to produce a loudspeaker with a less than optimal low 
frequency characteristic. 

Refined electronic crossover techniques are responsible for further 
improvements to the modem generation of loudspeaker designs. 
Although the idea is not new, the early active filters were clumsy to 
execute with valve amplification and found little favour. In recent 
years the development of active-filter theory and inexpensive opera­
tional amplifier circuit modules, together with the low cost of 
transistor power amplifier units, has given renewed impetus and 
several active designs have been produced, including some for 
domestic use. It is to be expected that such designs will eventually take 
over the high performance end of the market, although this may take 
several years to effect. 

As to the future, we can only hope that through the application of 
both extant and future research material, loudspeaker designers will 
continue to support the common standard of performance that is 



8 GENERAL REVIEW 

beginning to emerge today. No car would find acceptance if it failed to 
meet basic requirements of handling, braking efficiency, acceleration 
and comfort, yet the existence of such standards has not prevented the 
automobile industry from producing a wide range of models of 
diverse style and size. Similarly, there is no reason why an interesting 
range of speakers should not continue to be available, while aiming to 
meet or exceed a common standard of bandwidth, response 
uniformity, colouration and distortion. 
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Theoretical aspects of 
diaphragm radiators 

This chapter contains a brief review of those factors which control the 
behaviour of loudspeaker drivers. (Acoustic loading, particularly at 
low frequencies, is dealt with in Chapter 4.) Numerous technical 
works are currently available which cover this field, but they require a 
good working knowledge of acoustics, mathematics and physics. 
Although such a background is essential to a thorough under­
standing of the subject, it is often sufficient for a loudspeaker engineer 
to be aware of the basic theory rather than delving too deeply into 
acoustic. principles. 

2.1 DIAPHRAGM OR PISTON 

Except for ionic and flame type transducers, all drive units possess 
some sort of vibrating diaphragm, although the way in which this is 
energised may vary considerably. The diaphragm may be one of a 
variety of shapes, a cone, a flat surface or piston, a dome, etc. Its 
method of suspension or support can also vary from none at all, to a 
separate half-roll or multi-roll structure. 

Over the frequency range where the diaphragm moves as a whole, 
without breakup, it can be equated to a rigid piston. Furthermore, the 
shape is relatively unimportant as it has little effect on the medium 
frequency radiation properties which are the concern of this chapter. 
(The shape or profile is dictated by considerations of material 
strength, among other factors, and strongly influences the location of 
the breakup frequencies.) The behaviour of a circular, rigid piston is 
well defined, and is essentially derived from the fundamental work of 
Lord Kelvin, the Victorian physicist. 

Several situations are pertinent, and are illustrated below. 

Derivation of sound pressure at a given point due to vibrating piston 
The analysis involves the division of the piston surface into small 
elements, vibrating in phase. The sound pressure at a given point, 

9 
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Figure 2.1 Circular piston in three important mounting conditions; (a) infinite baj]le, (b) 
on face of long cylinder, (c) in free space 

distance r from the piston, at any angle () is formed by summing the 
contributions from the individual components through mathematical 
integration. For example the resulting equation for sound pressure 
from Fig. 2. l (a) is 

P 
k 

=
jp0U 0na2f {2J 1 (ka sin 8} eiw(r-r/c) 

(pea l r ka sin () 
(2. 1 )  

where p0 = the density of  the gas, i.e. that of  air in  kg/m3 ; c = speed of 
sound in metres per second, i.e. 345 mjs at 20°C ; J 1 = a Bessel 
function, where 

X x3 x5 X7 
J1 (x) = 2 -

22 . 4
+

22 . 42 . 6  22 . 42 . 62 . 8  

a = piston radius (metres) ; A. = wavelength of sound in air (metres) ; 
k = w/c or = 2njA., the wave number;  U0 = piston velocity in metres 
per second (peak). 

Directivity 
The ratio of sound pressure P 8 at an angle() degrees off-axis to the on­
axis pressure P0 at the same distance is 
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P0 = 1 _ � 
(

na sin ())2
P0 2 A. 

or 

h 
k Piston circumference 

w ere a = -=---.:---,------:------:­
Emitted wavelength 

1 -� (ka sin ())2

DJ, the directivity index is defined as 

( 
Intensity in the () direction 

)
DJ = 10 log1 0 Intensity from omnidirectional equal power source 

= 10 loglo(Je/4:2 )= ::

(Inverse square law for (sound power) W, r = distance from source.) 
Intensity is proportional to the square of sound pressure, hence 

(P6)2 (P6) 
DJ = 10 log10 

Po 
= 20 loglo Po

Taking Fig. 2. 1 (a) at low frequencies, a vibrating piston of radius a, 
which is small by comparison with the emitted wavelength, has a 
radiating pattern essentially that of a hemisphere (Fig. 2.2(a)) with half 
the total power radiated on each side of the baffle. Hence the 
directivity index is equal to 3 dB as the baffie is 'infmite', and only the 
frontal radiation is available. This case is true in principle for any 
driver, mounted in a large baffie, from a cone bass to a dome treble 
unit. 

Two practical points are of interest here. When a driver is mounted 
in a sealed box which approximates to an 'infinite baffle', the front 
baffie size is necessarily finite. Below the frequency at which the baffie 
dimensions approximate to a sound wavelength, the radiation begins 
to revert to an omnidirectional or spherical pattern. With increasing 
wavelength the sound energy diffracts around the box (Fig. 2.3(d)). 

Other factors can also influence directivity. Departure from piston 
operation is usual at higher frequencies, resulting in areas of the 
diaphragm vibrating out of phase with the main drive, with 
consequent amplitude and directivity irregularities. A designer may 
also employ short horn or plate structures to control the directivity 
over a specific range. 

The velocity of sound in the diaphragm may be another com­
plication with the larger units when used at higher frequencies. It has 
been suggested that in units where the velocity in the diaphragm is 
greatly different to that in air, the differential component results in a 
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ka=1 

o' 

21 o' L...l_J___j _ _j 
(b) 
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(d) ka=4 

o' 

2 7 o· 1--....L_----L._.r ..... �....---\__....J__I.___J 90. 
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Figure 2.2 Directivity patterns for a rigid circular piston in an infinite bajjle as a 
function of ka = 2na/A., where a is the radius of the piston, e.g. a 110 mm diameter piston 
at 1, 2, 3, 4, 5 and 10 kHz (after Beranek) 

mismatch at the diaphragm/air interface which may result in phase 
cancellation at certain frequencies. 

Figure 2. l (b) will apply to baffied drivers where the box is deep and 
the front panel area barely greater than the driver diaphragm ; for 
example, a column enclosure or a compact system with a large LF 
driver. The directivity is obtained by analysing the combined effects of 
the piston area and the diffraction which occurs at the enclosure 
edges. As with the other two cases, the directivity diagram in this 
instance is only valid for far field where the distance r is large 
compared with the piston radius (Fig. 2.3). 

Finally we come to the unbaffied piston, which although less 
common than the first two cases, is nonetheless important (Fig. 2.4). 
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o· o· 

o· o· 

Figure 2.3 Directivity patterns for a rigid circular piston in the end of a long tube as a 
function of ka = 2n/J., where a is the radius of the piston (after Beranek)1 
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o· o· 

ka= 4 180" (d) ka = 5 . 180" 
Figure 2.4 Directivity patterns for an unbajjled rigid circular piston of radius a located 
in free space at an angle(} a large distance r from the point of measurement. For ka < l, 
the directivit y pattern is the same as that for the doublet 

Most open backed electrostatic or magnetic drive thin-film 
diaphragms belong to this group. 

Control of directivity 
For any piston radiator, the directivity is dependent on the frequency 
of the sound radiated. The audible frequency range spans ten octaves, 
with an accompanying range of wavelength from 17.2 m to 
17.2 mm*. From directivity consideration alone, such a range is 
beyond the compass of a single driver, irrespective of the practical 
problems of design and assembly. 

* 20 Hz to 20 kHz
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For this reason any high quality system will contain several drivers 
of graded size, which allow a uniform directivity to be maintained 
over the frequency range. In general one driver should be crossed over 
to a smaller unit when the diameter of the former is equivalent to one 
wavelength. 

Where narrow directional properties are required, for example to 
project a sound field to specific regions of a large audience, converse 
design may be used. Arrays can be built where the radiating 
properties of sources which are large compared with the emitted 
sound wavelength are deliverately exploited and the crossover points 
are then chosen to maintain the effect over the required bandwidth. 
Horn systems are naturally more directional than simple radiators 
and are widely used in this application, especially with sub-divisions 
or 'multi-cells' which maintain the required radiation pattern to 
higher frequencies. 

A narrow array or single diaphragm constitutes a line source where 
the radiation is broad in the transverse direction at the expense of a 
narrowing in the plane of the line. Line sources are sometimes used 
domestically, usually where the subject is located in the near field 
where the vertical beamwidth is still adequate. 

2.2 PISTON RADIATING ACOUSTIC POWER 

So far we have considered directivity, which is a function of frequency, 
driver size and baffie type, but the sound pressure developed at a 
distance by a diaphragm is also dependent on other factors such as the 
air loading. The following brief look at diaphragm radiation 
behaviour mainly concerns the axial response, and the directivity 
effects so far discussed may be combined with these to give the total 
picture. 

Equations have been established for the mechanical impedance of 
the air load presented to a piston, those reproduced here applying to 
an infinite flat baffie1 .

ZMA (mechanical impedance of air load) 

= RMA (resistive or real part) 

+ jX MA (reactive or imaginary part) 
or 

2 [ J 1 (2ka )] jp 0c 
ZMA = na p0c 1-� + 

2k2 K1 (2ka) (2.2) 

where ZMA is in Ns/m or mechanical ohms, and RMA = mechanical 
resistance in ohms. J1 , K1 are the respective appropriate Bessell 
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functions which may be represented by the series 

x x3 x5 x7 
Jdx)=2 - 22 .4 

+ 
22 .42 . 6  22 .42 . 62 . 8

Kl (x) = 2e3
3

- 3�� 5 
+ 

32 .
x
5
7
2 . 7 

.. -) 

where x = 2ka. 
For most work the acoustic impedance equation 2.2 may be greatly 

simplified by utilising only the early terms of the Bessel series, and this 
form will be utilised for later sections of this chapter2• At low 
frequencies where ka �2, the first two terms of the J 1 (x), K1 (x) series
are sufficient which leaves 

ZMA!LF)==!PoCk2na4 + jip0cka3 (2.3) 

At high frequencies where ka � 2, only the first terms are required, so 

ZMA!HF>==pcna2 + jfpca (2.4) 

Inspection of the acoustic impedance curves (Figs. 2.5 and 2.6) 
shows that at low frequencies, where ka is considerably less than 2 ( 1  is 
the approximate threshold) the mass or reactive component is 

- dominant, whereas at higher frequencies, where ka is much greater 
than 2 (3 being the approximate threshold) the total acoustic 
impedance is primarily resistive at 420 n (S.I.) and is relatively 
constant. 

u a.o 

·I· 1 0  
ro � ( 2 )  

� "' u ffi "0 "' a. .§ 
.!::'. 
v; :::> 
8 

0-1 

0-01  

� 0 0 01  
0 - 01 0-1 1 0  

Circumference/ wavelength e�a) 
Figure 2.5 M ass and radiation impedance curves for both sides of a circular piston with 
an infinite bajjle where (a) is the normalised curve due to air mass (XMA /na2p0c) and (b) is 
the normalised resistance curve (RMA=na2p0c) 
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Q.Q1 Q. 1  10 
C i rcumference/ wavelength

Comparision o f  XMA and RMA for 
infinite baffle 
on cylinder face 
in free ai r 

Loading on one 
face of piston 

Figure 2.6 

It is worth examining the influence of these effects on the radiated 
power. In order to do this, our massless, resonance-free piston must 
be energised sinusoidally; by a force F. The air load on both faces 
must be driven, despite the fact that the rear radiation is unused in an 
infinite baffie. The piston velocity V is given by the following
equation, where 

F 
V=�z (rms) 

MA
If the driving force is assumed constant with frequency, the radiated 
power equals U2 x RMA • and the radiated power usefully available is
thus 

p2 
W=-2-.RMA (from one side)ZMA 

If the above approximations concerning the dominance of X MA at low
frequencies and RMA at high frequencies are employed, then separate
relationships may be obtained for the radiated power under the two 
conditions. These are as follows : 

p2 
WLF= 4X .RLFLF 
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F2 
WHF= --4RHF
Over both these regions the sound pressure is level (this includes 

real cases such as the magnetic and electrostatic film driven designs) 
but a step in power occurs between the two. This is obvious if the ratio 
of the two power relations is considered. 

WLF RHFRLF 9n2 1
wHF = x�F 128 = 1 .44

or 1 .6 dB 

The earlier edition analysis gave an incorrect result, double this value. 
With a relatively small 1 .6  dB effect, and with sound pressure and 
power equivalent here, it is likely that this change in radiated output 
would pass unnoticed in the overall response. 

At higher frequencies the piston will become more directional 
where ka is greater than 3, and will cause the available power to 
increasingly concentrate on the forward axis with rising frequency, 
and in consequence the axial pressure will also increase. At lower 
frequencies, where ka is less than 1 ,  the radiation is virtually 
hemispherical and the axial pressure will be approximately equal to 
that off axis. 

A small digression is essential at this point in order to introduce the 
equivalent circuit of a moving coil motor system. 

2.3 A HYPOTHETICAL MOVING-COIL DIRECT 
RADIATOR 

So far the discussion has been confined to an imaginary piston with 
no mass or resonances whatever. In practice, however, a drive unit 
will possess a diaphragm and accompanying moving system of 
Mass = M0 ,  a suspension or flexible support of compliance CMs ' and
a mechanical resistance RMs , Figs. 2.7 and 2.8. We shall ignore for the
moment the other components of the motor section - magnet, voice 
coil; etc. 

While Fig. 2.8 shows a mechanical diagram, this system may be 
represented by electrical components where mass becomes 
capacitance, and inductance represents compliance, the resulting 
mechanico-electrical circuit represented by Fig. 2.9. 

The worth of the electrical equivalent lies in the ease with which 
standard electrical circuit theory may be applied to analyse what 
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-
Air load -

Radius a 

I
Driv�ng  force from 

I movmg coil motor system 

a 
- Air load 

F - � - ---11-+....1..-- - ZMA = RMA + jXMA -
-

Suspension mad e up 
compliance CMs and 
resistance RMs 

� Pisto;-with
mass M0 

Figure 2.7 Moving coil energised piston in infinite bafJ/e (showing mass, stiffness and 
resistance) 

would otherwise be a difficult acoustical problem. We shall now 
include the moving coil components comprising the coil d.c. 
resistance Re , inductance Le and mass Me (the latter is included in the 
total moving mass M0) which are incorporated in the equivalent 
circuit, resulting in Fig. 2. 10, this also included the 'source' or 
generator components, resistance Rg and voltage E (see Fig. 3 .21). 

Figure 2.8 Mechanical circuit of Figure 2.7 

ZMT 

Figure 2.9 An electrical impedance equivalent circuit of Figure 2.8 
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Total mechanical 
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Figure 2.10 Electrical circuit including generator and coil 

Figure 2. 10  includes a transformation step between the electrical 
and the mechanical parts (albeit in electrical component form). This 
transformation derives from the motor principle whereby an electric 
current flowing in a coil immersed in a radial magnetic field produces 
a mechanical force in the coil along its axis. 

The factors are flux density B, the coil wire length l actually 
immersed in the magnet flux, and the current in the coil, /. For a unit 
current, F = Bl, and hence the transformer may be represented by 
Fig. 2. 1 1 . 

Transformer theory gives the relation 

!_oc(�)2 
F n2 

hence 

The electrical quantities may be transferred via the 'motor 
transformer' to the mechanical side utilising the (B/ )2 constant where 
their combined effects may be assessed. This complete mechanically 

se : 1 

Transformer ratio 

Figure 2.1 I 1he 'motor transformer' 
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F 

M RMS 

Figure 2.12 Electrical parts referred via 'transformer' to mechanical side (represented 
in mobility form) 

based electric circuit, shown in Fig. 2. 12,  which in mechanical terms is 
referred to as a mobility arrangement, may be rearranged into the 
equivalent impedance form of Fig. 2. 1 3 ,  for ease of analysis. In this 
latter form the mechanical circuit can be subjected to rigorous 
mathematical analysis but for the purposes of this chapter it is 
sufficient to simplify its treatment by examining convenient divisions. 

In the circuit of Fig. 2. 1 3 ,  at the junction between the electrical and 
mechanical sections, we have the voice coil velocity Uc , which is 
direct1v related to the driver excursion, and thus controls the output 
power and hence the sound pressure level. 

The circuit of Fig. 2. 1 3  provides the foundation for the analysis. For 
example, at medium to low frequencies Le is negligible, leaving the 
simplified circuit as shown in Fig. 2. 14. This represents a simple LC 
resonant system with air loading ZMA and damping Re + Rc ,  which 
possesses the universal resonance curve for Uc , the coil velocity. If we 

E Bi 
Rg•Rc+jwLc 

Transformed 
elec tr ical 
components 

Transformed 
mechanical 
components 

�Velocity 

2ZMA 

Figure 2.13 Transformation of mobility circuit of Figure 2.12 to the impedance or 
velocity form. In this circuit, F, the driving force, is transformed into U" the piston or coil 
velocity, which is equivalent to a voltage or pressure in a conventional electric circuit 



22 THEORETICAL ASPECTS OF DIAPHRAGM RADIATORS 

( total ) 

Figure 2.14 Simplified circuit of Figure 2.13 at medium to low frequencies (Regions A 
and B of Figure 2.18) 

assume for the moment that the directivity of this hypothetical driver 
is constant over the frequency range, then the sound pressure and coil 
velocity will follow the same variation as that for a simple resonance 
circuit (a plot of current against normalised frequency for a series 
RLC circuit).

In decibel form, this curve gives slopes on either side of the peak 
tending to 6 dB/octave. When the velocity is translated into sound 
pressure, or acoustic power, and plotted against frequency, the 
additional linear frequency term tilts the curve, so that below 
resonance, the roll off approaches 12 dB per octave (6 + 6 dB), and 
above resonance is actually flat ( - 6 + 6 dB = 0 dB). (Alternatively, 
this follows from the acoustic power relation, W= u; RMA(r.m.s.) ' i.e.
Wocf u;.) 

Region A of Fig. 2.18 
Figure 2. 1 5  is a simplification of Fig. 2. 14  which is valid at very low 
frequencies. At very low frequencies eMS is dominant, and the other 
components such as the air load are negligible. The output is 
proportional to the fourth power of frequency, which implies a fall of 
12 dB/octave with reducing frequency below the fundamental 
resonance (Wocf2 . f2CMs). 

Region B of Fig. 2.18  
Figure 2. 1 6  shows the components of  Fig. 2 . 14  which are relevant at 

Figure 2.15 Simplified circuit of Figure 2.14 at very low frequencies (Region A of 
Fig. 2.18) 
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RMA f ront l
Air toad resistance 

RMA back 

Figure 2.16 Simplified circuit of Figure 2.14 at resonance f0 (reactive components 
disappear) (Region B) 

resonance, a condition where the reactive parts cancel leaving 
resistive effects only. 

At resonance Le is still negligible ; L and C disappear as the 
velocity/power is wholly resistive and XMA is zero. The output at 
resonance is thus dependent on the total resistance, including that of 
the generator or source R8• This figure shows that as R8 is increased 
the losses are reduced ; that is, Q is inversely proportional to R8 • This 
is the reverse of what might be expected, and the source resistance can 
be seen to be an important damping element in the fundamental 
resonance of the system. 

The coil resistance is the other major factor as, in practice, the 
suspension losses are usually low. If Rg is large or B212 small, the Q can
exceed unity and thus develop a peak in the sound output. This will be 
covered in greater detail in the chapters on LF loading (Chapters 3 
and 4). 

Region C of Fig. 2.18 
Above resonance, (Fig. 2. 1 7) at medium frequencies, the radiation is 
still essentially hemispherical so that the directivity is constant, and 
the sound pressure and power output are directly related. It is 

E Bt 
R9+Rc 

M �s � l Resistive l: Sound 
component : output 

RMA : 
XMA l Reactive 

mass 
XMA component 

Figure 2.1 7  Simplified circuit of Figure 2.13 above resonance, medium frequencies 
(Region C) 
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Figure 2.18 Fundamental bandpass .response of moving coil driver (over the range 
where directivity may be assumed constant, sound pressure and power may be shown by the 
same curve) 

possible for a driver to have a level output in this range, as the 
frequency squared term in the radiation resistance RMA is balanced by
the frequency squared term in the mass reactance (piston and air mass 
load). This condition is known as 'mass controlled', resulting in a 
constant output over this range. It assumes that the resistive 
components RMs • etc. are small ; if not, the resonance may be
overdamped, 'rounding the corner' and tilting the flat region to some 
degree. (This is represented by the dotted area in Fig. 2. 1 8.) Excessive 
Bl will also reduce the span of this region through overdamping. 

Region D of Fig. 2.18  
At higher frequencies, a second resonance i s  theoretically possible. 
Inspection of Fig. 2. 1 3  shows that the coil inductance can become 
significant at higher frequencies (as represented by the capacitor in 
our impedance equivalent circuit) and it may resonate with the mass 
component remaining in the loop, the network given in Fig. 2. 19 .  

At resonance only the resistive components apply, as seen in Fig. 
2.20. The resonant frequency is given by 

wL B2l 2 

/1 = w2L2 + 
c
(R + R )2 

wM + 2XMAc g c 
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total 
ZMA ( 2RMA+2XMA) 

Figure 2.19 High-frequency equivalent circuit of Figure 2.14 (resonances involving 
summed masses and LcfB212) (Region D) 

Interestingly enough, if (R8 + Rcf is large compared with L;w2, the 
parallel combination of Lc /B212 with B21 2/(R8 + RJ produces a 
negative inductance, - B212Lc/(R8 + Rc)2, and no resonance lift will 
occur. 

Region E of Fig. 2.18 
At very high frequencies,  above second resonance, we reach the upper 
range where the acoustic resistance is virtually constant and is thus 
independent of frequency, while the acoustic mass contribution has 
fallen to negligible proportions (see Fig. 2.5). 

The simplified circuit in Fig. 2.2 1 is now dominated by only two 
components ; the constant radiation resistance and the mass 
reactance of the moving piston itself (including motor coil, etc.). The 
normal 6 dB/octave rollofffor this single-pole filter is modified by the 
linear frequency term, producing a final roll off (of 12 dB/octave) after
second resonance. 

" 

Inspection of the pressure response (Fig. 2. 1 8) shows that the most 
uniformly wide characteristic is obtained if the fundamental 

Figure 2.20 Simplified circuit of Figure 2.19 at resonance (Region D). Total resistance 

(R + R )B212 
R -

• ' r- (R9 + R,f + w2L;
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M 

Figure 2.21 Simplified circuit at very high frequencies, i.e. above second resonance 
(Region E). The coil inductance, Le is dominant and RMA is constant at p0cna2 

resonance is critically damped and the compliance is high, giving a 
low resonant frequency. This is the theory underlying the widespread 
use of small, high compliance bass/mid drivers. 

2.4 DEVELOPMENT OF THE AXIAL SOUND PRESSURE 

The preceding analysis assumed a constant hemispherical directivity 
and pure piston operation. It is now necessary to apply further factors 
such as directivity variation and diaphragm breakup in order to 
develop a theoretical basis for the axial sound pressure as produced 
by a practical drive unit. 

Initially we will consider the case of an infinite baffie mounted 
driver radiating into a half-space (hemisphere or 2n steradians). This 
condition is approximated by a wall-mounted, flush-fitted box system 
or more simply, a wall-mounted driver. The sound pressure will 
follow the power curve (Fig. 2. 1 8) until the diaphragm diameter is 
comparable with the wavelength of sound in air. 

If we begin at Region C, the level power range in Fig. 2. 1 8 ,  both 
power and axial pressure response are uniform at low frequencies. 
With increasing frequency a point is reached where the diaphragm 
begins to concentrate sound pressure on axis, and the sound pressure 
will in consequence rise with increasing frequency. Reference to the 
section on directivity shows that when the ka approaches unity, that is 
the piston circumference approximates to one wavelength, the piston 
becomes increasingly directional. The axial gain which may be 
expressed as Q, the directivity factor, approaches 6 dB/octave. 

It so happens that the hazy division between the regions C and D of 
the power curve (Fig. 2. 1 8) lies between ka values of 1 and 2. If the 
second resonance is overdamped, the directivity gain may offer some 
compensation, which will then result in a response extension with 
certain diaphragms. The 12 dB roll off beyond second resonance will 
now tend to a 6 dB/octave slope, due to the narrowing directivity. 
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This is by no means coincidental, as the equations for directivity are 
derived from the same acoustic effects as the radiation impedance. 

For example, consider a 200 mm diameter driver chassis with a well 
behaved cone. If we take ka = 2 as the upper limit of the level region, 
the transition point from hemispherical to forward radiation is 
given by 

c 345 
r 1 .2 kHz 

J •  na n x 0.09 
where 0.09 m =  nominal piston radius. The sound pressure is likely to
be reasonably maintained for an octave beyond 1 .2 kHz, above which 
the sound output should fall by 6 dB per octave. 

In practice, most cone diaphragms enter the first major breakup 
mode or departure from true piston behaviour at values of ka between 
1 and 2, with the poorer examples producing audible breakup effects 
at half that frequency. When a cone is in breakup, the theory 
described above is of little value, as the air load impedance and 
moving mass will be indeterminate, according to the specific breakup 
mode present at each frequency. This behaviour will be discussed in 
more detail in the later section on cones (Section 3.4). 

Reference efficiency 
The level region for a moving coil driver provides a reference for the 
calculation of power output and efficiency1 • It also gives a starting 
point for a system designer to match to the power level of drivers 
covering other sections of the range. The reference power available 
efficiency is given by 

800RgB2[2pon2a4 0/ 
'1rer= 2c(R8 + Rcf(M 0 + M A)2 /o 

(2·5) 

or in more typical foim using S'5 = n2a4 
Po B2l2S5 800R8 o 

'1rer= 2nc · (M 0 + M A)2 • (R8 + RJ % (2·6) 

Equation (2.6) applies to the total output from both sides of the 
cone where the unusual condition of electrical power matching from a 
significant generator resistance Rg is included. In practice Rg tends to 
zero with low output impedance amplifiers and the above equation 
then makes little sense. 

Taking an efficiency criterion based on power input versus power 
out, the reference efficiency is 

Po B212S5 200
% '1o = 2nc . (M0 + MAf · R; 0 (2·7) 
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Comparing Equation (2.7) with (2.6) it may be seen that if the 
optimum power transfer con.dition is allowed, i.e. Rg = Re then the two
agree. For one side, as is usual for a box enclosure, the value in 
Equation (2.7) should be halved. 

It can be shown that 

4n2 f5 VAs11o = l00 . -3 . -- (small) (2.8) 
C QE 

where fo is the driver free air resonance, VAs the air volume equivalent 
compliance, and QE the driver electrical Q value. With substitution for 
the constants 

- 9 6 x 10 - s  f5 VAs % - 0 39%1'/o - · QE o - · o 

For the driver described in Fig. 8.38, I'Jo = 0.4% (with QE = 0.5) for
the available output, which is a low value and illustrates the 
inefficiency of small 'long-throw' low-colouration drivers. 

From Equation (2.7) we see that the total mass term is squared. For 
the above driver size 

_ 8p0a3 _ 8 x 1 . 1 8  x 0.0863 
k 

_ 2 "d MA - -3- - 3 g - g per st e 

which implies that the cone mass is 20 g, which is large for a 200 mm 
frame unit. If a pulp cone of possibly poorer colouration were 
substituted and the compliance adjusted to maintain the resonance 
frequency, the mass might be reduced to 8 g giving a total of 12 g. This 
would result in a power output improvement of nearly three times, 
giving an 110 = 1 . 1  %.

Sensitivity and efficiency 
It should not be forgotten that such a change in moving mass will 
have other consequences such as a relative increase in electrical 
damping at the fundamental resonance and thus a major change in 
the low frequency response. In the reference frequency region where 
the sound radiation from a system is omnidirectional or hemi­
spherical in the case of an infinite baffie, the sound pressure level 
(s.p.l.) at a given distance is proportional to the square root of the 
radiated total acoustic power. Assuming a nominally fixed electrical 
input resistance which is dominated by Re the electrical power input is 
proportional to the square of the voltage applied. This is the basis for 
Equation (2.7) for '1o·

In practice the concept of efficiency is not much used in loud­
speaker design and measurement except on a theoretical basis. 
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Accepting that the source resistance is low for both leads and 
amplifier it is usual to specify the sensitivity of a loudspeaker for a 
given voltage input, usually 2.83 V, which produces 1 W into a 
nominal 8 Q standard load. Thus a specification for the example unit 
would read, 'sensitivity= 84 dB/W at 1 m'. 

While the concept of efficiency has some relevance in the case of a 
single drive unit operating in the reference piston range it becomes 
meaningless in the context of a complex multi-unit loudspeaker 
system. Factors such as the variable and reactive input impedance 
and variable directivity exhibited by such systems over their working 
frequency ranges makes a power in/power out relation unusable. 

A method which can be used, though probably of limited 
significance, consists of driving a speaker system in a reverberant 
chamber with random noise excitation. The power input is assessed 
by monitoring the full bandwidth integrated value of the voltage and 
current input, and the acoustic output from the integrated sound 
power assessed from measurement of the reverberant field. 

Dual coil L.F. unit 
Watkins (USA) developed a method for extending the l.f. range by 
rematching the speaker impedance in the resonance region using a 
double motor-coil. One coil, of nominal impedance, is driven over the 
usual range and provides an overdamped alignment ; the second, 
lower resistance coil, is fed via a bandpass filter at low frequencies 
providing the extra power to augment the low frequency output. 
Effectively the driver is rematched in impedance around the l.f. 
resonance. 
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The performance of practical 
diaphragms 

So far we have examined a hypothetical diaphragm - a flat infinitely 
rigid piston. This is a reasonable approximation for high performance 
drivers, from the very lowest frequencies to the reference level range. 
For example, a good quality 300 mm chassis size driver should still 
approximate to a piston up to 500 Hz; a 200 mm cone driver to 1 kHz 
and a 25 mm rigid dome unit to 10 kHz, or possibly beyond. While 
such operation is generally valid with regard to the uniformity of 
sound pressure response, colouration due to suppressed resonances 
within this working range may still be audible. 

The factors responsible for departures from pure piston 
performance may be divided into two interdependent categories ; 
firstly, those due to geometry, i.e. the diaphragm shape, and secondly, 
those resulting from the mechanical properties of the chosen 
diaphragm material. Indeed perfect piston operation is not neces­
sarily desirable, a view that apparently is in conflict with some 
modem designers absorbed in the quest for ultra-rigid diaphragm 
constructions. Consider the abrupt change in directional properties 
of a system where the bass unit is a large true piston and that for the 
treble, the usual small dome. The resulting step in the power response 
will undoubtedly upset the uniformity of the reverberant response 
especially if the axial response is equalised to flatness. 

3.1 DOME RADIATORS 

Phase loss 
A dome made from our hypothetical, perfect material will have a 
series of dips or nulls in its pressure response on the axis, at 
frequencies where the path difference between the apex and the rim is 
a multiple of a half-wavelength of that frequency in air. A phase 
difference exists near these nulls which causes the axial output to fall 
gently towards the null, this phenomenon is termed 'phase loss' 1 • 2 
(Figs. 3 . 1  and 3.2). 

30 
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' ( Do:e · I 
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Figure 3.1 Dome geometry and phase loss (first dip when .l. = 2h) 

The frequency f1 at which the dip occurs is dependent on h, the
dome height. A shallow profile will place f1 high.

For example, in a typical 25 mm doped fabric dome, h is commonly 
around 7.5 mm. 

f = :_ = 
345 m/s 

46 kHzA 7.5 X w -3 m 

and the first dip occurs at A./2, that is at 23 kHz. 
A smaller 19 mm diameter thermoplastic diaphragm, of h typically 

3.75 mm, will possess a first null at 46 kHz, well above audibility. 
However, with some of the larger 34 mm dome HF units, where h may 
be 10 mm or so, this axial null may occur as low as 17 kHz and a 

Reference level 

h 

Phase l oss 

A 3A SA 
2 ' -2- -2- ' etc. 

Log frequency 

Figure 3.2 Typical dome response dominated by phase loss 
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gentle but progressive phase loss droop may be significant from 5 kHz 
upwards, assuming that no breakup occurs. Phase loss also applies to 
inverted domes, i.e. cones, but the breakup modes in these generally 
larger diaphragms usually begins at such low frequencies that the 
phase loss is unimportant. 

Small inverted domes are best described as concave as opposed to 
the conventional convex type. Their theoretical performance differs in 
important respects3 . On axis, the concave diaphragm frequency 
response begins to rise at high frequencies due to the resonance effect 
of the frontal cavity formed by its shape, at around the frequency 
where ka = 1 .3. Flat piston and concave diaphragms have a very 
similar efficiency and directivity while the convex dome has a reduced 
absolute radiating efficiency but, in compensation, offers better 
dispersion (see Fig. 3.3(a) and (b)). 

Breakup modes 
Even with dome units which are generally driven by a motor coil of 
the same diameter attached to the rim, the first breakup resonance 
usually occurs near or just before the first phase null, and the total 
output will then depend on the sum of the two effects. 

The dome profile is chosen with due consideration for the strength, 
density and damping of the material used. Clearly a flat piston of 
given thickness is far less rigid and will have a much lower resonant 
frequency than a dome or cone structure of the same material. For 
this reason the shape may also be exploited to control resonances 
when they do occur ; the contour may be selected so as to place the 
first resonance as high as possible, always remembering that any 
undamped resonances are undesirable. The degree of internal 
damping offered by the diaphragm is a further factor. 

The first breakup resonance is an arbitrary name for the frequency 
at which the apex area of the diaphragm moves in anti-phase with the 
rim (Figs. 3.3(c), (d), (e) and (f)). The output at resonance depends on 
the damping and may, if suitably coincident with the phase null, 
provide some compensation for the latter towards the upper end of 
the frequency range. The first breakup or resonant frequency fH can 
be described as 

fH = 0.523 � J�
where T = thickness, a =  piston radius, E = Young's modulus and p = 
density. E/ p is clearly a crucial factor suggesting reduction of p and 
maximisation of E (see Table 5.2). 
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Figure 3.3(a)  Directivity patterns of a convex dome and a flat piston (after Suzuki and 
1ichy3 ) 

3.2 VELOCITY OF SOUND IN A DIAPHRAGM 

The velocity of sound in a structure is not so much dependent on its 
density and the elasticity of the material used, as on the actual 
structure or shape into which it is formed. At low frequencies, where 
piston operation holds, the sound velocity is 

Us =  Jp(l  :.yz) 
where y is Poisson's ratio and Us is the velocity in sheet form. In a
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Figure 3.3(b) Directivity patterns of a concave dome and a flat piston (after Suzuki and 
Tichy3 ) 

cone Us is high, i.e. three or four times that in air. With increasing 
frequency the velocity reduces, following an almost hyperbolic law. 
Breakup modes result in sharp irregular departures from this curve, 
but a cone with well controlled breakup modes may follow it quite 
closely. For example, a 200 mm frame size, pulp-paper cone possesses 
a sound velocity at 750 Hz (approximately its first breakup mode) 
which is about equal to that in air. With a further increase in 
frequency, the velocity approaches the value for a flat sheet of the 
same diaphragm material of infinite size, in this case about 100 m/s or 
less than one third of the sound velocity in air. 
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Figure 3.3(c) (/) 1 in (25 mm) soft dome unit,f= 30 Hz (slopes are surround, central area 
pure piston) ;  (2) 1 in (25 mm) soft dome treble unit, f= 1.2 kHz, near to fundamental 
resonance (rocking mode); (3) 1 in (25 mm) soft dome treble unit, f= 9.5 kHz, 
axisymmetric model (first central breakup) (after Bank and Hathaway)1 9 

( d ) ( e ) ( f ) 
Figure 3.3(d }-(f) Dome behaviour /eading to first breakup : (d) piston, (e) first bending 
and (f) breakup, centre out of phase with rim 
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The concept of sound velocity in diaphragms is not clear cut and 
may be regarded more as an alternative view of the greater rigidity 
provided by a cone as opposed to a flat sheet of a given material. It 
may be argued that regardless of shape the transmission velocity in 
the surface plane of the medium remains constant and that the 
apparent velocity of the total forward radiation emitted by the 
diaphragm is the important factor. Its phase and amplitude and hence 
power response is controlled by geometry and by the distribution of 
nodal circles and related breakup phenomena. 

Hence, we have established another factor, namely a source of 
'phase loss' caused by the time difference between radiation from the 
edges and centre of a diaphragm due to propagation velocity. Strictly 
speaking, this is another way of looking at the breakup or loss of 
rigidity phenomenon. Taking the example of the pulp cone 
mentioned above, a dip in response will occur when the delay 
generates a half-wavelength difference in the radiation between the 
centre and rim ; the propagation time Jag due to the cone height must 
also be considered (Fig. 3 .4). 

It is interesting to speculate on the effect of this propagation delay. 
For pure piston operation the apex or centre radiation lags the rim 
output for a distant observer, this being equivalent to the dome phase 
loss discussed. The effect of this propagation delay is a retardation of 
the rim energy thus bringing it closer to the phase of the centre energy. 
By suitable control of geometry and other constants, it is possible to 
balance these two effects to some degree. Inspection shows that this 
same balance is also possible with a dome over a limited frequency 

Output 
delayed 

Figure 3.4 Velocity of sound in cones. (Assuming cone is shallow and hence depth 
negligible, the transit time t = U0 /I, where U0 = velocity in diaphragm) 
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range. In practice both cone velocity and geometric phase loss effects 
must be considered of secondary importance by comparison with the 
dominant breakup modes. 

3.3 COMPENSATION OF DOME CHARACTERISTICS 

In most dome radiators the three effects described above work in 
unison. There is a propagation delay in the diaphragm which 
produces a phase lag between the apex and rim outputs, while 'phase 
loss' due to the height results in a phase lead, and finally the first 
breakup mode gives a more or less well damped resonance. 

With suitable choice of motor design and careful choice of 
diaphragm thickness, material and contour, it is possible to obtain a 
usefully wide and uniform characteristic. 

3.4 CONE BEHAVIOUR 

With dome diaphragms the working frequency range rarely extends 
significantly beyond the first resonance mode described. However, the 
larger cone-type diaphragms are more susceptible to undesirable 
breakup or departure from true piston operation at relatively low 
frequencies, and of necessity they are often used well into their 
breakup range, even in high performance systems. The best known 
example is the extensive use of a type of thermoplastic coned, 200 mm 
frame, bass-mid range unit, covering the range 50 Hz to 3 kHz in 
compact enclosures of 30-50 litres volume. This is particularly 
prevalent among UK system designers. It would be no exaggeration 
to place the first breakup mode in this example as low as 700 Hz, and 
yet with careful design the colouration can remain low. The equalised 
axial response may hold to within ± 1 .5  dB limits right up to the 
3 kHz crossover point. 

A dome diaphragm is normally driven at the rim or perimeter and 
hence the path length is correspondingly short. In contrast, cones are 
driven from a relatively small apex area, the cone diameter generally 
five or ten times larger. In this case the path length is appreciable and 
is responsible for the earlier breakup. 

�- 3.5 CONE PARAMETERS 

The variables involved in the design of a cone are as follows (Fig. 3.5) : 
( 1 )  Material. thickness and density, which may be non-uniform : 

some cones are intentionally thicker at the apex and thinner 
towards the edge. 

(2) Stiffness (or Young's modulus) of the material used. 
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-F 

Driving point< 
- F  

Figure 3.5 Cone diaphragm and suspension 

assembly 

(3) Cone angle and profile : whether straight sided or flared. 
(4) Absolute dimensions of the cone : its height, rim and apex 

diameter. 
(5) Rigidity and mass of the attached motor coil. 
(6) Suspension and mechanical properties of the surround. 
An elementary model of cone behaviour may be established from 

vibration theory but this bears little relevance to real cones, which are 
often highly variable and hence do not correspond well with theory. 
This failure is partly due to the complexity of the analysis involved but 
is mainly attributable to the anisotropy of the cone material. This is 
commonly an impregnated felted paper, whose mechanical properties 
can vary up to 100% in a random manner over the surface area. 
However, the use of vacuum formed plastics for cones and recent 
improvements in paper technology have resulted in rather closer 
correspondence with the theoretical predictions. 

While it is possible to make some analysis of free cones a practical 
diaphragm will have its behaviour strongly modified by the effects of 
the surround, compliance, resistivity and to a lesser extent mass. 
In addition the motor coil mass must also be included, a highly 
significant factor at higher frequencies. A transmission line model 
may be employed for energy propagation in a diaphragm and 
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although of some interest one has to make strong assumptions that all 
the breakups are numerous, well distributed and well damped. 

Transmission-line analogy 
A cone possesses finite stiffness, distributed mass and some 
mechanical damping. Assuming for the moment that the damping is 
high with negligible 'free' resonances, the area of the cone vibrating 
will tend to contract towards the driving point with increasing 
frequency. Thus the outer areas become increasingly decoupled from 
the centre due to the elasticity and mass of the material and the cone 
may be likened to a Jossy transmission�line or low-pass filter 
(Fig. 3.6). 

This aspect of behaviour may be exploited by suitable cone design. 
One effect of a reducing cone area is to maintain an adequate 
dispersion to higher frequencies than would be expected from this size 
of driver, while the reducing mass results in augmented efficiency as 
the working cone mass approaches the mass of the motor coil. 

Termination 
Sound energy applied to the cone apex by a motor coil propagates 
towards the rim. It is undiminished at low frequencies but will be 
attenuated at higher frequencies due to the low-pass transmission 
filter effect described. If poorly terminated, as in the extreme case 
when the edge is directly clamped to the frame (a short circuit), or 
alternatively left free (an open circuit), the incident energy will be 
strongly reflected back towards the apex. This will not only interfere 
with the prime outward travelling energy, thus setting up standing 
waves, but it may also excite more complex vibrational modes in the 
cone. 

Apex D istance 
1-------------------• To cone r im 

Mo tor co i l  
at apex 

L or edge

etc . 

' 
Mass c 
element 

� � �
S e c t i o n s  o f  c o n e  

Figure 3.6 Transmission line analogue of loudspeaker cone (direction of reducing 
cutoff-frequency from left to right, i.e. lowpass filter action 
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For this reason, the surround must present a well matched resistive, 
or lossy mechanical termination to the cone rim. It should efficiently 
absorb the incident energy at higher frequencies while not 
introducing excessive mechanical loss at low frequencies where the 
cone excursion may be considerable. The surround profile should be 
dimensioned so that it has no significant self-resonances (see 
Chapter 5). 

The perfectly homogeneous cone 
In theory, a homogeneous or uniform cone should possess only one 
group of nodal resonances, these occurring in the axis of excitation 
(see Fig. 3.7(a),(b)). This behaviour is illustrated by the aluminium-

( 1 )  

( 2 )  

( 3 )  

� 1 0  

!
""' c: " 0 (/) 

Plan view 

Plan view 

Log frequency 

Figure 3.7(a) Nodal resonances (concentric) ;  (1)  1st nodal resonance, (2) 2nd nodal 
resonance, (3 ) effect of nodal resonances on response 
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Figure 3.7(b) B in (200 mm) curved paper cone, with surround, f= 2.9 kHz, bending 
resonance (nodal). (Celestion laser scan) 

foil/polystyrene-foam core 'sandwich' cones, which are extremely 
uniform over their surface area. 

Normal cones 
While the basic nodal or concentric resonances certainly occur in 
normal cones, they may be heavily disguised by other modes which 
can be excited as a result of diaphragm non-uniformity. The 
concentric modes are present at high frequencies, and lower frequency 

Rim flexure 

2nd Order Higher modes 
( � direction of motion ) 

Figure 3.8(a) Radial or circu"!{erential 'betl' modes 
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Figure 3.8(b) 8 in (200 mm) straight-sided paper cone, with surround, f= 2  kHz, 16th 
order bell mode. ( Celestion laser scan) 

( a )  
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( c )  ( D ip due to poorly terminated 

rad ial mode l 

\ 
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Frequency 

Figure 3.9 Effects of changes in the form of a half-roll surround. (a) Form : 
conventional and with flat section added, (b) equivalent circuit, (c) sound pressure 
response 
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irregularities may be produced by 'bell mode' or radial vibrations 
(Fig. 3 .8). Since their greatest amplitude is at the rim, both the rim 
contour and surround are critical factors in the control of these latter 
breakup effects. The 'bell' modes may be properly terminated, but the 
mechanical impedance match differs from that required to terminate 
the longitudinal or concentric mode energy. 

With flared thermoplastic cones4 employing a surround of 
plasticised pvc, it is possible to deal with both modes satisfactorily. 
The material's bulk properties in sheet form terminates the concentric 
modes and an extra flat section in the surround contour provides 
control of the radial modes (Fig. 3 .9). 

With certain examples, notably flared thermoplastic diaphragms4 
a suitable high loss surround, e.g. plasticised pvc may be capable of 
successfully dealing with both modes. The surround's bulk properties 
in sheet form terminate the concentric modes while an extra flat 
section of surround profile controls the radial modes. With the pvc 
materials finding less favour on chemical safety grounds grades of 
nitrile rubber have also proved to be a good substitute, together with 
pvc/rubber mixtures. 

Subbarmonics and rocking 
The mechanical non-linearities in a vibrating cone can give rise to 
subharmonics of the fundamental excitation, that is at one half, one 
third frequency, etc. although only the first mode is generally of 
significance. Sub harmonics usually occur in thin straight sided cones. 
Cone angle and the other associated constants are all influential 
factors. 

Subharmonics are more common in plane diaphragms, such as leaf 
or ribbon elements, and may severely restrict the usable range at 
lower frequencies. In this category may be included one more mode, 
namely rocking, or as Japanese engineers call it, rolling. Here the 
diaphragm literally fails to move axially due to poor balance or 
suspension stiffness asymmetry (see Fig. 3 .3(c, 2)). 

Cone material damping 
The cone resonance modes may also be controlled by using a material 
which has a high internal damping. Although . many cones are 
described as being made of paper, this material is more correctly 
specified as a dense felt, impregnated with a suitable stiffening agent. 
The loss factor may be varied at will, but it should be noted that the 
high frequency response extension will be strongly related to the 
amount of damping. With thermoplastic cones the polymer may be 
selected for its high damping coefficient (e.g. bextrene, a polystyrene/ 
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neoprene mixture) and may have an additional surface treatment of 
coating such as polyvinyl acetate. 

Experience has shown that it is better to get the cone behaviour 
right and employ matched surrounds for good mode termination 
rather than rely on internal damping. The latter can only ameliorate 
diaphragm shape faults, not solve them. The very best examples of 
cone driver employ every favourable combination of construction 
and material to achieve their high performance. 

3.6 CONE SHAPE 

It has been demonstrated that cone shape is of great importance, and 
this fact cannot be emphasised too strongly. Even where a basic shape 
has been determined in advance, if the highest standards are 
demanded, as many as ten or more cone profiles may be experimented 
with before the optimum is finally obtained. Individual cone shapes 
will now be examined in greater detail. 

Straight sided or true cones 
The extreme case of a wide angle cone (i.e. 1 80°) is a flat disc. If light 
and thin, it will possess very little rigidity, and hence will enter 
breakup at quite low frequencies. This may be regarded as a special 
case which is seldom encountered. (See resistance controlled moving 
coil driver in Section 5.6.) 

Moving coil drivers with flat diaphragms have become more 
popular with some designers on the grounds that linear phase is an 
important objective. With flat diaphragms, in theory at least the same 
plane can be easily aligned for all types, bass, mid and treble drivers. 

Special structures are required to produce the vastly increased 
stiffness needed to place the first bending mode well above the 
required operating range for each driver. Foil skinned aluminium 
honeycomb structures have been used with especial care taken over 
the driving points to minimise resonance excitation. This implies 
placing the driving points at the first resonance node or minimum and 
has required very large diameter motor coils or multiple coil driver 
assemblies5 . 

As the cone angle is reduced the axial stiffness will increase, with a 
consequent rise in velocity of sound in the cone. The first resonance 
then occurs at a higher frequency and both circumferential and 
concentric modes appear (Fig. 3 . 10). With further angle reduction the 
increased axial rigidity continues to defer the first appearance of 
resonance and the concentric mode� increase in strength lifting the 
high frequency response, often with considerable irregularity. Some­
where in this range, with a given material, there may be an optimum 
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Figure 3.10 Straight sided cone profile. The mechanical impedance changes at the 
points arrowed, due to both material and rapid contour changes 

angle where the smooth est extension of response is obtained without 
serious lower frequency resonances. 

Curved profiles 
One obvious defect of a straight sided cone, namely its strong 
circumferential mode resonance, may be effectively suppressed by the 
adoption of a flared or curved profile. This possesses greater rigidity 
with respect to these bending resonances. 

A further defect concerns the discontinuities or corners presented 
by a straight sided cone at the two junctions ; motor coil and apex, rim 
and surround. A flared cone may be shaped to provide a smooth 
contour from motor coil to rim surround, which considerably reduces 
the severity of the standing wave reflections at these boundaries. A 
flared cone will give less output over the upper resonant frequency 
range than will a straight sided cone, and hence will not be as 'loud', 
but its overall range exhibits greater uniformity and hence it is more 
suitable for high performance purposes. However, the flare must not 
be too shallow; otherwise the cone as a whole may prove insufficiently 
rigid to act as a piston under high-power, high excursion conditions at 
low frequencies. Additionally an excessively open flare may allow the 
outer area to flex in anti-phase to the main output at mid frequencies. 
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Frame 

Figure 3.11 Example of cone surround profile of a high performance 305 mm driver 
(after Harwood )4 

Flares close to a hyperbolic law (Fig. 3 . 1 1 ) have been successfully 
manufactured in many materials ranging from doped paper-felt to 
thermoplastics, and also in metals, notably aluminium and titanium. 

While for theoretical purposes the motor coil or driving point is 
assumed to be rigid, in practice this is not so. Depending upon the 
apex geometry, adhesive stiffness, whether the neck or apex is open or 
closed, the behaviour of the whole diaphragm may be affected6.  
Usually the apex is open, but recently designed thermoplastic cones 
have been produced with the apex 'blank' section left intact as a 
stiffener. Alternatively, a rigid plug may be fitted or a stiffening ring 
employed. Coil diameter is also a crucial factor here and results with 
a 25 mm motor coil may not be reproducible with 33 mm coil for the 
same diaphragm diameter. 

Analysis of a straight sided cone 
The speaker research division of Philips in Holland has developed a 
method of analysing straight sided cones 7• The typical form 
illustrated in Fig. 3 . 12  is subject to bending (or circumferential) and 
longitudinal or (concentric/nodal) resonance modes. The arc of the 
bending wavelengths is typically much shorter than those equivalent 
frequencies in air, and hence has less effect on the output than the 
longitudinal resonance wavelengths whose dimensions are generally 
much greater than in air. The latter thus produce phase cancellation 
effects with consequent irregularities in the axial pressure response 
and the polar distribution. 

In the analysis, the cone is described by four geometrical and four 
material parameters. The apex is rigidly driven by an axial sinusoidal 
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a, 

F 
Figure 3.12 Cone analysis parameters 

(1) a, rim radius 
(2) a., apex radius 
(3) ex, cone angle 
(4) h, material thickness 
(5) u, propagation velocity 

Free 

driving plane 

(6) E, Young 's modulus 
(7) p, density 
(8) v, Poisson's ratio 
(9) ii, internal loss-factor 

force whose magnitude is independent of frequency. The radiation 
impedance is assumed to be negligible (this is valid for most 'hi-fi' 
drivers with efficiencies of 0.5 to 2.0%), and the outer edge is assumed 
'free'. Internal losses are also taken into account. 

The breakup behaviour is represented by 12 simultaneous differ­
ential equations which were numerically solved over a wide frequency 
range. In the example quoted a paper-felt cone with an included angle 
of 100° and an outer diameter of 1 60 mm, was measured and its sound 
pressure and breakup patterns calculated. 

Figures 3. 1 3  and 3 . 14 illustrate the theoretical and measured 
curves. The discrepancy at low frequencies between the measured and 
calculated output is due to the additional contribution from the 
surround, a factor neglected in the theoretical approach. Likewise, the 
additional measured output around 10 kHz is attributed to the finite 
rigidity of the motor coil as opposed to the infinitely rigid structure 
assumed by the theory, and clearly the latter is quite realistic. The 
analysis also indicates that the transmission line analogue (Fig. 3.6) is 
oversimplified. 

Finite element analysis 8 has proved to be a powerful though 
complex technique for the analysis of vibrating structures, both for 
the transducer diaphragms and also their enclosures. Simplified 
analysis is also possible (see Fig. 3. 1 5, Shin do et al. 6). Using a similar 
design of driver, an interesting comparison of conical, convex and 
concave diaphragms has been made6. Here the practical effects of 
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Figure 3. 13 Axial pressure response (after Philips)1 

surround compliance and motor coil mass have been accounted for in 
the analysis. 

The behaviour may also be modelled using quite a simple 
equivalent circuit (Fig. 3. 1 6). In the figure example values of Me = 
6.4 x l0 - 3 kg, Mm = 2.3 x l0 - 3 kg, C, = 1 .6 x l 0 - 2 n N - 1 , the first 
eigenfrequency above free air resonance (at 23 Hz) is at 2 kHz 
approximately. Higher order eigenfrequencies or resonances follow 
with increasing frequency. 

2 kHz 
�1------

6·2 kHz0 

-- M easured - - - Calculated 

Figure 3.14 Directivity at two frequencies, 2 kHz and 6.2 kHz (after Philips)1 

3.7 MOTOR SYSTEMS 

Up to now this chapter has mainly been concerned with pistons and 
diaphragms driven by hypothetical motors, that is convertors of 
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electrical power into mechanical force. However, the elements of the 
moving coil motor were introduced in Section 2.3 dealing with the 
analysis of a direct radiator cone driver and these will now be 
examined in greater detail. 

In theory, a diaphragm may be energised by a number of 
transducer methods, with the diaphragm characteristics (mass and 
area) being dimensioned to match. 

Film transducers 
The large surface are transducer has always had a following. If 
uniformly driven over its surface area, such a low mass diaphragm 
will have a dominant resistive air loading which will tend to suppress 
any resonances. Theoretically such a transducer should also be 
efficient, due to the excellent radiation coupling. In practice, however, 
engineering limitations reduce the efficiency to a level at or below that 
of the average moving coil driver. The best known and longest lived 
example is probably the original Quad loud-speaker (Figs. 3. 1 7  and 
3. 1 8), which employs electrostatic drive to a light plastic film
diaphragm9. This is a two-way, push-pull system with a high surface­
resistivity diaphragm ensuring constant charge operation. The two 
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Figure 3.16 Mechanical reactance versus frequency 

Table 3.1 SOME EXAMPLES OF FILM-TYPE TRANSDUCERS 

Electrostatic 
( 1 )  Dayton Wright Electrostatic - An array of convex elements with a sulphur 

hexafluoride filling to increase dielectric strength and hence allow higher voltage 
operation. A horn super tweeter is often used with this system. 

(2) Quad Electrostatic - Classic three way system of adequate power capacity. 
Superseded by ESL63 of better directivity and matching. Multi-electrode structure. 

(3) KLH9 - Electrostatic multi-way system in a tall, vertical panel format with strip 
elements for the higher frequencies. 

(4) Acoustat - A large angled panel full-range system with direct-coupled valve 
amplifier eliminating transforrnerjpolariser - other passive versions available. Fig. 
3.20, 3.21 .  

Magnetic 
( 1 )  Magneplanar - A large panel transducer with a mylar film diaphragm using copper 

wire bonded over its surface area. 
(2) Strathearn - A magnetic drive film transducer with a transformer coupled single foil 

turn and strip magnets (mid and treble range only), Fig. 3 .22. 
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B 

Figure 3.1 7  Section of an electrostatic transducer. A :  Front and rear perforated 
electrodes (conductive). B: Very thin film diaphragm of high surface resistivity (101 2 
ohm/square) (after Jordan)20 

Step up t ransformer ( ( I  : 10  approx ) 
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: resistivity 1 d iaphragm 
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1 Fixed electrodes 

Figure 3.18 Electrostatic driver circuit (conventional )  

elements of push-pull electrodes and constant charge impart linear 
operation up to fairly high frequencies and amplitudes, a performance 
not possible with the simple electrostatic driver employing a single 
fixed electrode. 

The greatest problem with large area diaphragms is directivity. 
With increasing frequency the response angle narrows in the forward 
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axis until it becomes too critical for normal use. As a general rule, for a 
frequency range up to 1 5 kHz, the radiating diameter of the source 
should not exceed 40 mm for reasonable dispersion of the highest 
frequencies. Ideally the diaphragm should possess a cylindrical or 
better still a spherical contour but this poses great constructional 
difficulties. Often the frequency range will be split between different 
sized drivers. A vertical strip element provides improved dispersion in 
the horizontal plane though often this is achieved at the expense of the 
dispersion in the vertical plane. A very tall loud-speaker, e.g. over 2 m, 
can place the listener in the near field and thus avoid this effect. 

In addition, most electrostatic systems are run at a high polarising 
voltage, 5-7 kV, and need substantial screening for safety and leakage 
reasons. Such precautions can impair the performance. The high 
audio driving voltage required may be achieved with wide band, high 
voltage, low ratio transformers fed from integral valve power 
amplifiers, but more usually a high ratio step-up transformer is 
employed. The system is fed from a conventional low source 
impedance power amplifier. The input impedance characteristic of 
such a system- is often regarded as difficult to drive* ;  approaching 
a short circuit at very low frequencies. The impedance is initially 
strongly inductive, and then becomes increasingly capacitative, 
sufficient on occasion to cause oscillation with some amplifiers. 

Almost 20 years of research by one designer, Peter Walker1 0, has
resulted in a set of solutions which go a long way to solve a number of 
the above problems. In its latest form his ESL63 electrostatic system 
is conceived as essentially one large flat diaphragm 0.6 m x 0.8 m, 
approximately. The analysis is largely unaffected by the practical 
constraints which necessitated dividing the area into more easily 
handled sub-panels where the required rigidity of the fixed electrode 
structure can be more easily attained. The uniform surface resistivity 
radiating area is driven by an electrode structure arranged in the form 
of a set of concentric rings. A high voltage audio delay line of critical 
construction feeds the electrode elements, so energising defined areas 
of the diaphragm with power of calculated frequency response phase 
delay and amplitude. A phased array is thus produced where the 
directivity aud response may be closely defined. In the case of the 
ESL63 the system is corrected both for edge discontinuity and the 
clamped boundary, and is also adjusted to produce an expanding 
wave front. This simulates a point source 0.3 m behind the 
diaphragm. The plastic film diaphragm has a fine gauze material in 
loose contact to aid damping, and the whole is enclosed in an 
acoustically transparent plastic film enclosure to help reduce the 

* See Fig. 3.20
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Figure 3.19 The Quad ESL-63 
(see Fig. 8.19) 

damaging effects of dust and humidity on the system. Both these and 
the necessary metal mesh grilles inevitably impose some small 
compromise on the performance. 

In the early days single plate electrodes with constant voltage 
polarisation were employed. The force equation is non-linear with a 
second order term, F oc V2, producing second harmonic distortion. 

H. F. 

Polar i sat i o n  

R2 
L . F 

Figure 3.20 Double transformer drive with RC crossover improves input impedance of 
electrostatic with a wider bandwidth (compare with Fig. 3.18) (after Strick/and 1 1 )  
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Also, 

F=Eq 
where E =electric field and q =static charge. Now modem 
electrostatics set q constant by employing a high resistance to the 
diaphragm or using a high resistivity diaphragm, ensuring constant 
charge operation. In theory the drive equation is thus perfectly linear 
over the full diaphragm excursion, orders of magnitude superior to 
other systems. At 90 dB spl total harmonic distortion of 0.03% is
possible at middle frequencies. 

Sheathed electrodes 
Commonly electrostatic electrodes comprise rigid perforated metal 
or metallised plates. These must be free of self-resonance and of 
sufficient window area to minimise reflections and allow easy egress of 
the diaphragm output. Polarising potentials above 5 k V are desirable 
to improve sensitivity but generally result in breakdown under 
adverse climatic conditions. 

At the typical 5 kV used, contact with the fixed electrodes by a 
diaphragm under full excursion results in a discharge arc sufficient to 
bum a hole, eventually impairing performance. Complex protection 
schemes may be devised to reduce this effect (Quad) or an alternative 
method of construction 1 1  may be used. Originally developed by 
Janzen (USA) the fixed electrodes may be formed by a grid of 
insulated or sheathed wires supported on an open cellular structure. 
The sheath dielectric properties are deliberately chosen (a grade of 
pvc) to provide a controlled high resistivity so as to share a 
proportion of the total polarising voltage with the air gap (see Fig. 
3.21 ). 

Air gap gradients exceeding 1 kV m - 3 are approaching the ionisa­
tion limit, with increased noise, and in the sheathed electrode system 
the wire to diaphragm spacing is held at 2.5 mm. An additional 
benefit is the electrical 'soft landing' provided when the diaphragm 
contacts the sheathed wire. The insulation remains intact and no 
arcing can occur. 

Other large area transducers have employed a variant of the 
moving coil whereby the 'turns' are laid out uniformly over the area of 
the film diaphragm, with the necessary static magnetic field supplied 
by an array of powerful magnets. Sufficient gaps must be provided to 
allow the sound energy produced to escape. 

It would be wrong to suppose that the beneficial air mass to 
diaphragm ratio will eliminate resonances entirely. In fact, a number 
of more or less well damped breakup modes are present which are 
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Figure 3.21 Sheathed electrode construction. RA = airgap resistance; R5 = sheath 
resistance, CA = airgap capacitance, C5 = sheath capacitance (after Strickland' ' )  

akin to those occurring in a thin plate clamped at its edges. With some 
designs additional damping has proved necessary in the form of a 
local sympathetic vibrating membrane and/or surface diaphragm 
coatings. This is particularly true of the higher mass magnetic 
diaphragms which often employ nodal clamps. 

To date, no film loudspeaker has proved to be particularly cost 
effective or electrically efficient. Due to a rigid constraint of field 
strength versus allowable diaphragm displacement, which restricts 
the resulting sensitivity, there are definite limits as to the maximum 
sound level that can be attained. For the magnetic types, the sheer 
cost of the high-energy magnets is prohibitive, and on the electrostatic 
side, the combination of voltage breakdown and the reactive input 
impedance of the capacitive element together act to restrict the 
maximum acoustic power output. Where high levels are required, 
these large systems are also considerably more directional than well 
designed direct radiators, although with care the dispersion may still 
be adequate over the important part of the range. 

In recent years, electret elements have been developed for use in 
headphone sets and microphones, where the · polarising potential is 
present in the form of a permanent charge akin to magnetisation. 
Large drivers for loud-speaker applications may well be developed 
along these lines. 
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The ribbon 
The so called 'ribbon' is a variant of the film transducer and comprises 
a thin corrugated conducting foil placed between the poles of a 
powerful magnet 1 2 , thus constituting a single turn very low 
impedance coil (Fig. 3.23). As with the normal solenoid type motor
coil, the motion is at right angles to both the coil and magnetic axes, . 
the ribbon equating to a diaphragm element clamped at each end. It is 
difficult to produce large ribbons, due to problems of generating a. 
sufficiently high field strength over a wide magnet gap, and hence the 
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Figure 3.22 Mid-range/high frequency film diaphragm driver (requires transformer 
matching 4 : 1 )  (Courtesy Strathearn) 



THE PERFORMANCE OF PRACTICAL DIAPHRAGMS 57 

Power ful 
magnet poles 

----...._ N 

(-a 
Pleated metal foil "-
or metallised f i lm Axis of 

motion 

Ter minal 

5 

Terminal 

Figure 3.23 Ribbon transducer element (typically 5 x 25 mm). May be horn loaded to 
improve air coupling 

transducer is usually horn coupled to achieve reasonable air 
matching and efficiency. A transformer is also required to match the 
amplifier to the very low impedance of the conducting element (see 
Fig. 3 .22). 

Air-motion transformer 
The so called 'air-motion transformer' is a device which was 
developed in the USA by Oskar Heil, and resembles a ribbon driver in 
construction (Fig. 3.24). The vital element in this case is a pleated
plastic film diaphragm with a metallised conductor pattern of normal 
6 Q or so resistance. The forward/aft motion of a 'ribbon' is not
exploited and instead, the element is encouraged to expand and 
contract along its length like a bellows, pumping air in and out of the 
folds. This is claimed to result in a 5 : 1  magnification of the air load
presented to the diaphragm resulting in good damping and reason­
able efficiency. Certainly the performance of the commercial 
examples available would tend to bear out this claim. 

At present a 400 Hz to 20 kHz range is possible, and reasearch is
continuing on a larger mechanical version of the 'air pump' for bass 
frequencies, using a solenoid type motor element. High internal loss 
materials such as polyethylene or teflon (p.t.f.e.) are used for the film in 
the present HF models as these inhibit self-resonances. 

Piezo-electric and high-polymer transducers 
Certain materials have the property of a dimensional change when an 
electric potential is applied across them, this being a reversible 
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Figure 3.24 Heil 'Air Motion Transformer' (after ESS) 

mechanism. Both crystalline substances such as Rochelle salt, and the 
so called ceramics, such as barium titanate, demonstrate this piezo­
electric effect. Some plastics known as high-polymers have also been 
developed which possess this property ; incidentally, these are 
polarised internally like electrets. The piezo-electric effect in these 
polyvinylidene-fluoride 'high polymers' can be up to ten times than of 
quartz. 

The high mechanical impedance of the mineral substances 
normally restricts their use to high frequencies ; one design employs a 
ceramic element, a horn loaded HF unit (Fig. 3.25) developed by
Motorola 1 3 .  It uses a circular 'bender' 22.6 mm in diameter and
0.5 mm thick, and a small cone joined to the centre of the element,
acoustically coupling the latter to a moulded semi-sectoral horn. The 
axial response covered is 4 kHz to 20 kHz, within ± 3.0 dB limits.

Although high-polymer 'benders' may also be produced, another 
use for this material has been suggested. If a thin film (30 11) of high­
polymer plastic is formed into a cylinder (Fig. 3.26) the dimensional
changes under applied electric field variation will cause the cylinder's 
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Figure 3.25 Piezo-electric horn driver element, working range between [0 and [1 (cone
may be coupled to short slotted horn - not shown) (courtesy Motorola)6 

radius to pulsate. Such a structure approximates almost perfectly to a 
theoretical cylindrical source 1 4• 

With additional damping and support elements, cylindrical section 
mid and treble range drivers have been constructed with a voltage 
sensitivity similar to that of typical moving coil drivers. The input 
impedance is high and predominantly capacitative. 

Magnetic circuits and motor coils 
The most widely used motor system is the cylindrical coil immersed in 
a strong radial magnetic rield, usually generated by a permanent 
magnet. 

The force on the coil is given by F = Bll, where B = the flux density, 
1 = the length of wire immersed in the magnetic flux and I = the 
current (Fig. 3.27). The coil/cone velocity is represented by U = F/ZM 

I nternal cavity absorption 

Perforated support 

Outer radiat ing element 
( metallised on both faces 
for elec trical connections 

Figure 3.26 Cylindrical high-polymer piezo HF unit (courtesy Pioneer)7 
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Figure 3.27 (a ) Electromagnetic motor principle. (b) Moving-coil motor element 

where ZM is the total mechanical impedance reflected on the coil (see
Section 2.3). 

The transducer action is reversible and hence cone motion gives 
rise to a corresponding current in the coil. This is the so called 'back 
e.m.f.' and is reflected in the motional impedance of the coil. 

Although ZM is a mechanical impedance it may be transformed
into an electrical equivalent, ZEM • via the motor relation to give

B212 
ZEM = --ZM 

The total input impedance of a nioving coil driver also includes the 
coil resistance and associated inductance (Fig. 3.28), hence 

Driver 
terminals 

Figure 3.28 Moving coil driver equivalent circuit (electrical side), where Z;n is the total 
impedance and ZM is the total mechanical impedance, i.e. moving system and air load 
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Figure 3.29 shows variations in input impedance of a typical 
moving coil driver mounted in free air. The impedance curve may be 
readily measured via a constant current source and gives much useful 
information about a driver. (See also Section 8 .3  on electrical 
impedance.) 

For the example curve in Fig. 3 .29 typical values for a bass driver 
would include a moving mass equivalent to 243 JlF, a system 
compliance equivalent to 43 mH, a 6.2 n resistance, a system Q of 0.5 
and a motor coilinductance of 1 mH. 

3.8 MOVING-COIL MOTOR LINEARITY 

Ignoring the contribution of the suspension or surround, the 
magnetic motor will itself possess non-linearities due to the magnetic 
gap flux deviating from a theoretically uniform radial field. This is 
attributable to fringing effects at the edges of the poles, which result in 
the magnetic field extending beyond the gap. For maximum flux 
utilisation most short-throw coils are overwound by a factor of some 
1 5% in length, in order to make full use of the available flux. 

The output is fundamentally dependent on B times I, the product of 

Low frequency resonance 
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the flux density and the wire length immersed. If a coil undergoes 
considerable excursion, as is required to reproduce low frequencies at 
a reasonable power level, it will move from one region of flux density 
to another while the coil portion in the usable flux may also change, 
this in combination producing non-linear drive and consequent 
distortion. Such a driver under considerable excursion at low 
frequencies will also produce intermodulation with the mid-range, the 
latter output showing an amplitude variation due to the modulated 
Bl factor. Another secondary effect concerns the coil inductance 
which may bea significant part ofthe driver's input impedance at mid 
and high frequencies. This inductance may be coil position 
dependent, in which case it will vary in sympathy with the excursion, 
thus adding a further modulation factor. 

There are two obvious methods available to improve linearity. One 
consists of lengthening the coil to twice or possibly three times the 
magnet gap length, while the other utilises a short coil fully immersed 
in a longer gap. Both solutions allow a given length to occupy a 
constant flux within the designed excursion limits, but they are costly 
in terms of efficiency. In the case of the long coil, a large proportion of 
the input power is wasted in coil resistance,as only a percentage of the 
turns are active. For the short coil only a small proportion of the 
available flux is used one time, thus necessitating an overlarge magnet 
system. 

On economic grounds, the long coil presents the most attractive 
solution and is widely used for long throw, low efficiency, low 
frequency units. The increased coil area results in an . improved 
thermal power handling but gives an increase in both coil mass and 
inductance, these tending to curtail the output in the mid and upper 
range. 

Where standards are high, another solution must be adopted since 
leakage asymmetry will provide an ultimate limit to the linearity of 
conventional magnet systems. The best motor coil thermal capacity is 
obtained by making sure it remains immersed in the gap in close 
proximity to the heat dissipating pole faces. Hence the requirement is 
to restrict the driver excursion and use a fairly short coil well 
immersed in a symmetrical field gap. 

Instability 
Examination of the variation of average flux-linked turns (or Bl 
factor) for a coil under large excursion, shows that Bl reduces at the 
amplitude peaks where the coil begins to leave the gap. In the region 
above the fundamental resonance where the coil driver is under mass 
control, the motional impedance is still considerable and the back 
e.m.f. at the driver terminals is both correspondingly high and 
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proportional to (B/ )2• As the coil moves away from the central rest 
position, the back e.m.f. is reduced due to the lowered Bl factor, and 
hence more power is drawn from the amplifier (assuming a normal 
constant voltage source). This drives the coil proportionately further, 
the process accelerating until the coil is constantly displaced away 
from the zero position, this resulting in extreme distortion 1 5 • The 
moving coil system is thus fundamentally unstable in this respect. 
High compliance systems with a large cone mass are particularly 
susceptible and some poor designs thermally rated at 100 W haye 
been known to 'lock out' with as little as 6 W input at 100 Hz. The mid 
point shift or bias is progressive with input level due to a d.c. 
component of the varying magnetic field generated by the rectifying 
effect of the fringing non-linearity. Increasing the suspension stiffness 
to control the excursion is the main cure, and long coil design for 
extended throw drivers is another aid. 

Clearly long coil or long gap design helps to reduce the Bl variation 
and minimises the effect. Good suspension design can ensure that the 
system mechanically 'soft limits' before the jump-out excursion is 
attained. This intentional suspension non-linearity is to be preferred 
to the almost 100% half-wave distortion which occurs during jump­
out. Investigation has shown that the reflex loading the effects are 
more severe than with sealed box. This is partially due to the lack of 
box volume compliance helping to restore the diaphragm/coil to the 
linear range, but more importantly to the high sensitivity of a reflex 
system to variations in damping or Bl . product. 

Another solution proposed for 'jump-out' is the addition of two 
high conductivity rings placed at each end of the motor coil 1 6 • These 
act as eddy current brakes, firmly halting additional excursion as the 
rings enter the magnetic field. As such, the braking can be sufficiently 
sudden to produce an audible knocking sound. R. Walton of Elac 
(UK) has suggested a revised geometry for the rings adjacent to the 
coil winding to produce a more progressive action. Deep teeth or 
serrations here would smooth the transition: Alternatively the rings 
could be tapered to a thinner and less conductive section nearer to the 
winding. 

Distortion compensation 
It has been suggested that suspension non-linearity may be balanced 
against the magnetic instability since the former is negative 
(wavelength compression with increasing excursion) and the latter 
positive (wavelength expansion with increasing excursion). 
Obviously with a given system this may be taken to a certain power 
level beyond which the cancellation fails, producing gross 
distortion1 7• 
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By using a slightly oversized coil with a suitable choice of 
suspension and surround, the power handling for a given distortion 
level may be increased by 3 to 5 dB above that possible with a 
conventional unmatched suspension. Incidentally, the non-linearity 
of the air stiffness may also have to be taken into account. The degree 
of distortion will again be limited, in conventional magnet systems by 
fringing asymmetry. 

Combined suspension and motor design 
The benefits of integrating the design of the motor system and 
suspension are now apparent. In some cases, a similar coiljgap length 
may be chosen for optimum efficiency. The suspension stiffness and 
total non-linearity may be used to both extend the power output by 
nearly 5 dB and prevent jump-out. The choice of a sensible coil length 
also results in sensible values of inductance and mass, thus improving 
the upper range output and reducing the position dependency of the 
coil inductance. : 

A driver designed along these lines is likely to exhibit a rather 
higher fundamental resonance than the typical long throw low 
frequency unit ; for example, 35 Hz as against 20 Hz, and con­
sequently reflex loading is more usual with these optimised medium 
resonance drivers. 

Coil inductance and its suppression 
Several methods have been suggested for suppressing coil inductance 
which are all essentially the same in principle. These involve placing a 
shorted turn in the magnetic coil system, such as a conducting motor 
coil former or a second coil or the use of copper shielded or plated 
magnetic poles. The circulating current indiced in the copper 'turn' 
will reduce the motor coil inductance and will also shunt higher 
frequency eddy currents from the magnetic poles, a factor which can 
produce residual harmonic distortion in some drivers. If a shielding 
method is not employed, the latter effect may be overcome by 
laminating the poles, as is done in wide-band audio-transformer 
cores. 

The 'shorted turn' will also have an effect on the back e.m.f. in the 
motor coil at low frequencies, particularly at the driver's main 
resonance, as it will reduce the magnitude of resonance slightly, due to 
eddy current loss. However, the effective coupling factor at low 
frequencies is small, and in consequence it can be ignored. 

One disadvantage of such a copper turn or sleeve arrangement is 
the reduction in magnet efficiency, since to be effective the copper 
needs to occupy 20-30% of the gap thickness, with a consequent 
reduction in flux density. 
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The effective improvement in rise time or transient high frequency 
response due to coil inductance cancellation has been incorrectly 
described as a major advantage for bass units, where the inductance of 
a large, long throw coil may be considerable. However, this is a false 
assumption, as the system transient performance and rise time is 
largely determined by the highest frequency unit in the system, that is 
the HF driver, and has no connection with the bass unit. The LF 
transient response is a function of the low frequency resonance and its 
damping, which are unaffected by considerations of coil inductance. 

Some magnetic distortion arises from the modulation of total pole 
flux by the motor coil flux variations. A conductive sleeve placed in 
the magnet system somewhat away from the motor coil, can have a 
significant effect in reducing this distortion (see section on magnet 
design). 

3.9 INFLUENCE OF MAGNETIC FIELD STRENGTH ON 
LOUDSPEAKER PRESSURE RESPONSE 

With loudspeaker diaphragm assemblies falling within a prescribed 
range of mass for good colouration and response, the other major 
design responsible for efficiency is the magnetic field strength of flux 
density, B. 

Figure 3.30 shows the influence of B on a typical driver (LF design
will be considered in detail in Chapter 4), Curve 1 illustrates an 
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Figure 3.30 Variation of sealed-box system response for three values of flux density : 
(1 ) maximally flat Butterworth flux level, (2 ) flux density doubled (initial rolloff at 6 dB/ 
octave) and (3 ) flux density halved ( + 12 dB 'bass boom') 
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optimum magnet strength, 3 shows the effect halving the field and 2 
that for doubling the field. The uniform reference response band 
shows expected changes of ± 6 dB, i.e. the output here is proportional
to the square of the flux change. 

At low frequencies near resonance the results are perhaps the 
reverse of what might be expected. The larger magnet has actually 
halved the LF power at resonance through over-damping, and since 
the mid-band has risen 6 dB, the effective bass loss totals 12 dB. By
contrast the smaller magnet has reduced the damping to below 
optimum, giving a 6 dB rise in bass, exacerbated by the accompany­
ing 6 dB fall in mid-band level and resulting in an effective bass boost
of 12 dB. 

This example demonstrates that magnet strength may not be 
indiscriminately increased or reduced. There will be an optimum Bl 
value for any design of enclosure, driver and loading (see Chapter 4). 

3.10 MAGNET SYSTEMS 

The high sensitivity of a system's output to flux strength variations 
means that most magnet designs are operated with the poles 
saturated, in order to attain a more constant field in production. This 
necessarily implies a wastage of available flux. Further loss occurs in 
the leakage paths and at the physical interfaces between the magnetic 
components. It is not uncommon for poorly designed commercial 
magnet systems to utilise as little as 10% of the total flux in producing 
acoustic power. 

The gap geometry (see Fig. 3 .3 1 )  must be dimensioned so that the 
motor coil assembly, with the required wire length, may be accom­
modated with sufficient clearance for normal scrape-free movement. 

Gap length .lg 

I L inear radial f lux 
a I 

Gap ra�ius 

9 /,( Leakage flux 
' I I I / Depth d9 

s I --'  
� - - t nNn 

Figure 3.31 Typical alnico 'pot' magnet structure 
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It must also include provision for manufacturing tolerances and aging 
drift in the cone suspensions. Clearly a short-throw coil will require 
less gap margin than a long-throw version and hence will allow 
greater utilisation of gap flux. 

The ratio of gap to pole dimensions will determine the degree of 
magnetic leakage and hence how much wasted flux is left outside the 
working gap. This factor may vary between 2 and 10  for various pole 
and magnet geometries. The relevant parameters for a magnetic 
material are B and H, respectively flux density and coercive force. The 
optimum working point is usually where the B x H product is at a 
maximum, in other words, at the knee of the curve. 

The equation 

B 
H = -

Jl 

where Jl = magnetic permeability, is analogous to an electric circuit, 
i.e. V =  I/S (S = 1/R = conductivity). Electrically, 

Power or energy = V I 

and for the magnetic equivalent 

Energy = BH 

Magnet design 
The following relations govern the design and specification of the 
energising magnet and the magnetic circuit required. 

The fundamental energy factor in a moving coil loudspeaker is the 
Bl product, where l is the length of coil wire immersed in a magnet flux 
density B. The geometry of the gap, i.e. coil or centre pole radius a8 , 
gap thickness or depth d8 , and the gap width 18 together with the 
required flux density B8 will determine the other parameters. 

For the gap 

and 

where H8 = total gap flux ; k8 = a  loss factor ;  Hm = total magnet flux ; 
B8 = gap flux density ; and A8 = gap area. Also 

Hm = BmAm 
where Bm = magnet flux density and Am = magnet area. Hence the 
magnet surface area 

k8B8A8 
Am = 

B m 
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Substituting the gap dimensions for Ag

A = 
k8Bgdg . 2ag m Bm 

The magnetic potential across the gap equals that across the joints, 
pole paths and magnet, this is analogous to a static electric circuit 
where the generator potential equals the sum of the potentials across 
each series circuit element. The potential across each magnetic 
element depends on its reluctance, which is a function of the material 
and geometry. A loss factor kH of between 1 . 1  and 1 .3  is associated 
with the potential circuit. Thus 

HmLm = HgLgkH
and hence magnet length 

L = 
HgLg kH

m Hm
If the flux density of the magnet is fixed, then the magnet dimensions 
may be found using the above equation. 

An alnico or alcomax magnet will have a typical B value of 1 .0 T 
and H values of 0.5 ,  giving similar proportions to those illustrated 
(Fig. 3.25). In contrast a ceramic magnet will have B close to 0.25 T 
and H at 0. 12,  which as can be seen from the above equation, will 
produce a magnet with low profile proportions (Fig. 3.32). 

The magnetic circuit efficiency is defined as 100/RH and is the 
percentage of total flux used in the available gap flux. Operation of 
magnets at the knee or BH maximum implies they are virtually 
saturated, as is the case in practice, thus improving consistency. 
Loudspeaker drivers are usually assembled in the demagnetised 
condition to reduce risk of gap contamination. Magnet 'charging' is 
carried out at a final stage and the magnet design must take this 
requirement into account. 

Recently it has proved possible to produce modest cost, controlled 
excursion, bass drivers with short motor coils and a modified gap 
geometry to improve fringing symmetry. An inevitable consequence 

C eramic mag n e t  r ing  

/ 
Figure 3.32 Typical ceramic magnet structure illustrating height/CSA ratio 
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Figure 3.33 Distortion due to different magnet types (after JBL) ; (I )  loudspeaker, (2)
alnico, (3) ferrite, (4) ferrite with T-shape pole 

is a reduction in gap flux due to earlier saturation of the thinner 'T' 
section of the centre pole. 

JBL 1 8 have investigated this in some depth for high performance 
units in a general analysis of motor linearity, which they refer to as 
'SFG' or symmetrical field geometry. A useful reduction in distortion 
may be obtained with the additional help of a shorting ring. In Fig. 
3.33 the linearity of alnico and ferrite structures are compared. 
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4 

Acoustic loading and low 
frequency system analysis 

I t  i s  relatively easy to  measure the low frequency parameters of a drive 
unit. These relate to the most consistent and well defined area of 
operation where the diaphragm may be considered a true piston with 
hemispherical radiation properties. 

Armed with the characteristics of the driver - moving mass, 
suspension compliance and the like - an equivalent circuit may be 
readily constructed for the driver and its enclosure, whether sealed or 
ported (reflexed). The analysis brings out useful ways of looking at the 
system as a whole and the theory can be remarkably successful in 
predicting the low frequency performance of real loudspeakers 
provided that the practical details of manufacture, assembly and 
measurement are reasonably well controlled. 

4.1 GENERAL CONSIDERATIONS 

The initial theory of LF loading has been covered in Chapter 2, where 
the piston was mounted in three ways ; in free space (finite baffie) ; on 
an infinite baffie and on the end face of an infinite cylinder. In this 
chapter only the lowest octaves will be considered and the directional 
characteristics at higher frequencies, noted in Section 2. 1 will thus not 
apply. The impractical form of 'finite baffie' loading will have likewise 
been omitted, since the effective reproduction of low frequencies 
requires the use of an inordinately large structure (the large film 
diaphragms are a special case, see Chapter 3, Walker9). However, it is 
worth noting that with an open baffie the rate of rolloffis first order, at 
6 dB/octave9 ,  the most gentle slope of the LF loading methods. If 
required a 6 dB/octave slope may be obtained from enclosures over a 
more limited frequency range via an overdamped alignment, or by 
electronic equalisation. 

The theory presented in this chapter is based on work which 
generally assumes the speaker enclosure to be mounted in a large 
wall, with the system driving a large room volume whose dimensions 
are considerable compared with the lowest wavelengths under 
discussion. In accordance with the LF radiation pattern examined in 

7 1  
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Chapter 2, coverage is hemispherical, i.e. into a half-space (2n: 
steradians). However, when the finite size of atypical listening room is 
taken into account, the situation is more complex. The effective 
radiation space will vary with frequency, thus influencing the axial 
pressure response. 

The term 'infinite baffie (IB) mounting' may be a source of 
confusion, as the surface of such a baffie is metaphorically brought 
round to the rear of the driver to form a closed or sealed box. The only 
practical approximation to a true infinite baffie consists of fitting a 
driver into a dividing wall between two rooms, a technique rarely 
employed for obvious reasons. In fact, the IB enclosure as we know it 
is more correctly termed a 'closed box'. Infinite baffie radiation theory 
does not hold true for a box system unless its front panel is flush 
mounted in a large wall. In practice this condition may be achieved 
only with small bookcase enclosures as the larger models are likely to 
be used in floor or stand mounted positions, located at some distance 
from an adjacent wall. Free standing location is employed for many 
high quality loudspeaker systems today and hence the relationship 
between 'IB' theory and the sound radiation from an enclosure in a 
room must also be taken into consideration. (Reflex systems may be 
considered as a sub-division of closed boxes.) 

Room interaction 
Take the case of a medium sized system designed to produce a 
uniform axial pressure response under anechoic conditions (true free­
field and not conventional small anechoic chamber measurement). If 
it is placed against a wall at frequencies where the enclosure is 
substantially omni-directional (below 200 Hz or so), the radiation in 
the forward plane will be doubled due to the addition of the reflected 
rear directed energy. Hence a + 3 dB stepup in the sound pressure will 
occur below 200 Hz. If we were to add a floor to this hypothetical wall 
and place the enclosure at the boundary, then the effective radiation 
space is halved again, resulting in a further 3 dB lift at low frequencies. 
If a second wall were to be added, forming a corner, once again the 
axial pressure level will increase by 3 dB. Inspection of the radiation 
paths to the listening position shows that each adjacent wall is acting 
as an acoustic mirror, redirecting off-axis sound back into the forward 
plane. While this situation may be desirable on grounds of efficiency, 
the reflected images may cause interference with the direct path 
radiation and disturb the stereo effect. Furthermore, the greater the 
number of wall surfaces acoustically coupled to the reproducer, the 
stronger will be the excitation of the eigentones or room standing 
wave modes, a corner being the worst position in this respect1 • 

For many so-called 'free space' systems it has become customary to 
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use an open structure, rigid floor stand to elevate the enclosure. By 
careful placement it is possible to adjust the three critical path 
differences in the listening room, namely to the floor, to the back wall 
and to the side wall, so that they are non-coincident. By this means the 
successive coupling of the room boundaries is less serious in terms of 
their combined effect on the perceived low frequency response. Below 
200 Hz the reduced aural transient discrimination implies that, for 
local boundaries, the ear cannot distinguish the reflected low 
frequency radiation from that emanating from the source. At low 
frequencies, the local room boundaries must be considered part of the 
loudspeaker system design, particularly when the latter is intended 
for .semi-free space positioning. 

Optimum system design for low subjective colouration 
So far the most satisfactory subjective results have been obtained in 
the smaller listening rooms through minimising the coupling to the 
walls or floor. This is achieved by employing an open stand about 
0.4 m high on which the enclosure is placed, the latter spaced clear of 
adjacent walls by more than 0.6 m. Unavoidably there will be some 
irregularity in �he response at the listener position due to remaining 
room reflections but subjectively these do not appear to be too 
serious. By removing the enclosure from immediate contact with the 
floor, the frequency band at which severe local reflection begins is 
sufficiently low to minimise the colouration in the more important 
mid-band (300 Hz and upwards). 

LF limitation due to room size 
Below 200 Hz the enclosure will be less than a wavelength away from 
the floor and thus may be assumed in contact with it. At some lower 
frequency it will be joined by the nearest wall, and so on until the 
room dimensions themselves have been taken into account. This state 
of affairs partly explains why uniform low frequency reproduction in 
modest listening rooms is almost impossible to achieve. This does not 
mean to say that an extended low frequency response should not be 
aimed for, but does explain why larger rooms have a less coloured 
bass sound. 

Integrated room/speaker design 
One solution suggested by Allinson involves the deliverate exploita­
tion of the low frequency radiation properties of the loudspeaker and 
listening room. He has shown that there exists an optimum driving 
point for the most uniform low frequency response, and that a system 
may be tailored both physically and electrically to make best use of 
this position. His paper illustrates a worthwhile improvement at low 
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frequencies but gives indications that the mid-range quality may be 
affected2• This is precisely why the free space stand method described 
above has been widely adopted for high quality monitoring speaker 
installations. 

It has been shown1 • 2 that it is possible to simultaneously cope with 
the need for close coupling at low frequencies and offer dispersed 
semi-free field radiation at higher frequencies. The latter requirement 
is essential for the formation of precise unambiguous stereo images 
and also to minimise the type of colouration which makes small 
source sounds such as the human voice sound unnatural. 

The technique consists in first choosing an appropriate crossover 
frequency between the low and mid frequency units - typically 
between 200 and 350 Hz. Secondly the enclosure/system is so 
designed that the MF unit is well clear of the floor and rear wall 
boundary, thus ensuring that the interference dips which are reflected 
on that driver's output actually appear below its crossover frequency. 
These occur at between 120 and 1 60 Hz for a driver mounted between 
0.4 and 0.6 m from the nearest boundary. Finally the LF unit is 
located in close proximity to the local boundaries, for example on the 
side of the lowest available section of the floor mounted enclosure. 
The small spacing ensures that the boundary interference effects are 
located between 500 and 700 Hz outside of the LF driver's pass band. 
By this means the problem of first order boundary interference is 
neatly side-stepped and no longer appears as an irregularity in the 
system's acoustic output in a conventional listening room (see 
Fig. 4. 1) . 

At low frequencies an enclosure floor mounted, and fairly closely 
positioned to the rear wall will have an acoustic load corresponding 
to n steradians rather than the 2n assumed in the theory for low 
frequency analysis. Some loss is to be expected due to wall and floor 
flexure and typically an overall gain of 2 dB is possible below 100 Hz. 
This adds further evidence to support the suggestion that the system 
Q factor should be on the low side, 0.5 rather than 0. 7, to offset 
increasing room gain. 

While the bulk of this chapter draws on valuable established theory 
concerning the analysis of systems ideally mounted in a 2n infinite 
baffie, this is a relatively poor approximation to real life use in 
domestic rooms. 

· 

It is clear that a .new set of alignments is required to tailor speaker
response more closely to room conditions. Figure 4.2(a) shows the 
typical room gain at the listening position for optimally placed, free 
standing loudspeakers. In Fig. 4.2(b), a group of three possible low 
frequency response shapes is shown. Room gain has then been added 
to produce the final output, as heard. The initial rolloff is 
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Figure 4.1 Comparison of two curves taken by multiple microphone position averaging 
in a domestic listening room. Both curves are for speaker systems with similar drivers. The 
dashed response applies to a cabinet with a close coupled LF driver and crossover 
separated mid range. The solid response is that of a conventional system with front 
mounted drivers in the same room location, i.e. 1.6 m from the side walls, rear of cabinet 
close to rear wall, and mid units at near ear level. The improvement in low frequency 
uniformity shown is typical for a number of microphones and speaker positions (after 
Holl 2 a) 
progressively overdamped with reducing fc (see - 3 dB, 45 Hz curve) 
to provide a better room match. An an echoic - 6 dB at 30 Hz results 
in a room response - 3 dB at around 20 Hz, depending on ultimate 
room losses. 

4.2 LF SYSTEM ANALYSIS 

Modem thinking is best illustrated by the many fine papers on the 
subject, the majority of which have appeared in the Journal of the 
Audio Engineering Society (AES) or else been read at their 
conventions. The classic work on reflex systems (vented boxes) is that 
by Thiele3 which was first presented as early as 196 1 .  This represented 
both an effective summary of work to date as well as providing new 
viewpoints. A decade or so later Small4-9 produced a series of papers
on loudspeaker analysis which were republished in the Journal of the 
Audio Engineering Society, the first appearing early in 1972. Those 
readers seeking a detailed treatment of the subject are strongly 
advised to acquire a set of these articles, as a single chapter in a book 
cannot do justice to all the available material. In the main, this 
material assumes 2n loading. 
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Fundamental performance limitation 
The performance limit of any simple box system1 0 (excluding horns
and the like) may be described by the following equation for efficiency, 
where 1'/o is the efficiency in the level reference region. 

IJo = knfl Va (4. 1 )  

where kn  is an efficiency constant, f3 is the - 3 dB low frequency 
roll off point, and V8 is the box internal volume. The system is assumed 
to be driving a standard 2n free field. 

Of fundamental importance, this equation shows that for a given 
type of system and driver, any alteration of volume or cutoff 
frequency will also affect the efficiency. For example given a bass 
response to 70 Hz at - 3 dB in a sealed box system, the efficiency may 
be doubled only by doubling the enclosure volume. Alternatively, if 
for the same starting efficiency the response were to be extended by an 
octave, for example to 35 Hz, then the volume would have to be 
multiplied by a factor of 8. 

f3 and V3 are not of course wholly independent parameters, and 
strictly Equation (2.7) defines this relationship accurately. This 
explains why compact, wide band systems are so inefficient and also 
suggests that the pursuit of an extended low frequency response for its 
own sake is likely to prove extremely costly and hence represents 
unbalanced engineering. Since neither broadcast nor disc programme 
contains significant energy below 35 Hz, the desire for substantial LF 
extension has proved rather pointless. More recently two factors have 
emerged to change this view. Digitally mastered and replayed 
programme is becoming increasingly common, these systems possess­
ing a recording bandwidth to near d.c. Significant recorded output to 
below 20 Hz is not an impossibility. In addition recent psycho­
acoustic research suggests that the phase shift, and more importantly 
the group delay associated with high-pass filters is more important 
than for example that due to low-pass (high-cut) filters near the 
audible band edge. A steep roll off at 40 Hz can no longer be regarded 
as an acceptable basis for system design at the higher subjective 
quality levels. 

Magnitude of kn 
kn is an efficiency factor which depends on the following : the class of 
system, i.e. sealed or parted ; the system losses ; the required response 
shape or alignment, and the driver-enclosure compliance ratio. 

Maximum values may be estimated, with practical limits, for a well 
designed system Calculated to be k0 = 2 X 1 0 - 6 for a reflex loaded 
system and 1 x 1 0 -6 for a sealed box (MKS units)1 0. 

Referring to the example on reference efficiency in Section 2.4, the 
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driver examined is suitable for sealed box loading in a 30 litre 
enclosure, and will possess a - 3 dB frequency at 50 Hz. Using the 
limitation set by Equation (4. 1 )  above, gives 

1] 0 = 503 X 30 X 1 0 - 3 X 1 0 - 6 = 0.37%

which compares well with the reference efficiency calculated using the 
driver constants. It is, however, important to note that the driver size 
does not appear in the equation. Theoretically, by ignoring practical 
factors such as diaphragm excursion limits, any driver size could be 
used in any practicable enclosure. With respect to low frequency 
reproduction, there are no intrinsic special properties possessed by 
large cones as opposed to small. Simply, larger drivers are ultimately 
capable of radiating greater acoustic power for a given distortion 
level. 

High-pass filter analogy 
A driver-box assembly may be represented as a high-pass filter. The 
sealed box equates to a second order network with a 12 dB/octave 
rolloff below the cutoff frequency, while the reflex system is a fourth 
order network, with a 24 dB/octave rolloff. A third order response, 
18 dB/octave may be obtained by the addition of a series high-pass 
element in the electrical circuit of a closed box system. An approxima­
tion to a third order rolloff over a limited range (about 1 . 5  octaves) 
may be obtained by resistively or otherwise over-damping a fourth 
order reflex system. (Multi-bore or fabric blocked ports can provide 
the box resonance damping.) A double cavity enclosure system fed 
electrically via a first order band pass filter2 7 can offer an overall third 
order 1 8  dB/octave bandpass response over three octaves, this 
relevant to sub-woofers. 

Subsonic overload 
While the high pass analogy extends an octave or so below f2,  the 
extreme LF behaviour must be taken into account, since many audio 
systems provide considerable subsonic energy due to disc warps, etc. 
In the case of a sealed box, the driver motion continue to decrease 
with reducing frequency below cutoff. The sealed box plus third order 
element, the latter being a series capacitor, also follows this pattern. 
However, the ported reflex systems do not. The resonant augmenta­
tion of low frequency output with reduced driver excursion relates 
only to the frequency range close to f3 , and at lower frequencies the
port output shifts out of phase with the driver resulting in the 
24 dB/octave rolloff. 

In this lower range as there is very little acoustic load presented to 
the driver and since the air cushion of the saled box is absent, the 
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driver will have little motional resistance to subsonic excitation. In 
many domestic audio disc playing systems, the LF driver in a reflex 
enclosure may be seen to be in continual oscillation at subsonic 
frequencies thus impairing both linearity and the system power 
handling capacity. 

It can be argued that subsonic energy should be removed by the 
addition of suitable filters in the amplifier, but as in practice the 
problem does exist, it cannot be ignored in system design. 

Subjective considerations and transient response 
When choosing the desired low frequency characte,ristic for a high 
performance system, subtle subjective considerations may well prove 
important. For example, it is known that a low frequency response 
with a relatively high cutoff (60 Hz) and a slow rate of roll ofT (initially 
6 dB/octave), may be preferable in terms of colouration and perceived 
bandwidth, to one where a wider response is uniformly maintained to 
45 Hz, but which rolls ofT quickly at 24 dB/octave. Thus although 
from the viewpoint of an engineering specification the latter would 
appear to represent the ideal case, in .. fact, subjective judgment 
indicates the reverse to be true. Why this is so is not fully understood, 
although it may be associated to some extent with the poorer 
transient response and inevitable delayed ringing present to some 
degree with typical fourth order designs (reflex systems). The rapid 
phase shift as the system enters the resonance range may also be a 
contributing factor. Although covering a range of reduced aural 
sensitivity, an overall response extension to say 35 Hz seems to be 
more important than a flatter response with a higher cutoff. Such 
aural preference is also in agreement with preferred LF alignments 
intended for better room interfacing. 

High acoustic outputs 
It was mentioned earlier that the attainment of high acoustic powers 
requires a large driver diaphragm. The greatest excursion is 
demanded at low frequencies where the volume of air displaced in the 
quantifying factor. Thus 

VAm., = So dpk 
where S0 = piston area, and dpk = the allowable peak excursion. The 
maximum power output for a given bandwidth over the reference 
frequency range is given by 

Wmax = kpf34V}m., (kp = power constant)

with the drive adjusted to keep the unit's displacement within dpk over 
the working passband. kP depends on the spectral energy distribution
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in the programme and also on the system and its response shape. For 
typical speech and music programmes, kP approximates to 0.85 for a
closed box, and 3.0 for a reflex enclosure1 0• 

In the case of the 30 litre enclosure discussed earlier, let us compare 
the alternatives of reflex and sealed driver loadings as designed for the 
same cutoff frequency. If the maximum acoustic power was equiva­
lent to 100 dB spl for the sealed box, the reflex equivalent for the same 
diaphragm excursion would be 105.5 dB, assuming that the driver 
could tolerate the increase in input power, and that non-linearities in 
the vent were not excessive at this sound pressure level. kP values for
2n systems are rather generous if the true acoustic space loading is 
accounted for in normal rooms. 

Air non-linearity 
Another potential source of distortion is the excessive compression of 
the air in the box. If this exceeds 5% by volume, harmonic production 
from the source may be significant. In practice this is unlikely to occur 
as the output in the case of a medium sized enclosure would be 
approaching a very loud 120 dB spl at one metre. If greater levels are 
required then it would be expedient to increase the box size. Since a 
larger driver with a high power rating will undoubtedly prove 
necessary, a larger box will in any case be employed. 

Incidentally, such distortion is also a problem with horn systems, 
particularly high output mid range drivers where the effective air 
compression in the horn throat is considerable. 

Compact enclosures 
While it is self-evident that for most applications a loudspeaker 
system should be as small and unobtrusive as possible, the funda­
mental efficiency Equation (4. 1 )  dictates that if a given system is 
reduced in size, a sacrifice must be made in terms of either LF 
extension or efficiency. If the latter consideration is inconsequential 
due to the ready availability of high power amplifiers, then the 
bandwidth and output power may be maintained in a small box. 
However, a stage will ultimately be reached where either :  

( 1 )  the thermal power handling limit of the motor coil i s  reached, or  
(2) the non-linearity of  port or air volume becomes significant, or  
(3) the size of  magnet system requited to  energise the increasingly 

long throw coil becomes too large and costly. 
The most influential factor is undoubtedly the cutoff frequency f3 , 

and as the efficiency is proportional to the third power of f3 , a sacrifice 
in bandwidth is a logical step. Merely by moving the cutoff frequency 
one half octave higher, e.g. from 38 Hz to 50 Hz, the enclosure volume 
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may b e  reduced b y  nearly 2.5 times without any significant loss of 
efficiency or maximum acoustic power output. 

Low frequency sensitivity of the ear 
Another relevant point concerns the human ear's low frequency 
characteristic and its maximum acoustic output. 

Reference to the Fletcher-Munson hearing sensitivity curves will 
show the ear's poor sensitivity at low frequencies. Clearly there is no 
point in designing a speaker system whose response extends to 35 Hz 
if it cannot generate sufficient acoustic levels for these frequencies to 
become audible (see Fig. 4.3). 

Taking the case of a 90 dB sound level at 1 kHz, and assuming this 
to be the maximum output of a certain system, suppose that the 
programme carries an orchestral bass drum note at 40 Hz, which 
appears at a level 30 dB below peak. Noting the maximum system spl 
at 90 dB the drum note will be reproduced at 60 dB, which is just on 
the threshold of perception, and hence the attainment of a 35 Hz 
cutoff in such a speaker with an overall 90 dB spl maximum is almost 
worthless. To do justice to modest level bass sounds the system spl 
maximum would have to be raised to at least 100 dB. This fact 
virtually rules out frequency responses extending below 50 Hz from 
compact enclosures with low maximum output levels, regardless of 
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the miracles of engineering which are claimed to exist inside. Hence 
for effective low frequency performance a high quality speaker must 
be capable of producing an adequate acoustic output over the 
designed range. It is precisely because the ear's low frequency 
sensitivity is poor that bass musical instruments are the largest in the 
orchestra ; their size indicative of their ability to produce sufficiently 
high energy to be heard at low frequencies. 

Programme spectral content 
The previous example citing the bass drum at 30 dB below the mid­
band maximum level is not uncommon, and in general the averaged 
bass content of normal programmes falls rapidly below 100 Hz. This 
implies that below this level the maximum undistorted acoustic 
power capability of a system may be compromised without audible 
deterioration. Such a concession will in fact allow a typical system 
possessing a cutoff at 50 Hz to be operated at a maximum overall 
programme level 6 dB higher than the actual 50 Hz overload point. 

Alternatively, where a system is designed with bass boost equalisa­
tion3 0 in mind, there will be approximately 6 dB of available 
headroom at 50 Hz for equalisation, when referred to the nominal 
reference band power level. (When a speaker system is to be used 
specifically for low frequency reproduction such as a solo electric bass 
guitar, this headroom will need to be reduced, and the system 
designed accordingly1 1 .) 

Damping 
Both Thiele and Small have indicated that there should be no need for 
acoustic damping in a system at low frequencies3 ·4• (Absorption is of 
course necessary for the higher frequencies, see Chapter 7.) Generally 
speaking, it is only those systems which are poorly designed, often 
with insufficient electromagnetic damping, that require additional 
absorption in the form of a dense volume filling or resistive structures 
in the port. Such enclosures invariably have low values of kn , the 
power constant ; much lower than the practical values suggested 
earlier in this chapter. In addition, kP , the power handling factor, is 
usually below optimum. 

Damped systems generally reflect a designer's decision to make use 
of an existing driver, possibly chosen for its mid-band rather than LF 
properties. Making the best of a theoretically poorly matched 
driver/box combination by smoothing the resulting output irregu­
larities through resistive damping is inevitably wasteful of bass power 
and system efficiency. 

Until recently, much LF analysis ignored the fact that the use of 
lumped single value parameters was at best an approximation. Highly 
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accurate measurement of systems, particularly vented types, show 
small but significant discrepancies with the theory. In terms of 
response aberration the effects may be considered negligible but it 
remains a fact that these artifacts may add colouration to the final 
system. In such cases some measure of damping may well assist in 
absorbing the higher modes, so helping the resulting lossy system to 
conform more closely to the lumped simplification. 

4.3 CLOSED-BOX SYSTEM 

This is an attractive form of loading due to its simplicity of 
construction and ease of manufacture. It may be considered theo­
retically as an infinite baffie mounted driver with an additional 
stiffness component added to the existing suspension compliance due 
to the springiness of the air volume trapped in the enclosure. Clearly a 
smaller box will have a greater stiffness contribution than a larger 
one, and in · sealed-box systems this air restoring force is normally 
made dominant compared with that of the driver suspension. 

Overmuch has been made of the high linearity and of this 'air 
spring' loudspeaker. In fact the air stiffness in the phases of 
compression and rarefaction differs and if the volume change is 
significant by comparison with the total value (i.e. more than 5%), the 
resulting distortion may be obtrusive. Harwood states that in a 
typical 60 m3 listening room, to produce a sound level of 105 dB, a 
sealed-box speaker with an f3 cutoff frequency of 40 Hz must be at 
least 65 litres in volume, if a 3% second harmonic distortion criterion 
is specified. With a 10 litre enclosure and a 60 Hz /3 , the listening 
room sound pressure cannot exceed 96 dB8• In practice some 
additional allowance may be made for the reducing LF content of 
normal programme. While the larger infinite baffie speakers will 
certainly supply enough undistorted output for most domestic and 
medium level monitoring purposes, the distortion described may well 
prove to be a limitation for some high level IB designs. 

Analysis 
The complete acoustical circuit (electromechanical) for a sealed-box 
system is illustrated in Fig. 4.4. Due to the poor efficiency of such 
speakers the air load impedance is very small and may be neglected. 
Likewise resistance losses in the cabinet (leaks, etc.) may be assumed 
negligible. The circuit now simplifies to Fig. 4.5. Here RAT represents
the total series resistance, MAC the total mass including diaphragm 
and adjacent air mass, and CAs the total compliance of both driver
and air spring components. This acoustical circuit may be 
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l Box air 
volume 
compliance 

Figure 4.4 Electromechanical equivalent circuit for a driver in a closed box 

Figure 4.5 Simplified form of Fig. 4.4 (like components are summed forming a simple 
tuned circuit) 

transformed into its electrical equivalent to facilitate analysis, as in 
Fig. 4.6. 

The system response is that of a damped single-resonant circuit. 
Two reactive components are present, hence the transfer function 
G(s) is second order, and demonstrates a 12 dB/octave ultimate 
rolloff below resonance. 

52 T..2 
G(s) = c 

2 2 sT.: s T.: +
Q 1Tc + 

Figure 4.6 Voltage or impedance equivalent form of Fig. 4.4 (MAc= CMEC • CAr= LcEr 
and REc represents the mechanical losses) 
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defines the resonant frequency fc.  Since QT = total driver Q at fc ,  for a 
normal low output impedance driving amplifier 

, Q _ QE QM T ­ QE + QM
where 

QM = wc CMEcREc '  the mechanical Q 
Qc = wc CMEcRc , the electrical Q 

MAcS5CMEc = �

Bzzz 
REc =  2 (RAa + RMs)So 
Since a minimum phase characteristic is shown by the system the 

parameters of phase and amplitude/frequency are sufficient to 
describe completely its behaviour. 

Response shape 
Figure 4.7 illustrates the possible range of useful response shapes for a 
normalised cutoff frequency fc ,  when QTc lies between 2 and 0.5. The 
latter figure corresponds to the critically damped alignment where the 
response is - 6 dB at resonance, and the initial rate of roll off is slow at 
6 dB/octave, down to approximately half the cutoff frequency. The 
transient response will show no ringing and little overshoot. 

The Butterworth 'B2'* is a popular alignment where QTc = 0.7 ; this 
places the - 3 dB point at fc. The response is maximally flat and still 
possesses a satisfactory transient characteristic. Putting QTc equal to 
unity provides a greater bandwidth since the - 3 dB point appears at 
approximately 0.8 of fc, but this is attained at the expense of a 1 .5  dB 
response lift above cutoff. The impulse response possesses a notice­
able overshoot accompanied by a cycle or so of ringing. Increasing 
values of QTc do not serve to further extend the response, and the 
overshoot and response peak at resonance continue to increase (see 
Fig. 4.7(b)). 

If a 2 dB peak in· the response is acceptable, corresponding to the 
'C2 Chebychev' alignment where QTc is 1 . 1 ,  it results in the optimum 
• This and the other alignments mentioned are from Thiele3• These are respectively
Butterworth alignment 2 and Chebychev alignment 2. 
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Figure 4.7(a) Amplitude versus normalised frequency response of closed-box loud­
speaker system for several values of total system Qrc (cifter Small). See Fig. 3.30. (Note 
the reference levels for each case are normalised.) 
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Figure 4.7(b) Normalised step response of the closed box loudspeaker system (after 
Small 7 )  
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efficiency alignment for a sealed box system and offers a nominal 
1 .8 dB increase in sound pressure over the B2 alignment for the same 
- 3 dB cutoff frequency. (In essence, the improved bandwidth of the 
'C2' alignment has been traded for a higher reference efficiency.) 

A C2 alignment is permissible for a small system of limited 
bandwidth, e.g. with an fc of 65 Hz and above. With increasing low 
frequency bandwidth best subjective results for stand mounted 
systems will be attained also by progressively reducing the Q value. 
For an fc of 50 Hz a QTc of 0.6 is suggested while for 40 Hz a Bessel
alignment QTc = 0.52 is appropriate. These alignments, adapted for
domestic room matching, show that efficiency need not be unduly 
sacrificed in the search for better low frequency extension. For a given 
box volume and system resonance an alignment with Q = 0.5 will 
provide a 3 dB increase in reference band efficiency over the B2 
response. 

Sensible alignments will provide better all round performance but 
the present generally boomy underdamped designs remain popular. 

Enclosure value and efficiency 
A table has been drawn up of the maximum reference efficiencies 
for various box sizes (C2 alignment). Figure 4.8 shows, for 
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Figure 4.8 The relationship of maximum reference efficiency to cutoff frequency and 
enclosure volume for the closed-box loudspeaker system; f3 is the cutoff frequency (after
smaur 
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example, that the maximum efficiency even a large 120 litre sealed box 
enclosure can achieve is limited to 1%, for a 35 Hz cutoff frequency. If 
the latter were increased to 45 Hz (a not unreasonable figure) the 
theoretical efficiency may be seen to double to 2%. A conventional 40 
litre system with a typical 40 Hz cutoff cannot exceed 0.5% efficiency 
(fc about 48 Hz with the C2 alignment). 

The section on LF equalisation in this chapter explains how the 
effective efficiency may be increased by choosing an over-damped 
alignment with a high reference efficiency, and then restoring the 
- 3 dB, fc point through bass lift in the accompanying amplifier, 
provided that sufficient headroom is available. 

Box filling or damping 
A volume filling may offer an apparent air volume increase of up to 
1 5%, and additionally may add a mass component due to the physical 
movement of the filling at the lower frequencies. The combined effects 
lower the system resonance and must be accounted for in the design. 
With a light diaphragm and a dense but flexible filling, the effective 
cone mass increase may be as much as 20%. Very dense fillings will 
increase the frictional losses in the enclosed air volume and augment 
the damping. If the system is designed correctly such damping is not 
required, but inay help to control a system where the QTc is too high, 
perhaps due to inadequate magnet strength. Filling movement is 
undesirable as it is usually non-linear. 

Design example 
To assess its performance in a range of enclosure sizes, Small1 0
examined an LF unit with the following properties : fo = 19 Hz ; 
Qm = 3.7 ; QE = 0.35 ; VAs = 540 litres and QT = 0.32. Using 

4n2f� VAs
'1o = 

C3QE 

the reference efficiency was found to be 1 .02%. The effective piston 
radius was estimated at 12 cm, so S0 = 45 sq cm, the piston area. 

The system damping is invariably lower than that of the driver 
alone (i.e. QTc is greater than QT) and the ratio of the two depends 
either on the ratio of the enclosure compliance to that of the driver, or 
alternatively on the ratio of the enclosure volume to the equivalent 
compliance volume of the driver. The · ratio is denoted IX, where IX = 
VAs /V8 , and since the box should represent the controlling restoring 
force in a closed box system, IX is rarely below 3. Since the response 
shape is proportional to the total system Q, and this depends on IX,
both shape and cutoff frequency for a given driver are controlled by 
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Figure 4.9 Ratio of closed-box resonance system fc and Qrc to driver resonance 
frequency f 0 and Qn as a function of the system compliance ratio et. (after Small ) 7• (Note 
system Q increases with ex, i.e. reducing box size.) 

this ratio. Figure 4.9 shows this relationship, and alignments for the 
driver example are given below. 

The lowest QTc (0.72) is attained with the driver using the largest 
enclosure volume worthy of consideration ( 135  litres). Despite this 
QTc remains more than double the driver Q alone (0.32) which 
indicates that not only should the driver compliance be high for 
sealed-box designs, but also the driver Q should be sufficiently low. 
This alignment approximates to B2 and hence in this example fc (the 
box resonance) and f3 the - 3  dB cutoff) are the same, i.e. 42 Hz, 
approximately twice the driver free air resonance. 

A smaller 60 litre cabinet offers a compliance ratio equal to 9. The 
system Q rises to unity with a small peak at resonance (60 Hz) and this 
peak extends the - 3 dB point to 47 Hz. If the cabinet volume were to 
be further reduced, the Q would exceed unity but could probably be 
adequately controlled by additional damping offered by a dense 
volume filling. Many drivers available on the o.e.m. (original 
equipment manufacturer) market are not too well suited even for 
sealed box use, due to their excessive Q. Many have QT values between 
0.6 and 1 which implies that virtually any box design used with them 
will have an excessive system Q and a resulting rise at resonance, 
unless heavy damping is applied in the form of a dense volume filling 
and/or thick felt layer applied over the rear chassis of the driver. This 
resistively loads the local air movement adjacent to the diaphragm 
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but efficiency is bound to be impaired as a result. (In his series · of 
papers Small4-9 comprehensively covers such total design of driver
and enclosure to meet a given specification.) 

In this driver example let QE = O. l9  and l-1, =  100 litres, a realistic 
size. Now 

rn �2% 
540 

IX = 
1 00 

= 5.4 giving 

with QTc = 0.5 

/0 = 47 Hz 

which for a QTc of 0.5 will be the - 6 dB point. 
Alternatively, if moving mass were to be traded for sensitivity and 

rto was set at 1%then the moving mass M0 can rise by fi. Adjusted to
the same Q values, the - 6 dB point fc is now 37.5 Hz (the latter is a
preferred alignment, given in Fig. 4.7). With normal room gain the 
- 6 dB response of this system in situ is typically 20 Hz. 

4.4 REFLEX OR VENTED ENCLOSURES 

The idea of venting or porting an enclosure to augment and extend its 
LF response by exploiting the Helmholtz resonance, is quite an old 
one. The first reflex patent can be attributed to Thuras and dates from 
1930. Since then numerous simplified and improved methods of 
analysis have been developed, culminating in the review of techniques 
presented by Small8 •9 in the early 1970s and the several computer 
aided design programmes that have derived from his work14• 1 5 .

For a given engineering expenditure, venting offers the following 
advantages compared with a sealed box. 

(1 )  Greater maximum acoustic output (up to 5 dB increase for a 
typical programme drive). 

(2) Higher efficiency ( + 3 dB for similar ripple free responses). 
(3) Lower cutoff frequency (30% lower with the standard B2 

alignment). 
The hybrid form using an auxiliary bass radiator (ABR) may be a 

little more expensive owing to the cost of the additional moving 
element (with a normal reflex the extra radiating element is simply the 
plug of air trapped in the port or tube). The ABR method9 •2 7 gives a
cleaner sound as the windage noises and possible pipe resonances 
associated with small long ports needed for compact enclosures are 
thereby avoided. The ABR undoubtedly extends the scope of reflex 
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design right into the compact enclosure range traditionally 
dominated by sealed box enclosures. 

Transient response 
The fourth order, 24 dB/octave final rollofffor a reflex system endows 
it with a fundamentally poorer transient response than a sealed box. 
However, lower-than-optimum efficiency alignments such as QB3 or 
SC4* may be chosen whose characteristics are quite similar to the 
sealed box while retaining the reduced diaphragm excursion and 
consequent power handling advantage of the reflex. 

Opinions concerning the subjective transient response of reflex 
systems, may be influenced by the boomy character of the many 
poorly designed .examples in production today, of which some have 

QTc values greater than 3. Reference to typical room reverberation
characteristics indicates that passband ripple up to 1 .5  dB at low 
frequencies is likely to be subjectively inaudible, this criterion 
permitting the use of the response-extending Chebychev alignments. 

The time response given for the standard B4 alignment, maximally 
flat Butterworth, does not tell the whole story nor has the failure of the 
system values concerned to act as finite lumped parameters been 
taken into account. For example, ducted ports have strong 
transmission modes at higher frequencies which effectively adds 
delayed resonances to the energy/time curve or transient response. If 
the analysis is to be carried out to a high degree of accuracy it will be 
found that the lumped box air compliance parameter is subject to 
error above 50 Hz and the port mass component is uncertain above 
1 50 Hz with typical enclosures. Internal cabinet proportions and port 
geometry have a strong influence here and account for a significant 
proportion of the subjective differences at low frequencies observed 
between otherwise similar systems. 

It is worth noting that the original Helmholtz resonator (see Fig. 
4. 10), designed to operate clearly at a single frequency, i.e. to follow a 
lumped parameter target, employed a spherical cavity with the ducted 
port inside and its extremity placed at the single hole or standing wave 
minimum. Pure tone reflex resonators were well understood by 1 890 ! 

It is not to be assumed that other acoustic systems are free of 
resonance mechanisms, as investigation of the upper-range trans­
ducers used in many loudspeaker designs or alternatively the 
operation of a number of high performance microphones, will show. 
In both cases, the use of controlled acoustic resonance techniques to 
extend and flatten the response is widespread. 

• These and other alignments mentioned are from Thiele3• These are respectively 
'Quasi Butterworth 3' and 'Sub-Chebychev 4'. 
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s 

Figure 4.10 H elmholtz resonator: effective length le = I +  (nr2 /2) 

Analysis 
Omitting the preliminary stage by considering Fig. 4.5 we may add 
the mass component of the port (ABR or air plug) to the equivalent 
circuit to obtain Fig. 4. 1 1 . The complete ABR analysis is more 
complex due to the finite compliance of the passive radiator 
suspension. 

Whereas in Fig. 4.5 the enclosure compliance was combined with 
the driver, in this case a separate circuit is necessary, comprising the 
addition of the enclosure port resonance, the total forming a fourth 
order, high-pass network. As with the closed box case, the compliance 
ratio 

CAs LeESIX = - = --

CAB Lees
The full derivation is beyond the scope of this book, and system 
engineers are recommended to follow the references quoted3 •4.
Small's alignment chart for the basic C4, B4 and QB3 alignments is 
given in Fig. 4. 12, with the accompanying responses, Fig. 4. 1 3. 

To a first approximation the enclosure losses may be neglected 
(high losses are caused by badly leaking cabinets or a theoretically 

B ox resonant sys tem 

Rea Acoustic resistance 

Lees Port mass 

CMeP Cabinet volume 

Figure 4.11  Equivalent circuit of driver and ported (rejlexed) cabinet 
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Figure 4.12 Alignment chart for /oss/ess vented-box system 
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unnecessary volume filling of absorbent). On the chart the values of k
and B specify the C4 and QB3 alignments. fa is the Helmholtz
resonance of the enclosure ; fo is the driver free air resonance ; h is the
tuning ratio equal to fa lfo and QT is the total driver Q.

For classic B4 alignments a rule of thumb is to ensure et =  1 ,  so the 
port mass equals the driver's total moving mass. This natural 

0·25 0 ·5  2 3 
Frequency .-.. 

Figure 4.13 Normalised response curves for B4 and selected C4 and QB3 alignments of 
vented-box loudspeaker system (after Small )8• (B4 maximally flat Butterworth.) 
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equivalence offers equal acoustic output from the port and driver, and 
thus a well tuned uniform response. 

Design example 
Example of driver vented enclosure design for 300 mm frame size 
driver. The data given is : f0 (fs) = 30 Hz (free air resonance) ; B = 1 .2 T 
(flux density) ; Bl = 1 2  Wb/m (force factor) ; Rc = 6  Q (motor coil d.c. 
resistance) ; S0 = 5.5 x 1 0 - 2 m2 (diaphragm effective area)� M0 = 
4.5 x 1 0 - 2 kg (diaphragm mass) ; RMs = 3 Ns/m (mech. Q suspension
resistance). Now 

2nfoMTRc 2n X 30 X 5.5 X 1 0 - 2 X 6
QE = . 

B2[2
. 

122 0.43 

QM =
2nfoMT 2n x 30 x 5.5 x l0 - 2

35 
RMs 3 

(airload = 1 0 - 2 kg for both sides), and 

For a maximally flat response, oc =  1 .4 (Table 1 1  of Reference 1 6), 
h =  1 .2 and f3/f0 = 1 .30, approximately. Now the enclosure volume

u _ VAs
"s -

IX 
where 

VAs = CAsPoC2

and 

l 
eMS = 

(2nfo)2 M T 

so that 

p0c2�5 1 . 1 8  X 3452 X (5.5)2 X 1 0 -4 

liB ocfi X (2nf M0 1 .4 X 302 X (2n)2 X 5.5 X 10 2

= 0. 1 55 m3 or 155  litres 

Now f8 = h.fs = l .2 x 30 = 36 Hz, f3 = 1 .3,  f0 = 39 Hz. From the
nomogram (Fig. 4. 14) a ducted port 1 5  cm diameter by 4 cm long 
is appropriate. The reference efficiency 
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Figure 4.14 Nomogram and chart for design of ducted vents (after Sma/1 )8. 
(f8 = enc/osure resonance, L. = vent tube length and S. = vent area, no tube required.) 

4n2_fc3 VAs
1Jo = JQ C E 

( _ V8 _ 155)
VAs - - - ­oc 1 .4 

4n2 X 303 X 0. 1 1  
3453 X 0.43 

0.0067 X 100% = 0.67% 

Vented-box distortion 
Harwood has investigated typical situations and shown that for a 
60 m3 listening room, to produce medium sound levels of 100-105 dB 
with an f3 in the region of 40 Hz, the distortion from quite small vents
of 50 mm and upwards in diameter will not prove subjectively 
obtrusive1 2 • While this is true in a general sense for orchestral
programme and the more gentle pop material, the evolution of more 
powerful and percussive sounds in modem pop suggests that for 
critical listening this rule may not be adequate. In the 96-100 dB 



96 ACOUSTIC LOADING AND LOW FREQUENCY SYSTEM ANALYSIS 

range distortion from a 50 mm vent diameter may be heard as a 
chuffing . or 'windage' effect. Under these transient, turbulent 
conditions the port factors of loss, effective length, effective diameter 
and consequently vent mass are strongly modified. This produces a 
non-linear transient response. Subjectively the low frequency range 
may also exhibit compression effects. 

It has been suggested that the use of an ABR can reduce the 
distortion at high powers and can also block the egress of standing 
wave energy from within an enclosure at higher frequencies. With 
large boxes the internal absorption can be very effective ; an 
accompanying reasonably sized vent offers negligible colouration 
and distortion, and may well be capable of higher maximum acoustic 
output than the ABR. It is worth noting that the precise area of an 
ABR is almost immaterial ; the high volume velocity of a well designed 
vent may exceed that of a practicable ABR by several times, and the 
expression 'increased radiating area' as applied to an ABR is 
misleading. Ultimately the reflex system will be limited by the non­
linearity of the air volume in the cabinet, in the same way as with a 
sealed box. 

For a given vented enclosure quite striking improvements in 
subjective and objective performances may be achieved by improving 
the smoothness of airflow in the vent. The velocity of air in the vicinity 
of a port may be very high, well over the value required to produce 
turbulence and this is particularly troublesome with the smaller ports 
below 60 mm in diameter. 

In some cases the use of a tube helps by allowing an increased port 
diameter, but these are drawbacks with Harwood indicating that a 
length to diameter ratio of more than 2 : 1  is inadvisable. Fluid flow 
theory indicates one immediate difficulty with 'tunnel ports', namely 
that the ease of air flow is greater for the input or enclosure volume 
compression part of the cycle than the output or expansion part. This 
is because in the former the air flow is essentially from a hemisphere 
over the front panel down the tube, whereas in the latter, the internal 
air stream approaching the exposed end of the port tunnel is divided 
reducing the local pressure gradient and thus the volume flow. In 
consequence over a few cycles of low frequency drive in the region of 
enclosure resonance a net increase above atmospheric pressure is 
built up within the cabinet. Distortion, already produced by this 
rectification mechanism, is now further augmented as the back 
pressure pushes the driver diaphragm out of its linear working flux 
region. 

Tunnel or tube ports are acoustic structures in their own right and 
exhibit self-resonance or standing wave modes, a departure from 
lumped parameter behaviour. If coincident with modes within the 
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enclosure the level of unwanted port output may be considerable at 
higher frequencies, thus contributing to system colouration. 

With small ports, two practical ideas have been tried with 
significant measurable improvement. One consists of streamlining the 
important edges, for example for a simple aperture the inside and 
outside edges may simply be radiused. One model showed a 40% 
improvement in distortion at 50 Hz at a nominal power level by the 
addition of a soft polyurethane foam liner, 12 mm thick, in a simple 
port opening. Under stroboscopic examination its mode of action 
was found to be one of turbulence damping, the port linear edge 
moving with and thus controlling the 'windage' particularly reducing 
the higher 'chuffing' harmonics (this addition due to Spendor). 

Bose have developed quite sophisticated port design in a small 
reflexed enclosure using fluid flow theory to establish a complex 
moulded streamlined form. Others have tried related methods such as 
a matrix of fine parallel pipes in the tunnel to aid laminar air flow. 
These are often realised as packed straws or a moulded honeycomb 
. structure. 

One solution to the ducted port modes is to incorporate an 
absorptive lining, the first suggested by Spendor as an extension of 
their foam liner. Here the entire length of the duct is lined, for example 
with 12 mm thick polyurethane foam plastic, and forms a low pass 
acoustic filter (see also Reference 33). Duct air-flow symmetry may be 
greatly improved by the addition of a small baffle or rim on the inside 
extremity of the duct. In one solution the standard cylindrical duct 
was replaced by an asymmetric triangular form, reducing self­
resonance. In another, the duct and slot aperture was built into the 
floor of the enclosure inhibiting resonance and imposing air-flow 
symmetry. Conversely, with the latter location, the internal entry 
cannot be located near the nodal region of the enclosure, a 
worthwhile consideration. Taking account of driver location and the 
surface needs of wide dispersion treble units and the like, the port 
should be located towards the centre of the cabinet and not tucked 
away in a corner. A convenient location may well be the cabinet rear, 
behind the bass driver. Some designers have found that a slant cut on 
the duct inside edge reduced self-resonance. 

Computer-aided design (CAD), LF 
A computer programme gave the following : 

( 1 )  An indication of the range of theoretical solutions. 
(2) An indication of the possible practical solutions. 
(3) An indication of the relative costs of (2). 
(4) Quantitative results to enable practical values to be assigned to 

the variables in the system design equations. 
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t For reflex enclosure, critically damped ( Q1c = 0 -5 )  
9 0  

"N S = Sensit ivity 
:!: (number of watts for 96 d8 at 1 metre) 

70  ... c: 
·c;a. 
m 5 0  
-o "" 

I 

3 0  

0 20 40 60 80 100 120 . 
Internal enclosure volu m e  ( l i t res ) ....,._ 

Figure 4.15 
Sensitivity: 86.0 dB at 1.0 m for 1.0 W input 
System internal volume = 100.0 litres 
Bass cutoff frequency 26.8 Hz 
Bass unit parameters: 
EL V 
- 23.0 100.0 
- 23.0 100.0 
- 23.0 100.0 
- 23.0 100.0 
- 23.0 100.0 
- 23.0 100.0 
RE(J.1 .1. 1 ) = 000000 
RE(JO, 3, 5, 2 ) =  10.5361 

Fs 
26.8 
26.8 
26.8 
26.8 
26.8 
26.8 

Unii 
130.0 
1 70.0 
200.0 
250.0 
300.0 
380.0 

Power 
50 
50 
50 
50 
50 
50 

Bl2/RE 
0.0 
0.0 
7.1 7  

1 7.49 
0.0 
0.0 

MMs 
0.0 
0.0 

16.6 
40.6 

0.0 
0.0 

CMS
0.0 
0.0 

21.1 
8.7 
0.0 
0.0 

The above extract follows insertion of data and shows two ·viable solutions: the one 
chosen is the 250 mm driver with a 50 mm pole, a moving mass of 50 g and a compliance of 
8.7 x 10.4 m/ N. The Bl2/RE refers to the driving force developed in the voice coil and
magnet assembly and imparted to the cone. The programme continues to give details for 
the driver such as correct sizes for the magnet, the wire, top plate, throw, and the number 
of coil layers and turns 

(5) Quantitative details of driver parameters, e.g. moving mass, 
compliance, free air resonance, etc. 

A programme was based on the established LF loading equations to 
generate the required data. From the results obtained, curves could be 
drawn up relating the various parameters and hence allowing the 
rapid choice of useful solution sets (Fig. 4. 1 5) (see also Margolis and 
Small3 2). Basic criteria were sensitivity, - 3 dB frequency, box 
volume and LF alignment. 

Odd order alignments 
So far, even order second or fourth order systems have been 
considered, but with passive systems a further group may simply be 
obtained, notably the third and the fifth by the inclusion of a large 
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capacitor in series with the loud-speaker. Added to a sealed box 
system we have third order with an 1 8  dB/octave ultimate rolloff, 
while for the reflex we obtain fifth order at 30 dB/octave. For both, 
the additional element provides a final subsonic rolloff of input power 
to the system, particularly helpful for the reflex which otherwise has 
no final limit. 

For a sealed box system the additional design flexibility confers
fourth order type improvements in system efficiency for a given f3, 
and a lower QE , higher sensitivity driver may be used. The technique 
may also be used to provide some tailoring of the extreme low
frequency response below fc, for example, to produce a better match
to the listening room. Typical values are 200-400 J.LF and these 
need to be of decent voltage rating with high power systems ; usually 
special non-polar electrolytics are employed, bypassed by smaller 
values for high performance designs. 

It should be noted that the power handling augmentation of the 
fourth order reflex is not provided by third order. For this the fifth 
must be used and the production problems of tolerancing such a 
system probably rule it out. The third order, used with a low Q long­
throw driver, has proved worthwhile in some recent UK designs. 

A further computer programme also deriving from the papers of 
Thiele and Small was published by the AES in the early 1970s1 4 • 1 5
and many manufacturers are actively pursuing the various other 
aspects of computer aided analysis ; for example, the fast Fourier 
transform of loudspeaker impulse responses (see also Reference 23). 

LF alignments, equalisation and motional feedback 
It has been indicated in the section on LF loading that certain 
alignments may require equalisation. For example, take the case of 
the optimal system response in Chapter 3, Fig. 3.30. If a + 6 dB 
increase in efficiency were required, obtained by doubling the magnet 
strength, the system would then be overdamped and require equalisa­
tion. Reference to the alignment pertinent to the new system will show 
the degree of bass lift necessary. In this case, the initial slope is 
6 dB/octave, which may be applied at the input of the matching 
amplifier. An additional rolloff is desirable below the system cutoff 
frequency, so that overload at subsonic frequencies does not occur as 
a consequence of the otherwise continuing equalisation. 

The degree of equalisation which may be applied is dependent on 
the spectral content of the programme employed, together with 
consideration of the excursion and thermal rating of the LF driver. 
The converse equalisation is also possible, i.e. correction of an 
underdamped response. This is achieved by either a suitable 'dip' 
network ahead of the amplifier or alternatively by adjusting the 
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o.utput impedance of the amplifier to a negative value at low 
frequencies, thus increasing the overall electromagnetic 
damping24•2 5 •

The sixth order alignment may be exploited to produce new 
performance standards for a given enclosure size. Keele25 and Stahl24 
examine the classic Thiele analysis on vented enclosure design with 
reference to the sixth order alignments, these relying on an auxiliary 
second order filter usually ahead of the power amplifier. Thiele's B6 
alignment 15 is chosen on which to base a new set of alignments, 
which allow a much wider choice of driver compliance. The second 
order auxiliary filter is applied as a boost to the power input to the 
vented enclosure system and the whole provides high acoustic output 
with minimal excursion, Fig. 4. 1 6. 

Both high compliance and low compliance drivers are amenable 
with suitable choice of alignment, if necessary with some passband 
ripple. 

Stahl24 has shown how sixth order alignment may be applied to the
design of a sub-woofer, the latter referring to an enclosure added to an 
existing pair of speakers which provides an octave or two of extreme 
bass often missing from smaller full range systems. Stahl extends the 
concept of utilising an amplifier with a negative output resistance to 
control loudspeaker Q by introducing a complex negative impedance 
at the amplifier terminals connected to the loudspeaker, Fig. 4. 1 7. 
This dominates the characteristics allowing electrical control of the 
apparent mechanical characteristics of the connected driver, enabling 

:(7:· 5>_,-------0l / 
-o 10 I I ! I i I 1 5  ,.: 1 i I . I 

20 50 100 200 500 1000 
Frequency ( H z ) 

Figure 4.16 Low frequency performance of a 0.3 m frame, high compliance LF unit 
with f0 = 22 Hz, QE.s = 0.28, VAs = 414 litres; '2' is the second order response in a 40 litres 
closed box, - 3  dB at 63 Hz; '4' is the fourth order QB3 response in a 114 litre vented box 
tuned to 33 Hz, - 3  dB system response at 33 Hz; '6' is the sixth order response, same 
cabinet as '4' but tuned to 26 Hz and with second order bass lift, - 3 dB point now 26 Hz 
(after Kee/e26)  
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Figure 4.1 7(a) Realisation of ACE-bass amplifier useful for experiment purposes (after 
Stahl24) 

In 

Out 

Figure 4.1 7(b) Versatile closed-box equaliser (after Greiner and Linkwitz ). Any desired 
closed-box response may be obtained with almost any driver regardless of Q. (Equaliser 
should be suitably buffered in and out) 
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the designer to utilise existing drivers and synthesise an exact desired 
alignment. An example is quoted24 where a 20 Hz, - 3 dB response
was required from a 50 litre cabinet at 100 dB, 1 m (2n:) at 5% or less
distortion. Two special 1 70 mm drivers in push pull were used which 
possessed a high force factor and large excursion. 

The required mechanical parameters were synthesised via the 
amplifier impedance characteristic, and involved a moving mass 
increase from 0.038 to 0.26 kg, damping from 26 to 58 kg/s and a 
compliance reduction from 0.45 to 0.25 mmjN. The reference band 
efficiency remains unchanged at the high level set by the drivers 
themselves. 

The idea of motional feedback1 7 is not a new one and dates from
the 1930s. Recently it has resurfaced in several commercial designs, 
incorporating modular transistor power amplifiers, where the con­
venience of the latter as compared with the earlier valve units must be 
a major contributing factor. The driver moving system is coupled to a 
sensor that generates a signal which may be fed back to the power 
amplifier and can be used to correct any motional error or non­
linearity. The error signal will only be valid as long as the cone is 
operating as a piston and hence, in general, the correction can only be 
operative over the lower octaves. At very low frequencies the 
correction must be rolled off so that the unit is not driven out of its 
allowable mechanical excursion limits and, in consequence, feedback 
is only possible over a specified band pass. Within this range, however, 
the driver non-linearity may be considerably reduced, both in terms 
of pressure response uniformity and distortion, a technique which 
allows poor quality, high resonance LF units to produce remarkable 
results in very small, sealed enclosures. Notwithstanding, the coloura­
tion problems associated with such enclosures still remained. 

It is important to place the technique in its proper perspective. The 
compensation of major deviations in response through feedback 
involves equally large power demands to meet the deficiencies. A 
typical example employs a 280 mm driver in a 20 litre box, with an 
underdamped system resonance at approximately 1 10 Hz. The 
unequalised response at 35 Hz is more than 1 8  dB below the reference 
level, the latter specified at 200 Hz. While the application of motional
feedback results in an f3 point at 35 Hz, a 120 W amplifier is needed to
achieve this, even taking into account the reducing headroom 
requirements at the lower frequencies. While the distortion of this 
example is under 2% from 40 Hz to 200 Hz, at 93 dB, 1 m, there is little 
evidence that distortion values of less than 5% at these lower 
frequencies are essential, even for a high performance speaker. 
Furthermore, · if . this driver example had possessed reasonable 
linearity the equalisation could have been equally performed by a 
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simple bass boost network in the driven amplifier, which would 
probably have resulted in a similarly satisfactory subjective result. 
Low efficiency is the penalty to be paid for extended bass response in 
small boxes. An efficient unit in a compact enclosure will require 
considerable equalisation to achieve a wide uniform response. 
Consequently, in both the cases of equalisation and feedback, a 
similarly high-powered amplifier will be required. 

The only significant technical advantage of motional feedback lies 
in the improved amplitude linearity, but in any case, LF distortion 
would not appear to be much of a problem with conventional, well 
designed loud-speakers. While it is certainly true that poorly 
engineered systems may be 'rescued' by a feedback arrangement, 
when overload does occur it manifests itself with greater severity than 
in a non-feedback system. This can be an important consideration 
when a loudspeaker may be subject to occasional overload on loud 
programme transients. 

Technically most feedback designs employ an accelerometer 
attached to the diaphragm, the former usually concealed beneath an 
enlarged dust-cap. Its output is electrically processed and fed in anti­
phase to the accompanying power amplifier (Fig. 4. 1 8). 

While other sensing transducers including magnetic and electro­
static types have also been proposed, a version of the latter has in fact 
been employed in a system recently launched in West Germany. 
Motional feedback is applied to all the drivers over their respective 
piston ranges ; the piston band passes are wide since the mid and treble 
is handled by dome units and the bass by an array of four closely 
coupled, 100 mm cone drivers (Fig. 4. 1 9). 

Servo loudsP.eaker SY,Stem - lay.Qlli_ 

Error voltage 
proportional to 
the con e veloc i ty  

Figure 4.18 A feedback system utilising the variation in  motional impedance. Alterna­
tives include cone motion sensing accelerometers (courtesy Servo Sound ) 
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Buffer L . F. f i l ter 

Figure 4.19 General system of 'Monitor 8'. Metal/ised diaphragms are polarised at 
V+ = 400 V. Capacitive electrostatic pickup via mesh electrodes spaced in front of 
diaphragms. Incoming filtered signal mixed with error signal from electrode and fed to 
power amplifiers as control signal for correction of frequency response and linearity 
(after Backes and Muller) 

Comparison of second, fourth and sixth order systems 
Keele3 1 published a fascinating paper on direct low frequency driver 
synthesis with many examples. One is reproduced in Fig. 4.20 and 
Table 4. 1 .  An 0.057 m3 (2 ft3) compact system is designed for a 30 Hz, 
- 3 dB point, maximally flat, capable of 0.2 W of acoustic power. In 
the suggested system implementations the wide disparity of driver 
size and required input power is most instructive. In Table 4. 1 ,  note 
also the range of moving mass (M Ms ) and force factor (Bl) involved. 

Acoustic adjustability of loudspeakers 
So far equalisation has been considered as an adjunct to a more or less 
completed classic design. Sixth order, low frequency alignments hint 
at an additional flexibility through additional electronics while the 
'Ace' bass principle goes further and seeks to electrically control and 
modify the electroacoustic constants of the driver itself. 

This concept may be taken much further. Imagine the drive unit as 
a raw transducer developed to produce its maximum acoustic 
performance unfettered by the present prime target of a maximally 
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C 2 nd V 4 th 
Closed- box Vented - box 

3- way 3-way 

@ @ @ 8 
H.F. H.F. 

0
Vent 

(a) (b)  

V 6 th 
Vented- box (with EQJ 

2-way 

@
H.F. 

6
Woofer 

0
Vent 

(c) 

Figure 4.20 Line drawings of likely implementation of three systems. Each of the three 
systems has an internal volume of0.057 m3 and provide identical mid-band acoustic power 
of0.2 W with response down to 30 Hz ( - 3  dB). (a) Three-way closed-box system with 
15 in woofer driven by 120 Wpower amplifier. (b) Three-way fourth-order system with 
10 in woofer driven by a 60 W amplifier. (c) Two-way sixth-order system with 8 in woofer 
driven by a 25 W amplifier with high-pass filter/equalizer. Relative sizes have been 
preserved (after Keele3 1 ) 

flat axial response over its operating range. Full system synthesis is 
well within the capability of modem electronics whereby the natural 
poles and zeroes or resonance properties may be cancelled in the 
circuitry feeding the power amplifier. Any desired response may then 
be readily imposed on the system, including all the classic low 
frequency alignments plus more recent room matched expositions. 

The outcome would be versatile speaker systems possessing a high 
degree of acoustic adjustability. This can be used to good account in 
optimising the performance in a variety of rooms and specific 
positions in those rooms. A further benefit would be a much reduced 
enclosure size for the same low frequency extension. Requiring 
auxiliary electronics, such adjustable systems are likely to be in the 
upper price group for some years. 

With increased use of digital programmes greater demands are 
being made in the low frequency range. Low phase shift at low 
frequencies demands an extended bandwidth, possibly to below 
20 Hz. Power handling demands here are low, particularly in the 
absence of the troublesome rumble energy contained in analogue disc 
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programmes. So a large radiating area and excursion is not neces­
sarily required for such extended bandwidths. 

KEF have built such an experimental system with a 5 Hz 
bandwidth to explore the effect of low frequency cutoff on digitally 
recorded sounds. Initial results suggest a promising future for 
extended low frequency response loudspeakers (see Reference 39 in 
Chapter 8). 

Adaptive signal processing 
Where the matching between room and loudspeaker has been poor or 
the system frequency response is non-uniform, the traditional 
solution has been to employ an equaliser of the necessary resolution, 
parametric or possibly one third octave. Although valid for the 
system, such equalisation is invalid for the room/speaker interface. 
Here the use of an integrating microphone measurement in the room 
together with an equaliser can be disastrous. The equaliser can only 
affect the steady state condition with both direct and diffuse 
reverberant energy summed. Such equalisation ruins the speaker's 
frontal response. 

Room equalisation can be performed leaving the direct sound 
unaffected by employing an elegant application of the computer 
(Acoustic Research ADSP). The key factor is the consideration of the 
time history of the direct sound and its subsequent added room 
reflections and observations. The unit is self-programmed indepen­
dently for left and right channels using a test signal and a sensing 
microphone at the listening position. Up to 1 kHz, a range where the 
room modes are sufficiently spaced for analysis, the unit memorises 
the modes heard at the listening position. 

An inverse equalisation is then synthesised which is applied to the 
main signal in the time domain. The first arrival sound is unaffected 
and the tonal characteristic of the programme is unaltered ; shortly 
thereafter the processor computes in real time according to the stored 
parameters a complex correction signal . which cancels the room 
modes at the listening position. It can do this at a number of 
frequencies and for a number of successive reflections. Thus the room 
reverberation is controlled, but not the vital direct sound. By this 
means a speaker with a flat low frequency response can be made to 
sound equally flat in the listening room, apparently unaffected by 
boundary reflections. 

Effects of parameter variation, particularly climate 
In a number of the references, sensitivity analysis has been applied to 
examine how the target responses are affected by variation in the 
parameters. It would appear that the more complex the order, the 
more sensitive it becomes to such variations. 
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Consider a system designed for a world-wide market where air 
conditioning and temperature control cannot be assumed in the place 
of use. Humidity can vary from almost 0 to 100%. A significant change 
in moving mass can result with pulp cones due to the hygroscopic 
nature of many diaphragms including, though to a lesser extent, the 
synthetic nylon based materials such as polyamide. Temperature can 
vary from 1 5°C to 30°C with 22°C as a general mean, but a speaker 
system with its back to a sunlit window can experience an overall 
temperature rise of 1 ooc or so above ambient, making a total range of 
25°C. These are serious effects since the surround of many modem 
low colouration bass units employ resistive materials such as nitrile 
rubber whose mechanical resistance and compliance vary strongly 
with temperature in the range concerned. As an example an LF 
reflexed driver with a nominal 25 Hz resonance exhibits a 17  Hz 
resonance at 27°C, rising sharply to 35 Hz at 10°C. With the surround 
often representing the dominant driver compliance it would be worth 
choosing an alignment which exhibited an insensitivity to such 
variation. Over the specific range cited, any normal reflex design 
would behave in such a manner that reflex loading would be a risk 
that a designer might not consider worth taking. 

As regards other factors, almost any driver parameter can and will 
vary due to production tolerance, probably the greatest of these being 
the Bl factor. Appearing 'squared' in the LF analysis relationships it is 
certainly the first parameter to tolerance closely, both for production 
spread and its effect on the resulting system alignment. 

4.5 TRANSMISSION LINE ENCLOSURES 

In theory a transmission line or labyrinth is capable of being extended 
to infinity, providing a perfectly resistive termination to the driver by 
absorbing all the rear directed energy. Hence in this respect it may be 
regarded as a special case of a very large sealed box, which is itself the 
practical realisation of an 'infinite baffie'. 

Physically the line resembles an acoustic pipe which, in its folded 
form, is also known as a labyrinth. The cross-section must be 
sufficiently large in order that the rear-directed energy is not impeded, 
and yet it must also be long enough to terminate the energy down to 
the lowest desired frequencies. Since the path length must be 
comparable to the wavelength absorbed, if genuine low frequency 
reproduction is the aim, ideal transmission lines quickly become 
overlarge, even when folded. For a given closed line, the absorption 
reduces as the cutoff frequency is approached. This means that the 
energy is beginning to be reflected back to the driver and the system 
will then approximate to a sealed box of the same total volume. For 
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example, a filled absorptive line intended to operate effectively down 
to 35 Hz must be at least 8 m long. If a cross-section of 900 cm2 is 
adopted (roughly equivalent to that of a 36 cm diameter bass driver) 
then the enclosure volume will be inordinately large at 0.72 m3 . 

Practical lines are of necessity smaller in cross-section to reduce the 
total volume, and pipe resonances and reflections at the higher 
frequencies may become a problem unless the absorption is very 
carefully arranged. lt was discovered by Bailey that a filling composed 
of long-haired sheep's wool at a density of 8 kg m3 possessed better 
acoustic properties compared with other materials, such as glass fibre. 
More specifically, at low frequencies (30--60 Hz) the speed of sound in 
the line appears to be reduced by 50%, which has important 
implications1 8 • 1 9 .

While in theory a damped line is a perfect absorber and the 
termination at the far end is of no consequence, it may be closed or 
open, in practice, commercial designs invariably leave the line open. 
Energy propagated below the line's cutoff frequency will emerge from 
the aperture and depending on its phase will augment or cancel the 
main contribution from the front of the driver. Over a limited range of 
frequencies such an enclosure will behave as a reflex, the propagation 
delay down the line providing the required phase inversion. This is 
where the wool filling comes into its own since, for a given length of 
line, the delay is effectively doubled, thus lowering the cutoff 
frequency of the system as a whole. 

It has been suggested that the mechanism of this increased delay is 
at least partially due to the air velocity in the line reducing at low 
frequencies, due to the movement of the wool mass. As such, the latter 
represents an inertial component in the energy path down the line, 
thus accounting for the delay. 

A further effect at low frequencies is produced by the air mass in the 
line moving with the driver, additive to the driver's own moving mass. 
Whereas in conventional boxes the air mass is quite low, often less 
than 20%, in an open transmission line the mass addition may be 
equal to that of the driver itself, thus reducing the latter's loaded 
resonant frequency by a factor of .j2. 

Two main resonant modes are possible in this conventional type of 
open pipe, occurring at t wavelengths and at odd (as opposed to even) 
multiples of the effective ± wavelength. Taking the example of a 2 m 
filled pipe with moderate absorption (packing density below 5 kg/m3) 
the quarter-wave mis-termination occurs at about 30 Hz and the half­
wave mode at 73 Hz. If the pipe is overdamped, too much energy will 
be absorbed, and the sound output will possess a gradual rolloff from 
as high as 70 Hz. In commercially viable systems, i.e. those of 
reasonable size, it is difficult to find a satisfactory compromise 
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Absorbent 
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Figure 4.21 Practical transmission line enclosure (internal volume= lOO litres for fc at 
35 Hz) (courtesy JM F) 

between a uniformly extended LF response and an upper bass/lower 
mid-performance with minimal colouration-inducing line resonances 
(Fig. 4.2 1 ). 

Finally, the performance achieved with a transmission line is often 
no better than that of a properly designed reflex enclosure of similar 
dimensions. In fact for the same expenditure the results from the reflex 
sub-class, the ABR, may even be superior. Currently transmission line 
speakers are characterised by lower than average efficiency, notwith­
standing their large size. 

4.6 HORN LOADING 

The specialised subject of horns can only be briefly covered in this 
book, and interested readers are again referred to the bibliography for 
more detailed information2 1 . While the author is aware of the danger
of generalisation on this subject, in his view, horn loaded enclosures 
are not capable of top class subjective quality and most designs are 
inferior to typical direct radiator systems. The main reason for 
adopting horn loading, traditionally employed in public address 
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situations, is to attain a high efficiency coupled with an improved 
control of directivity, vital considerations when large audiences are to 
be covered. 

Improved acoustic matching 
The intrinsic low efficiency of direct radiator diaphragms is due to 
their poor matching to the acoustic impedance of the air load. Almost 
any value of acoustic impedance may be produced at a horn throat by 
suitable geometrical design, and thus the match to the driver 
diaphragm may be optimised. Two benefits result : first, the efficiency 
is greatly increased and second, resistive termination presented to the 
diaphragm may greatly reduce the amplitude of any intrinsic 
response irregularities. 

, 

Efficiency 
While optimum magnet design together with horn matching can 
result in efficiencies of nearly 50% in narrow band designs, if the 
frequency range is increased, great difficulty is experienced in 
maintaining both a smooth response and a high efficiency. A full 
multiway horn system capable of 40 Hz to 20 kHz over a useful 60° 
forward polar response, potentially may have an efficiency in the 
10-20% range, but in practice this is often much less. 

Bandwidth 
The greatest problem is physical size. For a simple horn the lower 
cutoff frequency* is proportional to the effective diameter of the 
mouth when radiating into free space (i.e. 4n steradians). The mouth 
area = A.;/4n where A.c is the cutoff wavelength. For example, for an fc 
at 40 Hz, the mouth area should be 5.9 m2. Such a design would need 
to be custom built into a location as part of a fixed structure, and is 
clearly impractical for most domestic situations. Figure 4.22 shows 
the influence of horn proportion and size. 

The response may be extended in two ways. A small closed box may 
be added which loads the rear face of the diaphragm and provides an 
inductive impedance component. This may be adjusted to offset the 
increasingly capacitative throat impedance below cutoff. Addition­
ally, if the radiation space is reduced, e.g. by mounting the system in a 
wall (2n) or between a wall and floor (n) or in a corner (n/2), the 
impedance match improves proportionately. Effectively, the flare of 
the horn is extended by the adjacent wall surface thereby reducing the 
cutoff frequency. With corner mounting a bass horn may have a basic 

* The frequency at which the acoustic impedance becomes reactive rather than
resistive, i.e. the resistive component has fallen by 6 dB.
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Figure 4.22 Typical response frequency characteristics of horn loudspeaker for 
different mouth openings and different flare cutoffs as function of the ratio of the mouth 
diameter to the wavelength (after Olsen)22 

mouth area 1/8 that of the free space mounted version, since the 
effective radiation space is reduced from 4n to n/2. 

Position 
Certain problems will arise if a horn is mounted in a corner. 
Maximum excitation of the room LF modes is inevitable, these 
producing irregularities in the radiation impedance and consequently 
in the sound pressu re. In addition there will be mid-band colouration 
as the reproducing assemblies cannot always be flush fitted to the 
adjacent walls ; this being virtually impossible with three way horns. 

Propagation delay 
Propagation delay in a horn produces large phase displacement 
which complicates the crossover points in a multi-way system. In 
theory the mouths should be aligned such that the propagation time 
to the listener from all energising diaphragms is the same, but the 
necessary physical displacement of the assemblies is impractical. 
However, the recent development of electronic delay lines of satis­
factory quality means that the mouths of multi-way horns may now 
be conventionally aligned to the designer's convenience, and the 
differential delay and resulting phase discrepancy may be elec­
tronically compensated. The resulting system must of course be 
powered by separate amplifiers with active filter crossovers. 
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Folded horns 
Theoretically a horn structure should be linear, and the smaller mid 
and treble types do adopt this format. However, large bass horns 
( 1 5  m or more for a free field model) require some folding technique, 
unless the horn can be concealed ; for example, built into the sub-floor 
structure. If the folds are too severe, reflections will occur, resulting in 
irregularities in the throat impedance and hence the frequency 
response. 

Horn shape 
Basic horn flares include the exponential, hyperbolic and tractrix 
forms (Fig. 4.23). The relationship between the cross-sectional area of 
an exponential horn and the axial distance x from the diaphragm is 
given by 

S = S0cmx 
and the cutoff frequency by 

!c =�c 

T h r oat a rea I cm2 Area = 100 cm2 

( a )  

Throat area 1 cm2 Area = 100 cm2 

( b ) 

Figure 4.23 (a) Longitudinal sections of conical and parabolic horns. (b) Longitudinal 
sections of a hyperbolic horn (from Acoustics by L. Beranek, copyright 1954. Used with 
permission of McGraw-Hill Book Co.)  
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where S = cross-section ; S0 = throat cross-section = distance from 
throat ; m =  flare constant and c = velocity of sound. 

The hyperbolic horn offers a short flare for a given cutoff combined 
with good driver termination, although the throat distortion is fairly 
high for a given output level. Horns with combinations of exponen­
tial, conical and hyperbolic profiles have also been used, the results 
largely depending on the empirical skill of the designer and the 
method of construction. 

Directivity 
The variable geometry of horn shapes has been taken even further by 
recent commercial designs where in an effort to maintain a constant 
horizontal directivity over a wide frequency range, the horn may be 
'flattened'. The resulting mouth resembles a radial flared slot. 
Alternatively the horn may be 'thinned' in the vertical plane to 
strengthen the diffraction radiation effect to give good dispersion in 
the lateral plane. 

In addition to the well known multi-cell methods, acoustic lenses 
and diffraction plate structures are also commonly employed to 
disperse the energy. 

Upper range problems 
The lower range cutoff has been discussed but a high range cutoff will 
also be present due to a combination of several factors. The driver 
diameter is of significance, as in a simple horn, where the throat is 
directly coupled, an upper frequency cutoff exists where the 
dimensions of the throat cavity are comparable with a sound 
wavelength. One solution involves reducing the throat cross-section 
considerably and, in addition, fitting a multi-channel coupling block 
in the remaining acoustic space. This places the throat-cavity 
resonance at a higher frequency, but eventually breakup will limit the 
maximum working frequency of a given diaphragm. 

Figure 4.24 illustrates various throat structures which smooth and 
extend the response. An unfortunate by-product of reducing the 
throat section is a rise in the throat pressure change at lower 
frequencies, thus increasing the distortion. In part, this explains why it 
is impossible to design a single, wide range horn capable of high 
quality performance. 

Commercial horn systems 
Many high output commercial systems employ horn loaded mid and 
treble transducers where the resulting high efficiency endows the 
design with a considerable power handling capacity. The LF range is 
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Diaphragm assembly 

(a) 

(b) 

Figure 4.24 Examples of phase plugs used in the throat of H F horns (diagram (c) after 
Electrovoice) 

usually a compromise, and generally employs a parallel combination 
of two or three 300 mm-350 mm high power, coned bass drivers in an 
optimum reflex enclosure. The latter will utilise a high efficiency 
response alignment which incorporates bass lift equalisation in the 
accompanying power amplifier. 

Efficiencies of the order of 5% are possible using this technique and 
acoustic outputs of the order of 125 dB at 1 m are obtained with the 
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energy maintained over a 60° forward arc up to at least 1 5 kHz. 
The subjective performance is not on a par with direct radiator 

monitoring systems, but these horn designs are very satisfactory for 
their prime application, namely large audience sound coverage. 

REFERENCES 

1. Harwood, H. D., 'Speakers in corners', Wireless World, 162, April ( 1970)
2. Allinson, R. F., 'The influence of room boundaries on loudspeaker power output', J.

Audio Engng Soc., 22, No. 5, 3 14--19 (1974)
3. Thiele, A. N., 'Loudspeakers in vented-boxes', Pt. 1, J. A udio Engng Soc., 19 (1971 ) ; lt 

Pt. 2, 19, No. 6 (1971 ) !;-. 
4. Small, R. H., Synthesis of Direct Radiator Loudspeaker Systems, University of 

Sydney, Australia 
5. Small, R. H., 'Simplified loudspeaker measurements at low frequencies', J. Audio

Engng Soc., 20, No. 1 (1972)
6. Small, R. H., 'Direct radiatorloudspeaker system analysis', J. Audio Engng Soc., 20,

No. 5 (1972)
7. Small, R. H., 'Closed-box loudspeaker systems', Pt. 1, 'Analysis', J. Audio Engng

Soc., 20, No. lO (1972) ; Pt. 2, 'Synthesis', J. Audio Engng Soc., 21 , No. 1 (1973)
8. Small, R. H., 'Vented-box loudspeaker systems', Pt. 1, 'Small signal analysis', J.

Audio Engng Soc., 21 , No. 5 (1973) ; Pt. 2, 'Large signal analysis', J. Audio Engng
Soc., 21, No. 6 (1973) ; Pt. 3, 'Synthesis', J. Audio Engng Soc., 21 , No. 7 (1973); Pt. 4,
'Appendices', J. Audio Engng Soc., 21, No. 8 (1973)

9. Small, R. H., 'Passive radiator loudspeaker systems', Pt. 1, 'Analysis', J. Audio
Engng Soc., 22, No. 8 (1974) ; Pt. 2, 'Synthesis', J. Audio Engng Soc., 22, No. 9 (1974) 

10. Small, R. H., 'Direct radiator loudspeaker system analysis', J. Audio Engng Soc., 20,
No. 5 (1972)

1 1 . Harwood, H. D., 'Loudspeaker distortion associated with low frequency signals', J. 
Audio Engng Soc., 20, No. 9 (1972)

· 

12. Harwood, H. D., 'Non-linearity of air in loudspeaker cabinets', Wireless World, 80, 
No. 1467 (1974) 

· 

13. Small, R. H., 'Closed-box loudspeaker systems', Pt. 2, 'Synthesis', J. Audio Engng
Soc., 21, No. 1 (1973) 

14. Gelow, W. J. and Rhodebeck, M. G., 'The scientific design of a three-driver
loudspeaker system', Proc. A.E.S. 46th Convention (1973) 

15. Gamer, A. V. and Jackson, P. M., 'Theoretical and practical aspects ofloudspeaker
bass unit design', Proc. A.E.S. 50th Convention, London, March (1975) 

16. Small, R. H., 'Vented-box loudspeaker systems', Pt. 3 ,  'Synthesis', J. Audio Engng
Soc., 21 , No. 7 (1973) 

17. Harwood, H. D., 'Motional feedback in loudspeakers', Wireless World, 80, No. 
1459, 51 (1974) 

18. Bradbury, L. J. S., 'The use of fibrous materials in loudspeaker enclosures', J. Audio
Engng Soc., 24, No. 3 (1976) 

19. Bailey, A. R., 'Non-resonant loudspeaker enclosure', Wireless World, October
(1965) 

20. Bailey, A. R., 'The transmission line loJ.lndspeaker enclosure', Wireless World, May
(1972) 

21 .  Dinsdale, J., 'Horn loudspeaker design', Wireless World, 80, No. 1459, 1461 ,  1462 
(1974). These articles include a comprehensive bibliography on the subject 

22. Olsen, H. F., Modern Sound Reproduction, Van Nostrand Reinhold, New York 
(1972). Copyright 1972 by Litton Educational Publishing Inc. 



ACOUSTIC LOADING AND LOW FREQUENCY SYSTEM ANALYSIS 1 1 7 

23. Adams, G. J., 'Computer-aided loudspeaker system design', Pt. 1 and 2, J. Audio
Engng Soc., 26, Nos. 1 1  and 12 (1978)

24. Stahl, K. E., 'Synthesis of loudspeaker mechanical parameters by electrical means',
Preprint 1 38 1  (K-3), 6lst Audio Engng Soc. Convention ( 1978)

25. Werner, R. E. and Carrell, R. M., 'Application of negative impedance amplifiers to
loudspeaker systems', in Loudspeaker Anthology (Cooke, R. E. Ed.), J. Audio Engng
Soc., 1-25 ( 1979) 

26. Keele, D. B., 'A new set of sixth order vented-box loudspeaker alignments', J. Audio
Engng Soc., 23, No. 5 (1975) 

. 

27. Fincham, L. R., 'A bandpass loudspeaker enclosure', 63rd Audio Engng Soc.
Convention (1979) 

28. Holl, T., Engineering the AR9, Teledyne Acoustics Research (1978)
29. KEF Electronics Ltd, 'Model 105', Keftopics, Issue 3,  No. 1 (1978)
30. Greiner, R. A. and Schoessow, M., 'Electronic equalisation of closed-box loud­

speakers', J. Audio Engng Soc., 31 , No. 3 (1983)
3 1 .  Keele, D. B., 'Direct low frequency driver synthesis from system specifications', J. 

Audio Engng Soc., 30, No. 1 1  ( 1982)
32. Margolis, G. and Small, R. H., 'Personal calculator programs for approximate

vented-box and closed-box loudspeaker system design', J. A udio Engng Soc., 29,
No. 6 (198 1)

33 .  Kerno, P. R. ,  et  al., UK Patent Application No. GB2045578A (Absorptive duct for 
vented box), 19 March (1979) 

BmLIOGRAPHY 

Benson, J. E., 'An introduction to the design of filtered loudspeaker systems', J. Audio 
Engng Soc., 23, No. 7 (1975) 

Beranek, L., Acoustics, McGraw-Hill, London (1954) 
Cooke, R. E. (Ed.), Loudspeaker Anthology, J. Audio Engng Soc., 1-25 (includes 

References 2, 3, 5, 7, 8, 18 and 25) (1979) 
· 

Hanna, C. R. and Slepian, J., 'The function and design of horns for loudspeakers', J .. 
Audio Engng Soc., 25, No. 9 (1977) 

Harwood, H. D., 'New BBC monitoring loudspeaker', Wireless World, May (1968) 
Harwood, H. D., 'Some aspects of loudspeaker quality', Wireless World, May (1976) 
Henrikson, C. A. and Ureda, M. S., 'The manta ray horns', J. Audio Engng Soc., 26, No. 

9 (1978) 
Hilliard, J. K., 'A study of theatre loudspeakers and the resultant development of the 

Shearer 2-way horn system', J. Audio Engng Soc., 26, No. 1 1  (1971)  
Hoge, W. J. J . ,  'A broadcast monitor speaker of small dimensions', J. Audio Engng Soc., 

26, No. 6 (1978) 
Keele, D. B., 'Sensitivity of Thiele's vented loudspeaker enclosure alignments to 

parameter variations', J. Audio Engng Soc., 21 (1973) 
Kloss, H. E., 'Hoffman's iron law', Hi fi Sound (0000) 
Long, E. M., 'Design parameters of a dual woofer loudspeaker system', Proc. A.E.S. 

36th Convention (1969) 
Rank Leak Wharfedale, Airedale SP Loudspeaker, Press Release 
Lord Rayleigh, Theory of Sound, Dover Publications 
3A, Zone Industrielle 06600 Antibes Loudspeaker Catalogue (1976) 
Walker, P. J., 'Wide-range electrostatic loudspeakers', Wireless World, May, June and 

August (1955) 
Wente, E. C. and Thuras, A. L., 'Auditory perspective/loudspeakers and microphones', 

J. Audio Engng Sbc., 26, No. 7 1 8  (1978) 
Zacharia, K. P., 'On the synthesis of closed-box systems using available drivers', J. 

Audio Engng Soc., 21 , No. 9 (1973) 



5 

Moving-coil direct radiator 
drivers 

In contrast to the theoretical analysis presented so far, this chapter 
covers the practical aspects of moving-coil driver design. The 
techniques employed in high performance models are described, with 
critical review where appropriate. Inevitably some overlap of content 
with theoretical subjects - driver analysis, low frequency loading, etc. 
will occur, but essentially the viewpoint taken here is a practical one. 

As has been mentioned elsewhere, moving-coil drivers are used in 
the vast majority of loudspeakers. There is a great variety of chassis, 
magnets and coils available, as well as numerous diaphragm shapes 
and materials to choose from, and thus several classes of specialised 
drivers covering individual frequency bands have been developed. 

It has also been indicated that a single full range driver cannot as 
yet satisfactorily meet the requirements of a high performance 
reproducer. At its simplest, the latter must be 'two or more way', i.e. 
incorporating at least two drivers, each responsible for separate 
adjacent frequency ranges, which together with an enclosure and 
crossover from the complete system. Several categories of drive unit 
may be broadly classified as in Table 5. 1 .  After a short review of the 
essentials of the moving coil transducer, drivers with coverage 
approximating to these bands will be individually examined. 

5.1 MOVING-COIL MOTOR SYSTEM 

The heart of a moving-coil driver is the motor, which consists of a 
light, hollow coil immersed in a · strong radial magnetic field, 
suspended in such a way as to allow free movement only in the axial 
direction. Some sort of diaphragm or radiating surface must be 
attached to the motor coil to couple the air to the forces generated by 
currents flowing in the coil, and hence to permit acoustic power (i.e. 
sound energy) to be radiated from the assembly. 

Every component in a moving-coil driver unit has some influence 
on the quality of the sound produced, whether it be in terms of 

1 1 8 
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Table 5.1 

Usable frequency range 

30 Hz-1 kHz 
30 Hz-5 kHz 
1 50 Hz-5 kHz 
700 Hz-10 kHz
1-20 kHz 
3-20 kHz 
8-30 kHz 

Type of driver 

Low frequency (LF) 
Low to mid frequency (L/MF) 
Mid frequency (MF) 
Upper mid frequency 
Upper mid/treble frequency 
High frequency (HF) 
Very high frequency (VHF) 

pressure response, level, distortion, colouration, frequency response 
or directivity. Some may influence certain aspects only ; for example, a 
lack of uniformity of the magnetic field may affect the distortion at a 
certain sound pressure level ; without significantly altering any other 
aspect of the performance. Changes in the strength of the magnetic 
field, however, will alter both output and frequency response, the 
latter due to the variation in electro-magnetic damping factor near 
the fundamental resonance (see Fig. 3.30, Chapter 3). 

The main components in a moving coil driver are illustrated in Fig. 
5. 1 ,  a cross-section of a cone model. The corresponding form for a 
dome unit is shown in Fig. 5.6. 

The diaphragm or sound radiating element 
This may vary in diameter from 12 to 500 mm and may be formed in a 
variety of shapes and profiles, ranging from domes to cones, both 
convex and concave. 

Dust cap 

Chassis -----1'11 
( open) 

Suspension 

Magnet 

Motor coil 

Figure 5.1 Moving coil driver components 

Magnet 
assembly 
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The surround or outer support 
Found in cone units and comprising the flexible structure joining the 
cone rim to the chassis. Most dome drive units do not have a separate 
surround, the edge suspension often being the only means of support 
for the main structure. 

The suspension or inner support 
Usually found near the join between the motor coil and the 
diaphragm, this rear support member is a concentrically corrugated 
fabric disc joining the cone apex to the chassis. The function of both 
the suspension and the surround is to allow relatively free axial or 
piston movement of the diaphragm whilst offering great resistance to 
lateral displacement or rocking motion of the diaphragm. 

The motor coil (or voice coil) 
This is an assembly consisting of a shallow coil wound on a light, 
hollow tube firmly attached to the diaphragm. Flexible leadout wires 
convey power from the amplifier to this coil. 

The magnet 
This usually refers to the complete magnet assembly which provides a 
strong uniform radial magnetic field through the motor coil. This is 
the polarising field against which the alternating fields produced by 
the coil act, resulting in mechanical force on the moving assembly. 

The chassis (or supporting basket or frame) 
The chassis is usually a separate pressed steel or cast framework 
which provides a rigid foundation for all the other components, and a 
means by which the driver is fitted to an enclosure. In some dome high 
frequency units, the front magnet plate alone provides all the 
functions of the chassis. 

The dust cap or centre dome 
As the name suggests, this element does not usually fulfill any acoustic 
function and merely keeps dust out of the gap. However, it may be an 
integral part of the acoustic design in some units. 

The phase plate 
This may be a partial acoustic obstruction in the front of the 
diaphragm, or it may be a short horn-like structure adjacent to the 
dome. Its function is essentially that of equalisation. Irregularities of 
sound pressure, directivity or phase with frequency may be corrected, 
particularly in dome diaphragm units. 

The design of all these components is strongly related to the driver 



MOVING-COIL DIRECT RADIATOR DRIVERS 1 2 1  

application (i.e. the frequency i t  i s  designed to  cover) and as  such the 
details will be included in the individual discussion of driver types that 
follows. 

5.2 LOW FREQUENCY OR BASS UNITS 

Low frequency design is intimately associated with the enclosure or 
loading method employed (see Chapter 4). A driver intended for high 
performance applications will possess a level reference region above 
the fundamental resonance. The total Q of such a driver is likely to be 
below unity and its actual value is a vital factor in determining the 
design of the enclosure, whether sealed or reflex. For example, a sealed 
box system Q greater than unity implies a significant hump .at 
resonance, a condition likely to be unacceptable for a high per­
formance system. 

As shown in Fig. 3.30, the system Q for a given motor coil resistance 
and winding length is predominantly controlled by the flux density in 
the magnet gap. For any given driver there is an optimum value of 
magnet strength for the maximum level output. Greater efficiency 
may be achieved at the expense of low frequency extension and/or by 
increasing the volume of the enclosure. 

Since bass drivers essentially operate as pistons, the acoustic power 
generated at a given frequency is proportional to the area of the cone 
and its peak excursion, i.e. the volume of air actually 'pumped' by the 
diaphragm. For each halving of frequency the required excursion for 
constant power is doubled and, for a given power and driver size, one 
can quickly reach a low frequency limit at which the driver ceases to 
operate linearly due to limits of available cone movement. The latter 
may be due to suspension constraint and/or the coil movement 
exceeding the region of constant magnetic flux. 

In the case of the infinite baffie or more correctly 'sealed box' 
enclosure, once limits are set for the cone size and matching enclosure 
volume as well as for tolerable non-linearity the resulting response 
must be a trade-off between low frequency extension and efficiency. 
This is why small, wide-range loudspeakers are inevitably inefficient. 

Diaphragm materials (LF) 
While designers may hope that bass drivers operate as pistons, this is 
rarely the case over the entire frequency range. Attempts have been 
made to reproduce highly rigid structures ; Celestion, KEF 
Electronics, Yamaha and Leak have all employed reinforced poly­
styrene diaphragms in various forms. While Leak employed a cone, 
the 'Sandwich', the others utilised solid structures. An aluminium foil 
coating on both sides of the diaphragm provides reinforcement (Fig. 
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5.2). Resonances in such rigid diaphragms are difficult to control, and 
when such a stiff structure does enter breakup, the effects may be 
severe. The more gentle breakup of an ordinary diaphragm is 
generally preferred in applications where the driver must be used in or 
near the breakup range. 

An established example of a reinforced polystyrene bass driver is 
the B 1 39,  manufactured by KEF Electronics (Fig. 5.3(a)). The unit 
operates as a pure piston up to approximately 800 Hz, where the first 
breakup mode occurs. It is used successfully in a number of current 
high performance systems, ideally with a high slope crossover at 200-
300 Hz, although some designers have worked up to 450 Hz. The 
radiating area approximates to that of a 250 mm diameter circular 

Figure 5.3(a) An expanded polystyrene wedge diaphragm, with stressed aluminium skin 
(courtesy KEF Electronics) 
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Figure 5.3(b) (/) Conventional/honeycomb core, (2) axially symmetrical honeycomb 
core (courtesy Technics) 

unit and the model has been employed for both large reflex and 
compact sealed box designs. 

In the effort to combat the weakness of conventional paper/pulp 
cones, other formulations have also been tried. EMI developed an 
elliptical laminated structure comprising a reinforced glass fibre layer 
bonded to a conventional cone. A further development consisted of 
two stiff cones laminated with a flexible damping layer between the 
two. Thick pulp cones formed under low compression are also 
favoured, since their high internal damping lowers colouration. 
Technics have developed a three-layer, pulp cone material for their 
advanced bass drivers, consisting of stiff outer layers with a soft centre 
layer of high damping. 

More recently Technics have produced plane diaphragm drivers 
(see Fig. 5.3(b)) using a foil-stressed aluminium honeycomb of special 
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manufacture and of high radial symmetry. Related research work has 
also been carried out by engineers at Sony and Pioneer7• The latter 
company's endeavours resulted in an unusual but costly design of a 
three-way planar coaxial driver, remarkably employing rectangular 
form motor coils. Other manufacturers have sought to increase the 
rigidity of conventional cones by the addition of some high strength 
matrix such as carbon fibre. Sony, Pioneer and Son Audax are all 
actively researching this aspect8. 

While the developments mentioned so far have enjoyed reasonable 
success special mention is due to a synthetic isotropic cone material 
marketed under the name of 'Bextrene', and consisting of a mixture of 
polystyrene and neoprene. Well designed cones made from this 
material, if suitably terminated by an appropriate surround and 
coated with PVA*, such as Plastiflex, have offered a low/mid 
frequency performance well in advance of other cone types. Not only 
is the fundamental 50 to 500 Hz range covered in almost textbook 
fashion, but the favourable characteristics of low distortion and 
colouration plus excellent response uniformity may continue for 
several octaves above, making the choice of crossover points and 
slope less critical. The BBC engineers who pioneered the use of this 
material succeeded in producing a two-way, high performance 
monitor system with a 300 mm LF/MF driver crossing over at 
1 .7 kHz1 •

At the time of writing a successor to Bextrene has emerged, which 
on listening and laboratory tests appear to offer the same order of 
magnitude of improvement over Bextrene, as the latter demonstrated 
with respect to conventional paper cones. This new plastic is based on 
polypropylene, with an added mixture of polyethylene of molecular 
weights and mix chosen for optimum acoustic properties. In addition, 
it possesses the additional advantage of requiring no extra damping, 
as the internal losses are intrinsically sufficient. In similar thicknesses 
to those employed for Bextrene drivers (25-37 micron for 200 mm 
drivers, and 37-65 micron for 300 mm units), the cone mass is reduced 
resulting in a sensitivity improvement of the order of 3 dB for the 
same driver assembly. A further advantage concerns its excellent long 
term stability, a factor at times in doubt with Bextrene and certainly in 
doubt with paper. Potentially, the material also offers great 
consistency from batch to batch, but remains difficult to glue. 

As with Bextrene, the performance of a well designed 300 mm 
driver made from polypropylene is satisfactory to beyond 2 kHz, and 
has allowed the completion of a second generation two-way system 
based on the BBC example quoted above. The response curve of the 

* Aqueous suspension of polyvinyl acetate. 
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new driver is smooth and well balanced up to 4 kHz (Fig. 5.4). The 
commercial system in which it is employed uses a complex active 
equaliser, but the equalisation is more concerned with compensation 
for enclosure diffraction effects than driver anomalies. 

Metal cones have also been produced but usually by the time 
resonances have been controlled, the efficiency is reduced due to the 
high mass. In addition, as with the rigid polystyrene structures, the 
breakup modes in metal diaphragms can be severe. · Nevertheless, 
aluminium diaphragms are in use by several manufacturers, one 
employing expanded foam metal for the LF unit and another a 
honeycomb structure. 

The range of potential diaphragm materials and constructions is 
limited only by the imagination. As new plastics and polymer 
formulations are produced, drive unit designers eagerly try them 
hoping for a quick solution to the fundamental problems. In Table 5.2 
this material diversity is well represented. 

While some degree of internal damping is desirable in a material or 
construction, if the loss factor is too high compared with the E value 
or stiffness factor the diaphtagm might present a smooth frequency 
characteristic but show higher distortion. An additional effect with 
high loss materials, hard to quantify, is a hysteresis phenomenon 
which subjectively appears to mask fine musical detail. 

Despite much emphasis in commercial promotional terms 
concerning new diaphragm technology, there is still much life left in 
the paper-pulp diaphragms used in moving coil drivers developed by 
Rice and Kellog over half a century ago. Its sonic velocity (ftJP) is
quite good, and its manufacture is well established and understood. 

Table 5.2 is worthy of a closer inspection. The values for sonic 
velocity give a fair idea of the first bending mode resonance for 
various materials and might suggest the right choice for a piston 
mode dome hi-fi unit. Given that copper can be made to work up to 
20 kHz as a 0.034 m cap (with a sonic velocity of 4. 1 units), its 
replacement by aluminium should lift the break point to around 
27 kHz. Beryllium is undoubtedly an excellent choice but is very 
costly to process and poses a health hazard during manufacture. 
Boron is too brittle as a natural substance but can be successful 
applied to a substrate such as titanium. So far designers have tried to 
combine the surround with the diaphragm when using plastics. 
However, the figures for polyester (mylar) suggests that it could 
perform well as a piston dome if the surround function was separately 
served by the choice of an appropriate material. Likewise, paper-pulp 
domes should perform well here if used with matched surrounds. Its 
very low density will allow a relatively thick construction, durable 
and easily handled. 
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Table 5.2 MATERIAL STRENGTHS AND DENSITIES CONSIDERED USABLE 
FOR LOUDSPEAKER DIAPHRAGMS (AND POSSIBLY ENCLOSURES) 

Young's Specific Sonic 
modulus modulus velocity 

Density (p) (E) (E/p) (jE/p) 
kg m - 3 x 103 N m - 2 x l01 0m s - 1 x 107 m s - 1 x 103 

Aluminium (sheet) 2.7 7.5 2.75 5.4 
Aluminium (honeycomb) 0.55 1 5  27 16  
Bextrene (p.v.a. doped) 1 .3  1 .9 1 .5  3.9 
Beryllium 1 .8 25 - 1 5  1 2  
Boron 2.4 39 16.5 12.7 
Boronised titanium 4.2 25 6 7.7 
Copper 8.5 1 5  1 .8 4. 1 
Graphite polymer 1 .8 7 3.9 6.2 
Iron 7.9 20 2.5 5 
Magnesium 1 .8 4.5 2.6 5.8 
Paper pulp (typical) 0.5 2.0 4.0 8.5 
Plywood 0.78 8.6 1 1  10.5 
Polyester film 1 .4 7 5.0 7 
Polyamide film 1 .4 3 2 4.5 
Polypropylene homo-

polymer 1 .0 2.3 2.3 4.8 
Polypropylene 

copolymer 0.9 1 1 .4 1 .53 3.9 
Polypropylene (filled, 

talc) 1 .3 3.0 2.3 4.8 
Polystyrene foam 0.01 0.3 30 1 7.0 
Polystyrene (foam, alloy 

skinned) 0.027 2.0 75 24.5 
Resin glass fibre 

(honeycomb) 0.43 1 1  24 15.5 
Titanium 4.5 1 1 .6 2.6 5 

The values in Table 5.2 can only be a guide since they refer to the 
properties in sheet form. When made up into practical diaphragm 
shapes additional factors play their part, such as self-damping, and 
the resulting performance cannot be fully determined from the 
material properties alone. 

Diaphragm shape 
Some ofthe effects of diaphragm shape have been discussed in Section 
3 . 1 .  These principles cannot be ignored even for bass drivers, and the 
determination of a suitable profile for a given material and driver size 
is to a large degree a matter of trial. The choice of surround is vital 
and, strictly speaking, the surround is best considered as a con-
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tinuation of the diaphragm even though it is a separate component 
generally made from a different material. 

With vacuum formed thermoplastic cones, the best results to date 
have been given by flared, moderately shallow profiles. The transition 
between the neck and the motor-coil former should form a smooth 
curve, and to inhibit 'folding over' of the edge, the tangential angle 
between the cone rim and front plane should not be much less than 
25°. 

The flare rate, cone and motor-coil diameter, coil mass and cone 
thickness will all affect the linearity, slope, range and directivity of the 
pressure response. Even if a bass driver is not intended to operate 
beyond 400 Hz, it is worth designing the unit to give a well behaved 
characteristic at least two octaves above, since this will generally 
reduce colouration and the crossover transition will be better defined; 

Designers often ignore peaks in driver response if they appear in the 
crossover rolloff range of the final system, outside the driver's own 
bandpass. In high performance systems such peaks may present 
problems in terms of crossover slope integration and some ripples will 
still remain on the final axial response. Such cone resonances may 
also be exited by the succeeding upper range driver by acoustic 
coupling, and thus become audible. 

Surrounds 
This component is important to all drivers but it is most critical in low 
frequency applications, where it must perform two roles. Firstly it 
must provide a large amplitude excursion at low frequencies with a 
resistance to the considerable attendant differential air pressure and, 
simultaneously, give effective absorption and termination of energy at 
the cone edge through to the mid-range. It must also support the cone 
for years at a time without sagging. In the past, surrounds were 
generally formed by a series of concentric corrugations, either as an 
extension of the cone edge or an additional component. By contrast, 
almost all quality drivers today employ some form of half-roll 
surround. These are satisfactorily linear and can be made to the high 
compliance values required for low resonances sealed cabinet drivers. 
In addition they may be formed from a variety of materials some of 
which offer excellent termination properties. The curved shape of a 
roll-surround endows it with a resistance to the high differential 
pressure between the front and rear sides of a bass driver under strong 
LF excursion. Materials which gradually overload give less 
distortion, and plastic foams and rubbers are greatly preferable to 
treated cambric or similar doped fabric. Although they are quite 
heavy, surrounds of moulded neoprene are extensively used with bass 
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drivers (Fig. 5.3), and recently other related substances such as nitrile 
rubbers, and the lighter material, highly plasticised p.v.c. have also 
proved satisfactory. The latter was also found to be particularly 
suitable for mid-range applications due to its excellent termination 
properties. Hitachi have patented a new type of pleated surround of 
doped fabric offering improved excursion linearity and termination. 

The preferred suspension materials such as p.v.c. and nitrile have a 
density in the 1 to 1 . 1  x 103 kg m3 range, comparing well with the 
density of polypropylene and Bextrene plastics. Butyl rubber has also 
proved popular with dense pulp cone drivers. For lighter grade cones, 
foamed polyurethane works well, expecially with an additional lossy 
coating. Adhesive problems have been noted with cone plastics, 
notably polypropylene and also surrounds, particularly plasticised 
p.v.c., but in recent years these seem to have been overcome. 
Favoured methods now include RF bonding of surrounds and cones, 
this and compression heating are preferable to solvent-based 
adhesives, the use of which can result in serious physical distortion of 
the components. 

Designers must take into account the divergent requirements, 
namely good dissipation of vibrational energy above 1 50 Hz or so ; a 
profile which allows reasonably linear excursion up to 8 mm peak to 
peak, and a mechanical structure which inhibits self-resonance. In a 
particular prototype driver, a response dip occurred at about 600 Hz, 
whose source was eventually traced to the anti-resonance in the p.v.c. 
surround. A flat section had been designed between the half roll and 
the code edge, but another was unintentionally present between the 
outer 'roll' edge and the clamping point on the chassis. The unwanted 
circuit comprised the 'roll' vibrating with the compliance of the two 
adjacent flat sections. Readjustment of the roll dimension to eliminate 
the outer flat portion removed the dip. 

The surround must be regarded as an additional radiating element 
producing an out of phase component and should in theory, at least, 
be as narrow as practicable for the required excursion. Another factor 
is the significant temperature variability of compliance shown by 
many surround materials, particularly nitrile rubber and p.v.c. 

Suspensions (LF) 
The compliance of synthetic surrounds is usually temperature 
dependent ; a p.v.c. type may vary by two-to-one over a range of 1 5° to 
30°C. A low frequency driver will often need a reasonably stable 
fundamental resonance, e.g. for a reflex loaded application. The 
surround of such a unit, if temperature sensitive, clearly should not 
provide the bulk of the diaphragm restoring stiffness. The latter must 
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then be  dependent on  the remaining supporting component, namely 
the suspension. 

Good quality suspensions are manufactured from a polyamide 
fabric (nylon or polyester) impregnated with a cured, temperature 
stable epoxy resin. If carefully designed, the suspension can provide a 
stable restoring force over the required excursion. The suspension 
should also be engineered so as to limit gently at the peak 
displacement allowed by the magnet assembly. This will reduce the 
severity of coil jump-out effect noted in the section on magnet/coil 
systems in Chapter 3 .  

It is also possible to control the suspension non-linearity, by 
suitable choice of material and geometry, to compensate for the 
magnetic non-linearity produced by large excursions2• This is 
important if an optimal efficiency, short-coil short-gap assembly is 
used, where the coil length is only 5-10% greater than the physical 
magnet gap. Some of the BBC Bextrene driver systems employ this 
technique, but owing to the difficulty of its execution, the newer 
generation of reflex loaded monitors have reverted to a more 
conventional linear suspension and employ a motor coil with an 
approximately 25% coil overhang. 

Poorly designed suspensions, partiCularly those which are large 
and heavy, may possess self-resonances at only a few hundred Hz. 
Additionally, poor quality cotton or linen fabric suspensions fitted to 
heavy coned bass drivers can take a 'set' away from the nominal 
centre zero coil position in a matter of days, particularly under humid 
conditions and if the units are- stored horizontally. Vertical 
positioning relieves the suspension of the axial bias due to gravity, but 
the long term stability is still in doubt. 

In practice, any suspension may develop a degree of off-centre 'set' 
if stored in one direction long enough, which is why vertical 
mounting, particularly of heavy coned bass drivers, is strongly 
recommended. 

Double suspensions (LF) 
While there is little evidence that moderate degrees of suspension 
non-linearity are audible at low frequencies, some manufacturers 
have attained very low orders of bass distortion by utilising a double 
suspension. The corrugation geometry is arranged to be com­
plementary, so making the excursion characteristic identical in both 
the forward and the reverse directions. 

With large drivers intended for high power applications, the lateral 
forces at the voice coil may be sufficient to cause momentary 
decentering. A spaced double suspension may then be used to 
advantage, resulting in a greatly improved resistance to deeentration. 
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Matsushita have produced a new suspension geometry with a 
strong resistance to lateral decentering forces, comprising a four piece 
box section structure with a motion akin to a pantograph. Rocking 
modes are strongly resisted, which is vitally important with shallow 
drivers such as the honeycomb plane diaphragm designs. An 
additional benefit conferred is the much improved linearity ; for a 
given size the linear 'box' suspension provides twice the linear 
excursion as compared with the usual corrugated cloth type (see Fig. 
5.5). 

Motor coil and magnet assembly (LF) 
The moving diaphragm mass for a given unit size is virtually a fixed 
quantity. The motor coil diameter is generally proportional to its 
thermal power handling, and with these two factors decided, the 
efficiency of the resulting driver is proportional to the square of the 
magnetic field strength in the gap. The design of magnet structure will 
depend on the loading and maximum undistorted output require­
ments for the system. For example, take the case of a sealed box with a 
long throw 200 mm driver, which is required to develop 96 dB from 
60 Hz upwards. Suppose it possesses a magnetic field strength acting 
on the coil length immersed in the gap sufficient to provide a system Q 
of about 0.7. Since a large cone excursion is needed to produce 96 dB 
at 60 Hz, about ± 6 mm peak, a typical 6 mm magnet gap will require 
a coil overhang of at least twice this, resulting in a total coil length of 
approximately 1 8  mm. An unavoidable loss in motor efficiency 
occurs, since only one third of the available power in the coil is 
actually used in creating acoustic power. 

It is worth noting that if the response of this system was required to 
extend one octave lower to 30 Hz at the same power level, the 
excursion must be multiplied by four, i.e. to a ridiculous 50 mm peak 
to peak. Sound power is proportional to the square of the diaphragm 
ampli�ude, and if undistorted reproduction down to 30 Hz is required 
of this particular driver, the overall power level must be reduced by 
)22 or 12 dB. 

If a similar sealed box capable of 96 dB at 30 Hz were required it 
could be achieved within a sensible excursion limit by increasing the 
diaphragm size, since the power radiated is proportional to the square 
of the product of the moving area and excursion. If the same ± 6 mm 
excursion is adopted, then the diaphragm area must be four times 
greater to radiate 96 dB at 30 Hz. Thus the required driver diameter 
needs to be increased to 380 mm. 

Reflex loading may allow a given driver to produce more bass. The 
peak excursion of the LF driver at resonance is reduced by as much as 
four times with reflexing, which allows the motor coilto be reduced in 
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length, in turn giving a great improvement in efficiency. The resulting 
increase in Bl factor is in fact essential to control the working Q of the 
resonant reflexed system. Typically a sound power increase of four 
times (6 dB) is possible with a given driver when optimised for reflex 
loading as compared with sealed box. This holds true even for the 
same low frequency cutoff, although the reflex enclosure volume is 
likely to be larger than the sealed box equivalent. 

Taking into account the average spectral energy distribution of 
programme, a well designed reflex enclosure with a 300 or 350 mm 
bass driver can produce upwards of 1 1 5 dB of wide band programme 
at 1 m (a factor of 6 dB or so is gained by the falling energy in most 
programmes below 70 Hz). Higher levels may be attained by multiple 
arrays of such enclosures or by horn loading, although the latter 
technique is unavoidably bulky at low frequencies, and its use is 
generally restricted to fixed installations such as cinemas, etc. 

Power dissipation (LF) 
Motor coil diameter is roughly related to cone size and power rating, 
with 20--25 mm coils the rule for small 100--1 70 mm drivers ; 25 to 
37 mm coils in 200 and 250 mm units, and 44-100 mm diameters for 
250--380 mm units. There is no obvious acoustic advantage for large 
diameter voice coils, except perhaps the argument that a large voice 
coil on a small cone means that no part of the cone is very far from the 
driving point, which is likely to result in a stiffer structure unlikely to 
breakup until a higher frequency range is reached. 

The large 75 to 100 mm coils will dissipate up to 200 W of 
continuous thermal power if constructed of suitable high tempera tu re 
formers such as aluminium foil or Nomex, and utilising matching 
heat-cured adhesives. 

Since most loudspeakers are at best only a few percent efficient, the 
bulk of the input power is dissipated as heat in the motor coil. 
Surprisingly high temperatures (up to 200°C) may be developed 
under heavy drive, and even with models designed for domestic use, 
some manufacturers aim at short term service temperatures of the 
order of250°C. Several factors must be taken into consideration when 
temperature rises of this magnitude are to be accommodated. The 
increase in d.c. resistance is appreciable and will provide some degree 
of self-limiting with regard to the maximum power drawn from a 
given source. It will also add a degree of non-linearity, depending on 
the thermal time constant of the motor coil. 

King describes an example of a 305 mm driver equipped with a 
75 mm coil and designed for use with an electric guitar3 • The coil 
reached a steady 270°C after four hours running at a voltage level 
equivalent to 200 w into 6 n, the latter being the driver's nominal 
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'cold' specification. The 'hot' impedance was found to be double, 
indicating that the driver was in fact only drawing 100 W from the 
source to maintain this temperature (copper's resistivity rises by 
0.35% per degree centigrade). The thermal time constant for the coil 
was 1 5  s, the time for a 34% drop in resistance. 

Clearly operation which results in an average power much above 
75 W would be inappropriate for this driver, and the example 
highlights an often neglected problem encountered with high power 
units. The best method of cooling a coil is via conduction to the 
magnet structure. This is aided by a narrow gap clearance, a condition 
difficult to achieve with LF drivers as the coil excursion is consider­
able. However, there are some ways round this particular problem. 
For example, the magnet gap may be made longer than the coil so 
that the latter is always in close proximity to a large mass of metal. 
Alternatively, the coil may be wound on a large heat conducting 
former, such as anodised aluminium foil, helping to spread the heat 
over a larger area. Thirdly, the magnet/coil structure may be 
ventilated such that cold air is continuously pumped through the gap 
where the unit is under drive, thus providing forced cooling ; this 
artifice is only effective at low frequencies, for example, below 200 Hz 
where the cone excursion is appreciable. The magnet structure itself 
may be fitted with blackened radial fins on the exterior surface to aid 
heat dissipation. 

A further problem concerns the effect of conducted heat on the 
diaphragm. While the high temperature components of the motor coil 
may be readily designed to withstand the stress, some thermoplastic 
cones readily soften at around l00°C and a hot coil will quickly 
become decentred or detached. Even pulp cones may char at the neck 
and suffer from premature aging or disintegration. A solution is 
provided by the use of a non-conducting coil-former section adjacent 
to the cone, which isolates the hot section of the coil from the cone 
(Fig. 5 .6). 

Some premature failures have been noted with Nom ex formers due 
to its hygroscopic nature. After a period of disuse, a Nom ex equipped 
driver started up at high power may produce rapid moisture 
outgassing from the former, usually resulting in structural distortion 
and even bubbles, often locking the coil in the gap. Kapton, a new 
high temperature plastic, has been brought into use despite adhesive 
difficulties when bonding to cones. Hygroscopy is not a problem here. 

Ferrofluids 
A recent development from the USA is the use of a fluid which may be 
applied to the magnet gap of moving coil drivers. It consists of a 
stable, inert organic diester base containing a colloidal, and hence a 
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Figure 5.6 Example of a high temperature working motor-coil assembly. The coil is 
wound on alloy foil, bonded to a ventilated 'nomex' former (high temperature polyamide). 
Heat cured adhesives are employed (courtesy KEF Electronics) 

non-settling dispersion of ferromagnetic material4• The liquid is 
sufficiently magnetic to remain firmly trapped in the regions of 
greatest field strength, i.e. the gap. It is thus self-locating upon 
injection into the gap on either side of the voice coil. It may be 
obtained in a range of viscosities from 3,000 to 50 centipoise, with 
100 cp suggested as suitable for low frequency drivers. 

Interesting performance gains result from its application. In LF 
terms, the primary benefit is a greatly improved short term power 
dissipation for the motor coil, since the fluid exhibits good thermal 
conductivity, many times that of the air it replaces. While drivers in 
low power applications would derive little advantage from its use, the 
high power examples described might gain a short term power 
handling increase of up to three or four times. If additional damping is 
a design advantage the fluid can provide this, through choice of a 
suitable viscosity. Finally, the fluid provides a lowered reluctance 
path in the gap which reduces magnetic fringing and will marginally 
increase efficiency, by up to 0.75 dB, depending on the driver 
construction, and may also reduce distortion. 

By maintaining lower coil temperatures the fluid can dramatically 
reduce the power compression effect noted earlier in connection with 
high temperature rise. Some extra centring force is also provided by a 
tendency for the fluid to form a uniform layer around the pole. This 
may eliminate the need for additional centring, for example, via a 
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second suspension or may obviate the suspension altogether in a light 
mid-range diaphragm assembly. With heavy excursions the fluid may 
not flow laminarly resulting in an asymmetric distribution which may 
impede motion and reduce linearity. Another consideration is the 

. catastrophic failure of the fluid when overheated. 
In one investigation9, the tempeniture of an LF driver with a 25 x 

w - 3 m motor coil of four layers and a 20 W input at 25°C was 185°C 
after 120 s, a rise of 160°C. With a gap intensity of 200 Gauss, 
6 x 1 0 - 7 m3 of ferrofluid of 2,000 cp viscosity was injected into the 
gap. Over the same period the temperature reached 80°C, a rise of 
55°C, one third that of the untreated gap. 

Where ferrofluid viscosity is used to provide additional mechanical 
resistive damping its own viscosity variation with temperature should 
be borne in mind. It was noted with one HF driver, of small thermal 
capacity, that its ferrofluid damped transient response varied 
markedly with level. At the 0. 1 W level it worked as predicted, but at 
3-10 W input the damping fell off considerably. Certain ferro-fluid 
grades have also proved incompatible with some motor coil 
adhesives, and formers can soak up some of the fluid. Finally, the high 
excursion fluid flow can result in a back pressure build up behind the 
coil necessitating a rear vent in the magnet, particularly in LF units. 

Winding techniques (LF) 
Coils may be wound with a variety of conductors, but the most 
common is enamelled copper. Anodised aluminium is also used, more 
especially in HF units where the reduced coil mass and inductance (its 
higher resistivity allows fewer turns) is beneficial to response 
extension. 

Ideally, the mass of a copper coil should fill the gap to provide 
maximum utilisation of the available magnetic flux. In practice, a 
clearance must be provided to prevent rubbing as the coil moves and 
to allow for change in the coil former profile with age and thermal 
stress. A further loss occurs due to the wasted space in the winding 
and the thickness of the former on which it is wound. 

If a rectangular cross-section wire is employed, then the space 
utilisation factor may be improved, with a resulting 15 to 20% 
increase in efficiency. The cost of these 'edge wound' coils is high and 
the technique is uneconomic except for a few expensive designs. 
Alternatively, the wire may be partially deformed either before or 
after winding to 'square' the profile and hence reduce the air space 
(Fig. 5.7). 

A further solution requires the use of conducting insulated foil, flat 
wound. Such a coil would have a low inductance which might prove 
advantageous. 
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Figure 5.7 Edge-wound motor-coil using ribbon conductors (courtesy Base) 

At present, the vast majority of motor coils are wound in insulated 
copper which may be precoated with a thermosetting adhesive to aid 
bonding. Most high frequency coils are heat cured to bake out any 
solvents or moisture which might cause bubbling or mechanical 
distortion in service. The majority are two layers, though four is quite 
common and six have been used in some short coil, long throw LF 
drivers. The main consideration is mass. The long coils required for 
sealed box systems, if wound in four layers, will be sufficiently heavy 
to curtail the response in the mid band to possibly 1 kHz or lower, and 
may also undesirably affect the coil mass/cone resonance. In addition, 
multilayer coils are likely to have a higher inductance which may 
further restrict the response. 

Linearity and magnets (LF) 
At low frequencies, below 1 50 Hz, distortion is a function of loading 
and available excursion, both mechanical and magnetic. In the mid 
band other factors also assume importance, for example, eddy 
currents in the poles. Lamination of the pole faces or the use of a 
special material of high permeability and low electrical conductivity 
around the gap will control eddy effects and in a typical driver may 
reduce the distortion in the 200 Hz to 1 kHz band from 1 or 2% to 
below 0.25%. 

Magnet poles are often operated in saturation since this gives some 
control of magnet strength variations, but by definition, it is also 
wasteful of flux. Saturation also places a limit on the maximum flux 
density in the gap. The usual mild steel pole and top plate allows 
maximum values around 1 .4 T for a 25 mm pole and 1 .7 T for a 
50 mm pole. The incorporation of a higher saturation material for the 
pole faces such as Permendur or alternatively laminated permalloy, 
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will allow a gap flux increase. Using Permendur gap components, 
1 .9 T has been reported in a commercial HF unit having a 19 mm 
pole. 

Using a cobalt steel alloy with .a 6.25 x . l0 - 3 m top plate a gap flux
density of 2.5 T is possible. Gap flux values ate usually lower than the
saturation value for the pole <fue to 'the leakage prematurely
saturating the base of the pole. Undercut 'T'sections, the poles used to 
improve flux linearity, have the disadvantage of earlier saturation 
owing to the thinned section. As discussed in Section 3.8 other factors 
can control linearity, including eddy current control rings. 

Demagnetisation (LF) 
While the choice of magnet Jllaterial (Alnico, Alcomax, Magnadur, 
Ceramag, Feroba) is usually dictated by the cost for a given pole 
structure, one other point also deserves mention. If a permanent 
magnet is stressed, either mechanically or magnetically, it tends to 
loose some magnetic strength. While ceramic types are exceedingly 
difficult to demagnetise, the iron alloy based materials are less so. 
Drivers employing the latter type of magnet may be unsuited to high 
power applications where the peak coil flux is considerable. King cites 
the example of a driver fitted with a long four-layer coil, 37 mm in 
diameter, with an alnico cup magnet structure. Twenty-five watts of 
drive at 50 Hz resulted in 2 dB mid band efficiency drop. The worst 
demagnetisation effect occurred when driven in the frequency range 
of greatest excursion, i.e. fundamental resonance, particularly with 
long multilayer coils. A two-layer coil under the same conditions gave 
only a 0.5 dB loss5 . 

The dust or centre cap (LF) 
The dust cap may influence the performance of LF units, though its 
effects are usually more noticeable at mid frequencies: Functionally it 
prevents the ingress of dust to the magnet gap and may allow the 
differential air pressure at the pole to equalise that in front of the 
diaphragm. Conventional caps are made from porous treated fabric 
and contribute little to the acoustic output. However, a few 
diaphragms are fitted with rigid pulp/paper or even aluminium caps 
where a small ventilation hole may be present at the apex. The 
function of such a rigid cap is twofold. The dome structure may be an 
additional radiating element to extend the frequency range ; it may 
also serve as a stiffening structure helping to reduce cone breakup, 
particularly of those modes which tend to distort the motor coil from 
a circular to an elliptical shape. 

In one recent design of LF-MF driver using a formed thermo­
plastic diaphragm the usual moulding apexjcap, normally cut away 
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from the cone, is intentionally left intact. Shaped with a ledge it forms 
a rigid foundation for the attachment of the motor coil former. This 
construction seals the gap and also stiffens the cone apex. 

Mass control ring (LF) 
Occasionally reference is found to a mass control ring on a LF driver. 
This usually comprises a rigid metal ring attached to the diaphragm 
at the apex, which can be used to improve performance of certain 
drivers in the following way. Suppose an ideal cone for a given design 
of driver is too light for its required purpose, for example, a wide 
range, low resonance application, and mass needs to be added. 
Increasing the cone mass by simply substituting a thicker material 
will alter its acoustic properties. Instead, mass is added as a ring 
weight at the neck. Additionally, the ring may provide some stiffening 
and in one example, the ring mass is attached via a viscous adhesive 
and is used to control a dominant concentric mode resonance {see 
Fig. 5.2). 

Chassis (LF) 
With motor coil/magnet gap clearances of the order of 10 jl, and large 
LF driver magnets up to 10 kg in weight, a rigid and stable chassis is 
essential both for long term stability and to prevent mis-alignment 
due to transport shock. If properly deployed, both die-cast alloy and 
pressed steel are suitable materials for chassis construction. 

The designer must compromise between the maximum window 
area at the chassis rear and the quantity of material to provide the 
required structural strength. Too much material produces cavities 
behind the cone which may colour the output, too little will 
encourage chassis resonance. Long, thin walled chassis sections are 
obviously weak structures and may resonate. A number of units have 
suffered from such resonances, usually in the 200 to 500 Hz range, 
caused by the magnet wobbling on a weak frame, and best results 
have only been produced when the enclosure is fitted with bracing to 
reinforce the chassis of such a driver. 

The chassis may have a surprising effect on a driver. In one 
inexpensive system using an established 0.2 m pressed steel frame, 
some colouration and minor response irregularity was experienced in 
the 800 Hz to 2 kHz range. Flexing in the front fixing flange was 
detected and substitution of a new frame with a deeper rolled-over 
front flange was found to solve this problem. If the application can 
justify the expense, well designed cast frames provide the best solution 
and lowest colouration. 
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5.3 LF /MF UNITS 

The majority of smaller loudspeaker systems today are two way, and 
incorporate a combined bass/mid range driver plus a high frequency 
unit, with a crossover point at 2-4 kHz. The main driver must satisfy 
two possibly conflicting requirements, namely a clean, well dispersed 
and uniform mid band and a low distortion bass with adequate power 
capacity. Only in exceptional cases such as the 305 mm poly­
propylene driver mentioned earlier, can the larger LF units offer an 
adequate performance in the crucial mid band. In this instance there 
is still an inevitable sacrifice in terms of narrowed directivity near the 
crossover point (approximately 1 .7  kHz). 

The almost universal choice of chassis diameter for a wide range 
driver is 200 mm. Such a unit offers a unique combination of virtues, 
which accounts for its popularity in medium level domestic applica­
tions. If well designed, the bass power is sufficient for most domestic 
purposes, and an adequate bass output can be achieved in an 
acceptably small enclosure (20-40 litres). The frequency response and 
dispersion may be satisfactorily maintained up to a usefully high 
crossover point, generally 3 kHz. The sensitivity and power handling 
are both sufficient for quite demanding use without excessive 
expenditure on the magnet structure and with careful control of the 
important design factors, a genuinely high performance may be 
attained (see Fig. 8 .38). 

Diaphragms (LF/MF) 
The extension of the working range to meet an HF unit requires that 
the diaphragm be particularly well controlled and consistent, since it 
will almost certainly be operating in breakup at the higher working 
frequencies. To attain a satisfactory performance, consistent uniform 
cone materials are essential. 

Drivers for LF/MF duty range in size from 100 to 305 mm 
although the LF power handling is obviously much reduced with the 
smaller diaphragms. Mid range drivers are in fact often designed to 
fulfill two purposes ; to act either as a true mid range unit in the more 
elaborate system designs, or else a bass/mid unit in the simpler 
enclosures. Similarly, the larger, wide range units (200 mm and above) 
may often be employed in sophisticated systems for LF duty only, 
where their inherent low colouration characteristics are beneficial to 
the quality of the system as a whole. 

Suspension and surrounds (LF/MF) 
Little needs to be said about these two components except that the 
suspension is less influential in the mid range, while the surround and 
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its terminating efficiency become more critical as the cone enters the 
inevitable breakup modes. 

Motor coil (LF/MF) 
Whereas a long heavy coil may be a necessary requirement for an LF 
unit, a satisfactory extension of response to cover the mid range may 
dictate a compromise whereby the coil is reduced in mass and 
inductance and hence shortened. Where this is impossible to effect 
due to the need to maintain bass performance, the costly solution of a 
short, light coil immersed in a long magnet gap can be adopted. 

5.4 MID-FREQUENCY UNITS 

True mid-frequency units are characterised by a relatively high 
fundamental resonance, 100 to 500 Hz as opposed to the LF driver 
range of 15 to 60 Hz. The required excursion is small, and hence the 
motor coil and magnet may be optimised for maximum efficiency. 
Both dome and cone diaphragms are in common use, the former 
generally restricted to the upper frequency range (800 Hz to 6 kHz), 
while the latter may operate from 250 Hz to 5 kHz. The small 
diaphragms are generally less than 160 mm in diameter and typically 
range from 60 to 100 mm. Dome units smaller than 44 mm are more 
correctly classed as 'low treble' drivers. 

The mid range, typically 250 Hz to 5 kHz, is undoubtedly a most 
critical band. This is the region where the ear's sensitivity and 
analytical ability are most acute, and it additionally includes the 
greatest concentration of information in normal programme 
material. Many brave attempts to produce a high performance system 
have been unsuccessful because the designer has failed to adequately 
appreciate these facts. Critical listeners may tolerate moderate 
problems in the LF or HF bands but cannot forgive inaccuracies in 
the mid range, whether they be in the form of spectral imbalances, 
response irregularities, distortion or colouration. 

For this reason, MF units must be designed with care and used with 
considerable skill and judgment. It has been indicated in Section 6. 1 
on systems and crossovers that a reasonable response extension 
outside of the required bandpass is desirable to maintain smooth 
crossover transitions. Considering our ideal bandpass of 250 Hz to 
5 kHz, we should add an octave to either extreme, resulting in an 
overall mid-driver ideal bandpass of 125 Hz to 10 kHz. In the 
author's view, only a cone diaphragm is capable of approaching this 
performance. Where a high quality, moderately sized LF unit is to be 
used in conjunction with a mid range driver the lower crossover point 
may be lifted to the 600 Hz range or above, making possible the use of 
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Figure 5.8 Cavity effect and frequency response 

a dome unit. There remains, however, some reservation concerning 
the placement of a crossover point with its attendant polar and phase 
anomalies, since these occur almost in the centre of the mid range. 

Diaphragm (MF) 
As has been suggested, dome unit give their best results in the upper 
mid range and cone units in the lower range. Figure 5.8 shows the 
theoretical effect of a cone front cavity compared with a plane disc 
mid range diaphragm. 

Domes (MF) 
Their use is fashionable at present, due to an illogical belief that a 
dome radiates sound over a wider angle than a cone of the same 
diameter. In fact, the converse may be true, since in the degenerate 
condition a dome approximates to an annular radiator whereas the 
cone approaches a point source, i.e. that formed by the smaller apex 
area. 

The fact remains that dome units are popular among designers, and 
are also relatively easy to manufacture. A number of models employ 
press-formed fabric domes, impregnated with some suitable viscous 
damping material, usually synthetic rubber based. The combined 
suspension/surround is contiguous with the dome surface, with a 
small annular recess often provided for the direct attachment of the 
motor coil assembly. A felt plug is usually fitted just beneath the dome 
to absorb most of the rear radiated energy. They range in size from a 
nominal 37 to 85 mm diameter, with a variety of surround and profile 
shapes. Most, however, approximate to a shallow spherical section. 

Dome structural rigidity is poor and most of the so called 'soft' 
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domes are in fact in some form of breakup from an octave or so above 
the fundamental resonance which may range from 250 to 500 Hz. The 
large surface damping component gives these drivers an almost 
resistance controlled acoustic characteristic, but due to the unavoid­
able hysteresis effect of a rubber based damping compound, they may 
not sound as transparent as their smooth frequency characteristics 
would indicate. The better examples utilise a rather tougher 
diaphragm and damping material in an effort to maintain piston 
operation to higher frequencies. 

Dome mid-units often sound 'coloured' and two factors can be held 
responsible for this effect. The fundamental resonance is both 
relatively high and often inadequately damped as large dome units 
require large and costly magnet systems for optimum performance. 
Poor crossover design may result in a further weakening of the 
control of the main resonance, obtruding in the system sound as 
subjectively perceived colouration. 

Adequate absorption behind the dome is difficult and the reflection 
and resonance behind the dome is often audible. In more costly units 
the centre pole may be hollowed or ideally, tapered to reduce self­
resonance, leading to a larger damped rear chamber. 

A complete contrast is presented by the 'rigid' domes employing 
diaphragms of high strength-to-weight ratio, such as dense card, 
titanium, beryllium, certain plastics and more recently, boron-coated 
metal. With these diaphragms the structure is designed to be so light 
and rigid that breakup does not occur at all within the required 
bandpass. The most spectacular of these designs are undoubtedly 
those formed in beryllium which though difficult to manufacture, 
offer startling gains in rigidity versus mass5 . The Yamaha 88 mm 
beryllium dome unit is an outstanding example of the art, and 
provides virtually pure piston operation from 400 Hz to nearly 
12 kHz. This results in great clarity, though when the unit does enter 
breakup it does so rather more aggressively than soft domes, due to 
the intrinsically low damping of the diaphragm material. It should be 
noted that very high strength to weight ratios may result in off-axis 
response irregularities due to the coincidence effect caused by the high 
sound velocity in such a diaphragm compared with normal materials. 

Other promising constructions include fabric impregnated with 
cured phenolic resin, and mylar, the latter improved by lamination 
with another plastic such as p.v.c. , v;hich has a high internal loss. 
Hard pulp/paper domes are also employed. 

As has been explained in Section 3. 1 ,  on dome diaphragms, the 
profile and size is largely dependent on the chosen material. The more 
rigid domes (metal or strong plastic) are often quite shallow in profile, 
whereas the softer examples need to use a steeper, more conical shape 
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to maintain sufficient structural rigidity and hence extend the 
working frequency range. However, even with a 'soft' dome, if the 
profile is too steep, the breakup mode may be sufficiently severe to 
produce a response peak up to 4 dB high. 

Heavy well damped domes may have a surprisingly restricted . 
response, and one well known example which is widely employed in 
European designs possesses a gently falling characteristic above 
3 .5 kHz. Others, by fortuitous choice of profile and material, may 
be extended by a further two octaves to approximately 10 kHz. 

There is nevertheless one appealing characteristic possessed by 
good mid range dome units. Their subjective sound may be entirely 
free of the particular 'edgy' hardness exhibited to some degree by most 
cone units when operating in the mid range and, in this respect, domes 
bear comparison to the film-type transducers such as the electrostatic. 
This largely accounts for the determined efforts on the part of many 
manufacturers to incorporate such units into their system designs. 

Cones (MF) 
A coned driver, if of moderate size, may be designed to cover the entire 
LF /MF range to a high standard. Such a unit may also prove a good 
choice for mid range use only. A number of recent three way high 
performance systems have utilised mid range drivers which are also 
capable of bass reproduction in suitable enclosures. By definition, 
these units have a wide bandwidth, this being advantageous when 
selecting the optimum crossover point. Coned LF /MF drivers 
ranging in size from 100 to 200 mm have been used, with a separate 
sub-enclosure to isolate the driver from the back air pressure 
generated by the LF unit. Specialised mid-units tend to be on the 
small side (typically 80 mm piston radius) since this provides 
sufficient output down to 250 Hz or so and yet presents a small 
enough source for satisfactory dispersion at the high frequency end of 
the range. Models may be fitted with an integral enclosure or more 
simply, supplied with a sealed chassis back, the space behind the 
diaphragm fitted with suitable acoustic absorbent. A typical response 
curve can be uniform from 250 Hz to 6 kHz. 

The theory which concerns controlled smooth transitions from one 
vibrational mode to another is especially relevant in the case of mid 
range diaphragms, since they generally operate in piston mode in the 
lower range and in controlled breakup in the upper band, with the 
broad region dividing the two generally appearing between 1 and 
2 kHz. It is thus essential that the diaphragm be well terminated at its 
boundaries, and that the shape and choice of material be conductive 
to good transient behaviour, free of significant delayed resonance. 
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Shallow flared profiles have given quite good results especially in 
thermoplastic cones. 

A new material is being used by the British company of Bowers and 
Wilkins in the production of a mid range unit that incorporates many 
of the above design principles. The cone is a fairly rigid structure 
formed from an open weave nylon fibre (poly-amide) coated with the 
usual viscous-elastic PV A damping layer, which also serves to stiffen 
the structure. 

There is a final point worthy of consideration when choosing a cone 
material. In a practical driver there is often some maximum sound 
pressure level above which audible quality deterioration occurs; This 
effect cannot be ascribed to the magnet, suspension or crossover non­
linearity and is believed to result from a gross compression at the neck 
of the cone due to the applied force exceeding the elastic limit of the 
material. Operation in such regions means that the material fails to 
return to its original dimensions for some time (ranging from 
milliseconds to hours), and the resulting distortion, being of the 
hysteresis type, is particularly unpleasant. 

It appears that some plastics of apparently suitable acoustic 
properties for cone manufacture suffer from this effect mote than 
others, and it may well be an important consideration if high sound 
pressure levels are required. The new polypropylene cone material is 
particularly good in this respect. 

Suspensions (MF) 
The suspension is usually integral with the diaphragm in dome units, 
a doped, half-roll surround being formed at the perimeter. 

Rocking is one unwanted mode of vibration which may be 
troublesome with single suspension designs. Soft dome assemblies are 
noted for this defect which results in subharmonics and increased 
intermodulation distortion. The mass of the assembly plus the shape 
and physical constraints of the surround are critical factors here. One 
obvious solution is the adoption of a double suspension. However, 
even two moderately spaced suspensions take up considerable depth 
and necessitate a long motor-coil former, which may be disadvan­
tageous in a dome radiator. The resulting assembly is difficult to 
produce and is generally restricted to the more expensive designs such 
as the West German unit illustrated in Fig. 5.9. 

Another solution could be to employ ferrofluid in the magnet gap, 
providing a strong centring contribution and helping to suppress the 
rocking mode. 

In the case of cone diaphragms, the suspensions are usually 
manufactured from conventional corrugated fabric, but due regard 
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must be paid to the possibility of any self-resonance which may be 
audible in the mid range. 

Surround (MF) 
The choice of a surround material presents a considerable problem 
for a designer of a unit covering mid and higher frequencies. The 
commonly used materials - neoprene, p.v.c., etc. - have mechanical 
properties which vary greatly with frequency. Ideally, the energy 
absorption property should be resistive and constant, but invariably 
the elastic rubber-type materials are hysteretic, and show a memory 
effect, i.e. a time lag exists between deformation and subsequent 
recovery. Consequently, with increasing frequency, these materials 
stiffen and become less absorptive. To date a lightly impregnated 
grade of foam plastic has proved most successful at the higher 
frequencies. 

Since little excursion is required of a mid range unit the surround 
profile may be a simple flat strip, no half-roll or other device being 
strictly necessary. 

Motor systems (MF) 
The magnet structures of cone and dome mid-units present a great 
contrast in terms of their size ; whereas a scaled down assembly of 
typically 19  mm diameter is sufficient for the former, the dome 
requires a massive structure energising a 50 mm or even larger pole. 

Ideally the magnet diameter for a mid range cone should be small, 
so that the minimum reflecting surface is present immediately behind 
the cone. This suggests the use of an alnico or columnar magnet rather 
than the ceramic 'pancake' type. Too many mid-units have 
inadequate acoustic clearance behind the diaphragm, and the 
resulting colourations are clearly audible. 

In an effort to lower the fundamental resonance of dome designs, 
the pole is often centre bored ; ideally this assumes a tapered form to 
reduce pipe standing waves, with the aperture often leading to a 
sealed rear chamber filled with absorptive material. 

The use offerrofluid may prove advantageous where the short term 
power input is high and the cone excursion small. Large increases in 
power handling are possible with its use, up to two or three times in 
the short term (for example, 1 . 5  minutes). 

Where very low distortion levels are required, secondary harmonic 
sources such as eddy currents in the poles must be eliminated. 
Suitable remedies include copper plating, lamination of the pole 
structures or the use of a high resistivity magnetic alloy for the poles 
themselves. Again the use of ferrofluid may offer some reduction in 
distortion. 
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The necessity for predictable and controlled break up modes in mid 
range diaphragm assemblies means that the location and method of 
attaching the lead out wires to the motor coil must be carefully 
considered. Ideally the exits should be symmetrical, preferably at the 
motor coil former rather than haphazardly stuck to the cone as is 
frequently the case. The latter method promotes asymmetrical 
breakup and high rocking modes, especially at the higher frequencies . .  

5.5 HIGH-FREQUENCY UNITS 

The general classification for HF units embraces a 1 to 30 kHz range, 
overlapping by an octave or so the upper mid band. The total range 
covers five octaves, which is virtually impossible for a single unit to 
achieve satisfactorily, and hence the classification is loosely split into 
low range (1-10 kHz), full range (3-18 kHz) and high range or super 
treble (8-30 kHz). 

Conventional cone diaphragms are rarely used for this frequency 
band in high performance systems as this range operates a cone in the 
higher breakup region where the output is falling and is generally 
both irregular and unpredictable. 

Dome diaphragms (HF) 
Domes are undoubtedly the most common form of HF diaphragm 
and are available in a wide variety of shape, size and material. 
Additionally, the chassis and front plate structure may be acoustically 
tailored to provide equalisation of both polar and/or axial response 
characteristics. 

The 25 mm soft fabric dome first became popular in Europe and its 
use has since spread throughout the world, with more than thirty 
types now available from various manufacturers (Fig. 5 . 10). (Soft 
dome HF units are also produced in the 34 and 19  mm sizes.) 

Plastics are also used for the production of dome units, notably 
melinex, often in a laminated form bonded to a p.v.c. damping layer. 
Nineteen, twenty-five and thirty-eight millimetre sizes are all avail­
able with fundamental resonant frequencies ranging from 600 Hz to 
2 kHz, and upper cutoff frequencies from 25 down to 1 5 kHz. 

Yamaha have produced a beryllium HF unit of 30 mm nominal 
diameter, whose first breakup mode is beyond 30 kHz, ensuring 
virtual piston operation over the entire 2 to 18 kHz usable band. The 
diaphragm thickness is 30 f.1 with a mass of 30 mg which compares 
with a soft dome counterpart at 100 mg and similar thickness. The 
rigidity of beryllium is too high to employ an integral suspension and 
instead a separate, tangentially pleated cloth surround is used, with a 
damping coating composed of two resins to dissipate energy at the 
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Figure 5.10 25 mm 'soft-dome' HF unit (courtesy Son Audax) 

rim. In this latter design the surround unfortunately forms a 
significant part of the radiating area, disturbing the upper band 
output (see Fig. 5. 1 1 , surround moving in antiphase at 20 kHz). In the 
case of a more recent 37 mm metal dome driver (Celestion) care was 
taken to minimise the surround contribution. In this unit the 
diaphragm was electroformed in pure copper and the structure 
continued from the same section to provide an integral motor coil 
former. This one piece construction has the advantage of allowing the 
whole dome to act as a heat dissipator, a short term rating of 50 W has 
been quoted. At present the unit exhibits a rather low sensitivity, of 
typically 82 dB/W. Even with a material so unfavourable as copper 
(chosen mainly for its good electroforming properties) the final 

Figure 5.11 25 mm ultra hard dome treble unit ;f = 20 kHz, surround in contiphase (after 
Bank and Hathaway) 
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breakup mode is  held to just above 20 kHz. The Q is  rather high, 
between 20 and 40 and in a commercial system a notch filter was fitted 
to the crossover network. 

From the materials (Table 5.2), it is worth noting that amongst the 
more common metals of good conductivity aluminium should be a 
better contender than copper, and a one piece diaphragm could 
readily be produced by precision deep drawing. Hard anodising could 
provide a final improvement, a good finish and an electrically 
insulating layer. 

While a fabric dome often possesses a quite well damped funda­
mental resonance due to the applied tacky compound, the plastic 
domes may show quite a high Q, as much as lO at resonance. Various 
means may be usedto control the Qranging from applied damping to 
acoustic anti-resonant circuits formed by venting the rear cavity 
behind the dome into various resistively damped chambers present in 
the magnet structure. 

In the upper range above 8 kHz or so, the plastic domes may suffer 
from breakup problems, either due to lack of rigidity or resonances in 
the surround. One example possesses a surround resonance near 
10 kHz, which causes a marked rise in second harmonic distortion. 
This may be cured by appropriate damping on the inside of the 
suspension. Where the dome itself is in resonance a doping layer can 
be applied to the centre or alternatively a small plug of polyurethane 
foam placed in contact with the offending area. Other techniques 
include the juxtaposition of a so-called phase correction plate which 
may block, direct or delay the output. This works over limited 
frequency bands, controlling the radiation from specific areas of the 
dome to smooth the integrated far-field response. 

An unusual and highly successful example of a hard dome HF unit 
is undoubtedly the HF1 300 family, manufactured by Celestion (UK) 
(Fig. 5. 1 2). Variations of this design have been in production since the 
mid 1950s, and are still used in a number of systems. Almost all of the 
details of its construction have proved to be critical, these range from 
the particular grade of cured phenolic impregnated fabric used for the 
diaphragm, to the spacing of the phase correction plate. The centre 
dome is conical, about 19  mm in diameter, and has a shallow, rather 
broad surround actually larger in area than the dome itself. The unit 
as a whole has an overall diameter of 38 mm. The surround is in fact 
the main radiating element ; piston operation holds to beyond 1 5  kHz 
and the diaphragm is particularly free of hysteresis effects. This, in 
conjunction with its relatively uniform axial frequency response, 
accounts for its unusually favourable subjective qualities. 

The diaphragm's intrinsic pressure characteristic shows a peak at 
fundamental resonance ( 1 .7 kHz) which is damped by resistively 
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Figure 5.12 Rigid phenolic doped fabric dome HF unit, with sophisticated acoustic 
loading (front cavity resonator, rear energy-coupled resonator, diaphragm damping) 

controlled air vents to the cavity within the enclosed pot magnet. The 
centre pole has a conical profile to closely follow the contour of the 
underside of the dome, this placing the first rear standing wave mode 
at a very high frequency. The output of the naked diaphragm falls 
above 7 kHz or so, and to correct this a perforated front plate is fitted, 
formed so as to follow a similar contour to that ofthe diaphragm. This 
results in a damped resonant cavity loading the diaphragm, and also 
provides a delay path between the dome and surround radiation. The 
output is thus uniformly maintained on axis to 14 kHz. Good 
examples may demonstrate a ± 2 dB characteristic from 2 to 14 kHz, · 
with the range 4 to 12 kHz held within ± 1 dB limits. Even today and 
despite problems concerning sample variability it is a good choice of 
unit where high subjective transparency is the criterion. 

A super treble unit is usually employed with the HF1 300 to extend 
the response over the final half octave, although its use is not strictly 
necessary in view of the falling programme content above 1 5 kHz 
from disc and broadcast transmissions. 

Motor systems (HF) 
With suitable coil winding techniques, the larger treble units with 
30 mm centre poles and over will have power ratings of 8-1 5 W 
corresponding to a system rating of the order of 100 W on continuous 
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programme. The smaller 19  mm motor coils may have ratings below 
8 W, and these are often provided with fuse protection in the 
accompanying speaker system to guard against high level, high 
frequency drive which may occur during tape spooling or amplifier 
instability. 

As has been mentioned in connection with the other drivers, the 
application of ferrofluid to the magnet gap will offer considerable 
protection against thermal overload and a viscosity grade may be 
chosen which will also provide damping of the fundamental 
resonance and control of rocking, the latter proving a problem with 
HF as well as MF dome units. At the design stage the significant 
variation in ferrofluid viscosity with gap temperature, often up to 
40°C, must not be considered if such damping forms part of a 
crossover analysis. 

When high acoustic levels are required of dome mid and LF units 
their relatively low efficiency necessitates very large magnets and 
these can prove costly as a result. Where a moderate quality 
deterioration is tolerable, horn loaded treble or mid domes are 
employed. The horn offers control of directivity and gives a better 
acoustic match between the air load and the diaphragm. Using 
phenolic or aluminium domes with horn loading, efficiencies of up to 
20% are possible, contrasting with the 1 to 2% typical of simple direct 
radiator dome units. 

5.6 FULL-RANGE UNITS 

A few examples of full-range moving-coil drivers are in manufacture, 
and although at present they do not completely satisfy the 'high 
performance' criteria, certain of the techniques involved are worthy of 
note. 

Full-range cone driver 
Jordan designed an interesting example of an aluminium cone unit 
which was first produced in the mid 1960s. The diaphragm possesses a 
hyperbolic flare with a centre dome stiffener and a matched, viscous 
treated plastic foam surround. The cone diameter is 100 mm which 
was considered to be an optimum compromise between LF radiating 
area (the unit was intended for use in domestic applications) and 
adequate dispersion at the higher frequencies. It certainly achieved 
most of the designer's aims and although not produced in very large 
quantities was undoubtedly a commercial success. It demonstrated at 
a fairly early stage the value of a flared cone profile and good 
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termination, plus the effectiveness of a high linearity magnet system 
and non-resonant chassis. 

In West Germany (JWM Systems) development is currently 
proceeding on the design of another full range driver. This employs a 
flexible diaphragm engineered so that the mechanical load presented 
to the motor coil is almost wholly resistive and independent of 
frequency. The moving structure consists of a pre-loaded flat web of 
synthetic fibre (polyamide/nylon group) impregnated with an air 
drying visco-elastic coating, probably of the PV A type. 

A split motor coil, using differential drive, is employed with the 
injection of an offset current to allow centring of the coil in the magnet 
gap. A star-shaped plastic foam section acts as a supporting and 
stiffening component. With a fundamental resonance partly depen­
dent on the drive amplitude (20-40 Hz), the unit is nominally flat to 
6 kHz, above which a 6 dB/octave boost equalisation is required. 
The maximum displacement was quoted at 3 mm and the sensitivity 
as 3.2 W for 96 dB s.p.l. at 1 m. At low frequencies the full diaphragm 
area moves, but with increasing frequency the radiating area 
contracts smoothly with resistive control toward the centre, resulting 
in the small source required for good high-range performance6• 

The multiple-driver Bose 900 series loudspeakers use a number of 
small full range 'modular' drive units. Here a special electronic 
equaliser is employed before the power amplifier to provide a uniform 
frequency characteristic. 
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Systems and crossovers 

Previous chapters have shown that a single diaphragm driver cannot 
fully meet the standard implied by the phrase 'high performance'. 
Unfortunately, the need for a large area to give effective low frequency 
reproduction conflicts with the very small diaphragm necessary for 
satisfactory HF performance. In consequence, the high performance 
loudspeaker is invariably a 'system' which in its simplest form consists 
of an enclosure of defined acoustic properties plus two or more 
specialised drivers and an electrical filter. The latter directs the correct 
frequency range into the appropriate drivers and is termed the 
crossover network (Fig. 6 . 1 ). In advanced systems it may also be 
responsible for other functions such as attenuation and equalisation. 

Certain benefits result from this division of the working frequency 
range. All modulation distortions are considerably reduced, par­
ticularly FM*, the latter produced by the physical movement of a low 
frequency diaphragm whilst simultaneously reproducing a higher 
frequency. Some residual FM will remain in . all systems except for 
those special cases where bass horns or considerably spaced drivers 
are employed, as the low frequency unit will still occupy a proportion 
of the enclosure surface. Some energy from the higher frequency units 
will be incident on the LF diaphragm and will undergo modulating 
excursion as a result or, viewed differently, a proportion of the 
acoustic load on the higher frequency drivers will be modulated by 
the LF diaphragm movement. However, it must be said that 
crossovers do introduce additional loss and distortion and often 
result in a more difficult amplifier load. 

With appropriate choice of matching drivers, and their working 
frequency range, acceptably close control of directivity may also be 
achieved. The accompanying uniformity of off-axis response 
improves stereo imaging and contributes to a neutral reverberant 
sound field in the listening room. The presence of discontinuities in an 
off-axis response may often be heard in a resulting colouration of the 
reverberant sound field. 

Skilful crossover design will result in good integration between the 

• Frequency modulation or Doppler distortion.
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Figure 6.1 Two-way crossover filter response (second order 12 dB/octave). (High 
frequency power fed to HF unit, low frequency power fed to LF unit.) 

outputs of adjacent drivers to ensure a uniform frontal output 
through the crossover frequencies. The optimum listening axis may 
be adjusted to that pertaining under actual conditions of use, as this 
may differ from the standard axial test positions (Fig. 6.2). Some 
speakers have been designed with the driver baffie tilted back with 
respect to the listener ;  the tilt is adjusted in conjunction with the 
crossover alignment to compensate for driver delay. 

With a loudspeaker designed for stereo use, the directivity in the 
vertical plane can be fairly narrow, as the relative heights of speaker 
and subject fall within reasonable limits. A suggested standard for 
vertical dispersion might be 'the deviation from the axial response 
shall be less than 3 dB over a ± 1 5° vertical angle, up to 12 kHz'. 

In the horizontal plane, a dispersion angle of twice this figure is 
desirable. While some designers aim for maximum dispersion at all 
frequencies, there is no real evidence that the stereo image quality 
improves as a result. Harwood suggests on the evidence of BBC tests 
that there may be an optimum dispersion for stereo. A very small, 
wide dispersion BBC speaker gave poorer imaging results than a 
much larger model which was consistently closer to a ± 30° 
dispersion standard 1 • With wide dispersion designs the reverberant 
sound intensity will be higher relative to the direct sound than with 
narrower types, and perhaps this may partially account for the 
degraded imaging. 
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Figure 6.2 (a) Optimum radiation axes. (Crossover phase control produces listener 
directed axis at angle 9 to normal axis.) (b) Combined in-phase wave front W directed off­
axis by mounting method. Advancement of LF driver .radiation centre to plane of H F 
driver will allow correction of inter-unit time delay/phase shift on axis 

With psycho-acoustic research confirming the importance of the 
'early' direct sounds in the location of acoustic sources, within a 
1 0--20 ms transient period, local reflective boundaries if near enough 
to the source can become acoustically audible as part of the source. In 
the case of a loudspeaker placed in its room environment, the strength 
of local secondary reflections in the mid-treble range will obviously 
depend on system directivity. A controlled forward directivity helps 
to improve the ratio of focused direct sound to reflected sound and 
thus sharpens the stereo image. 

Within the desired solid angle of forward radiation, good uni­
formity is desirable to minimise differential phase and amplitude 
variations which occur with respect to a listener when listening to a 
stereo pair of speakers. Small differences in relative angle, head height 
or attitude should not result in noticeable phase and amplitude 
differences. Such defects confuse and defocus the sensation of stereo 
image precision and 'sharpness'. 

The need for a uniform, symmetrical directivity in the horizontal 
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Figure 6.2 (c) A three-way system with time aligned drivers, 24 dB/octave, crossover 
(acoustic) and low diffraction enclosure forms (courtesy KEF Electronics) 

plane dictates that the main drivers be mounted in a vertical-in-line 
formation. There is no doubt that this particular configuration is 
important to stereo image stability and, if further evidence were 
needed, data collected during a recent consumer test of thirty pairs of 
loudspeakers provided strong indications that vertical inline systems 
(Fig. 6.3) gave superior stereo results2 . (See also section on 'Phase' in 
Chapter 8.) 
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Figure 6.3 A four-way vertical in-line system (18 dB/octave electrical crossover with 
controlled listening axis) (BC3, courtesy of Spendor Ltd.) (300 mm bass, 200 mm mid, 
38 mm and 19 mm treble drivers) 

6.1 SYSTEM DESIGN 

There are no hard and fast rules for the design of a successful system. 
Two distinct classes exist ; systems designed in every detail by a 
loudspeaker manufacturer who makes his own drive units and 
systems assembled from o.e.m. (original equipment manufacturer) 
drivers from outside sources. In the case of the former, the engineer 
has complete control of the design process and can produce a system 
more or less precisely to meet a given standard of performance. From 
the desired specification he may establish the optimum driver and 
enclosure characteristics, design the units to meet these requirements 
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and thus complete the system with the addition of a matching 
enclosure and crossover. 

More often than not, even the manufacturer who makes his own 
drivers will not have the resources to design individual units for each 
system. For economic reasons he is forced to rationalise and is likely 
to produce a fairly well ordered range of drivers each capable (with 
possibly some small detail variation) of meeting the needs of several 
systems. 

The perfect driver has yet to be developed, and each presents its 
own unique engineering and performance compromise. While the 
independent designer has a vast number of permutations and 
combinations to choose from, he has little control over driver 
uniformity and the very existence of such a wide selection brings with 
it its own special problems. 

A high performance system is by definition a consistent product, 
and it is therefore vital that the driver characteristics remain constant 
during production. The possibility of any significant variation must 
be investigated at the design stage, a 'centre' specification should be 
established with allowable deviation limits, and provision made to 
correct the inevitable remaining tolerances, for example, in .the system 
crossover. The variations themselves may concern any aspect of 
performance but once a unit is chosen and its manufacture kept under 
close control, the criteria of frequency response and sensitivity alone 
are usually sufficient to completely quantify the unit for production. 
With critical systems it may prove necessary to carry out the response 
test with the crossover in circuit to account for interaction between 
the two. 

Factors affecting the choice of drive units 
Many system engineers rely on intuition when selecting a driver line 
up. Familiarity with a large number of units is a prerequisite, and the 
choice is generally made on the basis of the limitations of performance 
discussed in Chapter 5, but occasionally there are exceptions. 

For example, the better class of 200 mm plastic cone driver 
currently manufactured in the UK can produce a good performance 
that extends to 5 kHz, well beyond that which is attainable using 
normal paper-pulp cones. This allows the crossover point to be 
placed between 3-4 kHz, high enough to consider transfer to a small 
25 or 19 mm high frequency dome unit for the upper range. Some 
excellent systems of necessarily limited maximum acoustic output 
have been produced along these lines from KEF Electronics (Rl03, 
R104, etc.), Spendor Audio Systems (BCl ,  SPl) and Rogers (LS7, 
Studio One). 
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Cone theory indicates that such a 200 mm driver will be operating 
in breakup above 600 Hz or so and this is indeed often the case. 
However, the particularly consistent properties of the synthetic cone 
material employed allow the designer to adequately control the 
breakup modes such that the range may be smoothly extended by a 
further three octaves. A normal paper-pulp cone cannot usually 
achieve this level of performance and in consequence the crossover 
point for a high performance application would need to be placed at 
around 1 kHz. This would entail the use of an additional mid range 
driver to meet the bass unit at 1 kHz, and a further HF unit would 
probably be required to complete the frequency range. 

Pulp cone designers are meeting the challenge of synthetic 
materials and are producing new generations of better controlled, 
better sounding paper cones of usefully higher sensitivity than 
Bextrene. Anumber of these pulp cone bass, mid range units are now 
well behaved to 4 kHz or so. 

High performance systems . 
The need for adequate acoustic output from a true high performance · 

system virtually dictates that the minimum size of bass unit should be 
250 or 300 mm in diameter (the 200 mm based systems are generally 
insufficiently loud - for professional monitoring). 

Low frequency drivers
The choice of LF driver . will depend on the level of colouration 
tolerable, together with considerations of bandwidth (LF excursion), 
efficiency, power handling and enclosure size. 

· 

Depending on the volume of the enclosure, the LF unit may be 
loaded in several ways, the electro-acoustic properties of the indi­
vidual driver being an important factor in this context. In domestic 
locations compact systems are strongly favoured for aesthetic reasons 
and, in general, no loudspeaker system should be larger than is strictly 
necessary. 

Few LF drivers will function adequately beyond 1 kHz and the 
maximum safe crossover frequency is generally 500 to 700 Hz for the 
better 250 mm units and 350 to 500 Hz for the 300 mm sizes. With 
these larger drivers a further reduction to 250 Hz will help to reduce 
subjective colouration particularly as regards voice reproduction. 
Mid frequency drivers 
Taking 350 Hz as the . basic lower limit, it is desirable that the mid 
range unit gives an adequate performance from at least two octaves 
below, that is, 100 Hz. It almost goes without saying that its range 
should possess a reasonably uniform pressure response free of 



SYSTEMS AND CROSSOVERS 163 

significant resonances or colourations. Such a driver is usually a cone 
unit 80 to 200 mm in diameter, often capable of bass/mid range 
coverage in its own right. 

The better examples of mid frequency driver will have a clean 
output up to 5 or 6 kHz allowing the transition to an HF unit to occur 
at 3 kHz (ideally the upper range of the mid-unit should extend 
further but this is rarely achieved). 

To date, the dome mid range units that have been produced range 
in diameter from 35 to 85 mm and considerable problems have been 
experienced in the attempt to provide a sufficiently wide response. To 
cover the basic 350 Hz to 5 kHz mid band, an overall 1 00 Hz to 
1 5 kHz response is desirable, amounting to seven octaves. The best 
examples so far cope reasonably well from 350 Hz to 5 kHz, but 
necessitate crossover points around 600 Hz and 4 kHz with accom­
panying high slopes of perhaps third order, 1 8  dB/octave rolloff. A 
worthwhile target is 90 dB/W for sensitivity but this is rarely 
achieved. One 75 mm dome has attained this level but at huge magnet 
expense and cone units are generally far more economical. 

High frequency drivers 
Sensitivity will be an important factor m the selection of a HF driver 
since few high quality designs are efficient. Some recent examples of 
25 mm dome units have managed to combine qualities of smoothness, 
high linearity and adequate sensitivity and these are now widely 
employed since at this quality level, cone units are virtually ruled out. 
If higher levels of acoustic output are required, this may only be 
obtained via horn loading. 

With a crossover point probably in the range 3 to 6 kHz, the HF 
unit should ideally have a response extension below 1 kHz for 
optimum crossover performance. Most 25 mm dome units fulfill this 
condition, although the magnitude of the Q at fundamental resonance 
must be taken into consideration. The broad overlap of driver 
· response is best shown in terms of a system (Fig. 6.4) illustrating the
responses of an ideal 'three-way' set of drivers. 

Sensitivity matching 
Ideally, the in-band working sensitivities of the drivers making up a 
system should be equal when measured on the system axis after the 
equalisation, compensation and crossover loss has been included. 
The latter effect can be difficult to predict and it is best to establish 
initially the low frequency sensitivity. The mid and treble drivers 
should be selected so that sufficient sensitivity remains in hand. Since 
even high quality drivers can vary in sensitivity by up to ± 1 .5 dB in 
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production, often some selection or final balance adjustment may be 
required for the completed system. Moderate resistive attenuation 
does not unduly affect the mid and high frequency driver and 
crossover performance, but is likely to significantly disturb an LF unit 
especially near the bass resonance, and sensitivity control must be 
ruled out for the bass unless an auto transformer is employed. It is 
therefore usual to direct couple the LF unit via the crossover, and to 
reserve any attenuation for the other drivers. 

If the crossover is an active electronic design, separate power 
amplifiers feed each driver and sensitivity matching is easily accom­
plished via gain control. Nevertheless, the sensitivities and power 
handling must still be chosen with due regard to the maximum 
acoustic output of the system as a whole and the power spectrum of 
the programme to be used. 

6.2 THE CROSSOVER NETWORK 

Clasically, a crossover network consists of a passive, high-power filter 
circuit' designed using standard filter theory, commonly to a Butter­
worth response characteristic which provides maximum response 
flatness with a well defined rolloff. 

The simplest form of crossover is a two-way network of first order 
which consists of a single inductor to direct bass power to the low 
frequency unit and a single capacitor, which passes treble power to 
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Figure 6.5 First-order circuit and equations, L =  R/(2n:fc), C =  l/(2n:(R);  e.g. R = 8  Q, 
fc = 3  kHz, L = 0.42 mH and C = 6.6 J.LF (6 dB/octave rol/off) 

the high frequency unit. Such networks are inexpensive and are often 
found in low-priced systems (Figs. 6.5 and 6.6). 

However, this form is quite inadequate for high performance 
applications, except in those exceptional cases where extremely wide 

� range drivers of defined spacing (including a common radiation 
plane) and dispersion are employed. In the latter case, it provides the 
most accurate method of achieving minimum phase shift between the 
drivers and hence allows the 'minimum phase' or, less accurately, 
'linear phase' class of speakers to be designed. However, such systems, 
usually with displaced drivers, inevitably suffer from poor vertical 
response due to the broad driver overlap and the resulting inter­
ference patterns. 
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Classical crossover theory tries to follow power matched filters of 
maximum transfer efficiency, the complex variants concerning m 
derived networks where the concept of iterative impedance is 
employed. Here the termination impedance is supposed to be 
reflected via the filter to the input terminals. In practice simple 
crossover filters used in their normal cutoff modes cannot reflect such 
impedances and modem practical networks are based on constant 
resistance theory, i.e. for the complete network the input resistance 
presented to the amplifier is more or less constant. Constant 
resistance networks are less critical of some impedance variations and 
are well suited to modem low output resistance amplifiers. 

With single order networks proving inadequate due to excessive 
overlap between driver outputs and consequent polar irregularities in 
the vertical plane higher order networks are widely used. Second­
order 12 dB/octave circuits are an effective compromise on cost 
grounds. With this network the driver outputs are out of phase by 
1 80°. Assuming the units to be in the same time plane, an integrated 
output will only be obtained with the one driver, usually the HF unit, 
phase inverted (wire driver ' + ' to ' - '  terminal on crossover, i.e. 
reversing the connections). The rest of its frequency range then 
remains phase inverted, a possible cause of contention concerning 
system phase linearity. In addition to its simplicity, the second-order 
network has a parallel inductor across the HF unit, helping in 
damping its fundamental resonance at frequencies below the 
crossover point. 

Figure 6.7 illustrates the second-order configuration with the 
following classical equations : 

R R 
L1 = L2 = -- (L2 = 2L1 )J2 2nf J2 nf 

c -
1 

1 -
fi nfR 

If designed to the modem constant resistance standard 

Due to the vagaries of driver acoustic output and the time delays 
between drivers due to geometry and mounting, strict rules 
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R 

Figure 6.7 Second-order crossover circuit 

concerning crossover order and systems cannot always be applied. 
The crossover design rules must be interpreted with the aim of 
producing a smooth, well integrated acoustic output from the drivers 
concerned. 

One successful system using a low-order filter employs a 
transitional first-order low-pass with a second-order high-pass. In 
theory the phase shift at crossover should be between 90 and 1 80° but 
at the crossover frequency chosen the drivers show good integration 
with the HF unit connected phase reversed, taking account ofthe final 
acoustic delays involved (25 mm dome, 200 mm cone LF-MF). 

Higher-order networks are also commonly used, with third order 
providing a 90° shift between drivers and steeper slopes, improving 
driver output isolation. However, the series capacitor in the HF 
circuit can cause difficulties at the driver resonance. 

· 

For the third-order network in Fig. 6.8 

3R L1 = - = 3L2 = 2L34nf 
2 2 cl = --= tc3 = 2C2 3nfR 

A practical circuit is shown in Fig. 6.9. 
Fourth order is probably as high as is economically practicable or 

necessary and has several virtues. The helpful shunt inductor 
reappears across the HF driver and the rolloff slopes are so steep at 
24 dB/octave that out-of-band driver problems are well attenuated. 
While fourth order reverts to an in-phase connection of drivers, in 
theory a 6 dB notch is present at the crossover point. In practice this is 
so narrow that any dip in the measured axial response of a system is 
hard to find and may thus be ignored. 

Due to its in-phase symmetry fourth order with delay spaced 
drivers allows a well defined, minimum phase system to be designed. 
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L ,  

R 

c, 

Figure 6.8 Third-order crossover circuit 

Figure 6.9 Theoretica/ 8 Q, 3 kHz, third-order crossover circuit (based on Fig. 6.8) 

As proposed by Linkwitz, a cascaded fourth-order Butterworth 
design will provide the best axial polar symmetry. Interestingly this 
network assumes the properties of an even order all-pass network (see 
Fig. 6. 10). 

Energy plots of the in-phase (Fig. 6. 1 1 ) fourth-order system show a 
desirably broad control obtained with symmetric minor side lobes. 

H. F. 

Figure 6.10 24 dB/octave, 4th order passive crossover; 8Q, 3 kHz, scale to any frequency 
(cascaded Butterworth - after Linkwitz) 
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(a ) 

(b)  

(c) 

Figure 6.11  Three-dimensional energy plots in the frequency domain (after Banks and 
Hathaway) :  2nd-order filter ,from below (a) in phase, (b) antiphase; Jrd order filter ,from 
below (c) in phase, 
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(d) 

(e) 

(f ) 

Figure 6.11  (contd ) (d ) antiphase: 4th-order filter, from below (e) in phase (f) 
antiphase 
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By comparison the second-order type has broader side lobes and a 
narrower central focus. The plot of third order with anti phase driver 
connection shows an asymmetry predicted by Linkwitz with an 
upwards directed main lobe. This may be exploited both to shift the 
desired listening axis or conversely it may be used to balance the 
differential delays resulting from the greater depth of a bass driver. 

Both theory and energy plots assume that the drivers are perfectly 
flat in response, have no differential time delay and present resistive 
(8 Q) loads. Real systems do not conform to this and the designer 
needs to make many allowances and compromises. His goal is an 
acoustic target function whereby the final crossover generates the 
required crossover points and slopes in the acoustic output of the 
required drivers on the required axis. 

Mis-termination 
In practice, crossover networks may be further complicated by 
matching problems. The constant crossover input resistance offered 
by Butterworth crossover theory assumes the input of the impedance 
drivers to have a constant resistance also, nominally 8 Q for the 
network illustrated in Fig. 6.9. 

Region C of Fig. 2. 1 8  shows that at only one part of the frequency 
range is the terminal impedance of a moving coil driver a fairly 
constant resistance. Figure 6. 12  shows that at lower . frequencies a 
more or less well damped fundamental resonance occurs with the 
motional impedance passing thr<�ugh the inductive, resistive and 
capacitive regions3• At higher frequencies the inductance of the motor 
coil becomes significant producing a rise in impedance. When such a 
complex load is connected to a standard filter, mis-termination 
occurs, with resulting irregularities in both the amplitude and phase 
response of the filter. 

An active crossover is essentially immune to these problems, since 
perfect filter network termination is provided in the circuitry, with 
power amplifiers voltage-driving the motor coil in an ideal fashion. 
The advantages of this approach are discussed more fully in Section 
6.3 on active crossovers. 

Figure 6.9 is a theoretical realisation of a two-way 8 Q network 
operating nominally at 3.0 kHz. The network from a successful 
commercial system is reproduced in Fig. 6. 13 .  As it is difficult to see 
any resemblance between these two, how then may crossovers be 
designed if the basic theory appears to have so little relevance? The 
answer lies in an extension of the filter network theory to include the 
other relevant factors present in the total system. This involves 
viewing the crossover response in terms of the combined acoustic 
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Figure 6.12 Moving coil driver input impedance 

output of the drivers instead of theoretical voltages on the driver 
terminals. By moving outside and in front of the enclosure it becomes 
obvious that the crossover requirement is for the overall response to 
be in terms of the acoustic output of the drivers. Hence the driver 
parameters - motor coil inductance and resistance, frequency and 
phase response and the motional impedance near resonance - must 
be accounted for in the network theory while ensuring that the system 
as a whole still offers a sensible load for the matching amplifier. The 
characteristic loading generated in Fig. 6. 1 3  is shown in the system 
impedance curve (Fig. 6 . 14), and is clearly not a constant 8 Q. 

The lack of correspondence between the measured acoustic output 
and the calculated crossover filter response is shown in Fig. 6. 1 5. The 
first-generation network of Fig. 6. 1 3  was further developed to 
incorporate compensation for both the motional impedance 
variation due to the fundamental resonance, and the intrinsic motor 
and coil characteristic of the HF unit. The equivalent circuit for these 
components was included in a computer program together with 
information concerning its amplitude response and a new network 
was synthesised which was designed to give the intended 1 8  dB/ 
octave Butterworth response in the driver's acoustic output. The 
success of the new network is shown in the close agreement between 
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Z ;n 
( Not constan t )  

Figure 6.13 Successful commercial 3 kHz, third-order crossover (KEF R104 system) 

the measured and calculated responses shown in Fig. 6. 1 6. Figure 6. 1 7  
illustrates the theoretical form of this new compensated high-pass 
network with Fig. 6. 1 8  illustrating a practical realisation, and Fig. 
6. 1 9  carrying the numerical values used in commercial system.

Figure 6. 1 8  was derived by applying the Star-Delta transform to
Fig. 6. 1 7. 1t is sufficient to view the circuit as a lumped approximation 
and it can be readily seen that the controlled Q of the shunt indicator 
provides a first slope of 6 dB/octave, summing with the driver's 
natural 12 dB/octave slope. 

The second capacitor C4 is equivalent to the moving mass of the
diaphragm and is part of the complete synthesis. C4 causes the
derivative of the current waveform in the driver to follow the 
Butterworth curve, resulting in constant motor coil acceleration. 
Interestingly the values of the basic 'T' section network are quite close 
to those established theoretically for a perfect driver. 

Driver impedance compensation 
A moving coil driver may be represented by an electrical equivalent · 

circuit consisting of the coil components Re and Le and the 

t
Ui 
E J::. E 128 

64 
� 32 
lij 16 
a: 8 a. 
.s 

10 50 1 0 0  500 1000 

Figure 6.14 KEF Model 104, impedance frequency 
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Frequency ( H z) --.. 
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Figure 6.15 HF unit output; measured and theoretical responses (courtesy KEF 
Electronics). Circuit of Fig. 6.13 

transformed mechanical components LeEs • CMEc and REc (see Fig.
6.20). 

With an LF unit the fundamental resonance is deliberately 
exploited and does not require compensation in this context. 
However, with mid and HF drivers the fundamental resonance can be 
sufficiently near the crossover region to cause mis-termination and is 
worth neutralising. Figure 6.2 1 can be simplified if specific frequency 
ranges are separately considered (Fig. 6.2 1 ). 

The consequences of crossover filter mis-termination are clearly 
shown in Fig. 6.22. A crossover at 7 kHz consisting of a single 
capacitor was to be used with an HF unit having the response curve 
'A'. While the rolloff in the resulting curve 'B' approximates to the 
desired 6 dB/octave slope down to 1 .5 kHz, the increase in motional 
impedance at resonance (850 Hz) causes the output to rise sharply, 
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Figure 6.16 New high-pass network ; measured and theoretical responses (courtesy 
KEF Electronics). Circuit of Fig. 6.15 

Figure 6.1 7  Theoretical circuit of new third-order compensated high-pass section 
(courtesy KEF Electronics) 
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Figure 6.18 Practical realisation of new network : 

c1 c2 cl c3 c A = CB = __ :._:::..__ C1 + C2 + C3 C1 + C2 + C3 

� 
0 - 6 1J.F 

3 -3 �F 10 � F  

3 Q  

H F  

H F  

Figure 6.19 Values used in commercial system KEF RI04AB (courtesy KEF 
Electronics) 

Figure 6.20 M oving-coi/ driver equivalent circuit 
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( a )  

( b ) 

( c l 

Figure 6.21 Simplified forms over specific frequency bands (from Fig. 6.20). (a) At mid 
frequencies, (b) at high frequencies and (c) at near resonance; low frequencies 
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Figure 6.22 Moving-coil driver response; A, alone; B, with first-order series capacitor, 
fc = 7 kHz 
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� 
Compensat ion 

� 
Driver 

Figure 6.23 Circuit and equations for motor-coil inductance operation; R,. = Re,  
C,. = Lc/R; 

almost peaking to the driver output level in the absence of the 
crossover. Below resonance the slope now follows an 1 8  dB/octave 
roll off due to the addition of the intrinsic driver roll off. At the highest 
frequencies the crossover capacitor begins to weakly resonate with 
the motor coil inductance, producing a rise in output above 10 kHz. 
The overall curve bears little resemblance to the required smooth 
transition with 6 dB/octave slope. 

The motor coil inductance may largely be compensated by a series 
R and C combination connected in parallel with the driver terminals 
(Fig. 6.23). If the coil values are Re and Le the equalisation components 
to a first approximation are as follows : 

and C = Le 
eq R; 

where Re is the a.c. resistance at the required frequency. A typical 
25 mm diameter motor coil for an HF unit might have a 6.4 Q 
resistance and a 0. 1 5  mH inductance, giving respective values for Req 
and Ceq of 7.5 Q and 0.366 JlF. The fact that this compensation is 
possible gives the designer some freedom in adjusting the response at 
extreme frequencies should the driver appear to need this. 

Since the driver impedance rises at resonance, a simple com­
pensation would consist of a series resonant circuit connected in 
parallel with the terminals, this largely accounting for the electrical 
equivalent components of the mechanical fundamental resonance, 
imparting a uniform impedance curve to the combination, the latter is 
shown before and after connection in Fig. 6.24. The correction circuit 
used is shown in Fig. 6.25. 

The resonant frequency and its Q may be determined from the 
impedance curve and an equalisation circuit synthesised to match 
this. Alternatively, the values may be found by experiment which in 
practice proves relatively simple to achieve. 
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Figure 6.24 Curve A, impedance curve of 19 mm plastic dome H F unit. Curve B, as for 
curve A but with compensation circuit of Fig. 6.25 

Amplitude response equalisation 
Equalisation of the driver impedance has been discussed, but to some 
degree this is rather academic unless the driver frequency response is 
already uniform, which is rarely the case. Thus in most high 
performance systems some form of response equalisation is almost 
invariably included. 

Equalisation is only possible where the response irregularities are 
in the form of gentle trends rather than severe narrow band 
discontinuities with associated non-minimum phase characteristics. 
Clearly equalisation will also alter the input impedance of the entire 
system. A rise in impedance due to response correction is of little 
consequence, but a significant fall in input impedance as a result of 
compensation for response droop is . undesirable due to amplifier 
matching problems. In practice, maximum sound pressure dips of 

( for !0 ) ( for t, )  

Figure 6.25 Compensation circuit for non-uniform impedance of H F driver in Fig. 6.24 
(values determined by experiment) 
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Figure 6.26 Equalisation of 0.2 m plastic-cone driver 

around 2 dB may be equalised, and no limit appears necessary for the 
correction of driver response excesses, provided that they are gentle. 

A typical 200 mm plastic cone bass/mid range driver, when 
mounted in a 30--40 litre enclosure designed for stand mounting, will 
exhibit a well behaved axial response continuing to rise from 
approximately 400 Hz to 2 kHz and possibly beyond. If the criteria of 
a balanced . and uniform axial sound pressure response is the 
objective, then equalisation must be applied. With active crossovers 
an equalisation stage may simply be added to the filter system, while 
in the case of the passive crossover filter, the equalisation is usually 
integrated with the crossover itself. 

In the case of the 200 mm driver (Fig. 6.26), the upwards response 
slope may be seen to approximate to 4 dB/octave, which charac­
teristic could be compensated by a suitable series combination of 
inductance and resistance. When setting the values, the motor coil 
inductance must be taken into account, the latter typically of the 
order of 0.35 mH for a long-throw design. Approximately 2.2 mH of 
additional series inductance is required for the equalisation, and the 
inductor is split into 1 .6  and 0.6 mH sections, the latter with a parallel 
22 n resistor (Fig. 6.27). The latter reduces the slope to match the rate 
of rise at the higher frequencies. 

The third-order low-pass crossover 'T' configuration may be 
successfully combined with such equalisation by adding the necessary 
capacitor at the junction, and dimensioning it so that the desired 
turnover frequency is obtained (Fig. 6.28). The Butterworth relation 
now of course no longer holds for the crossover and due note should 
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Figure 6.27 (a) Passive equalisation ; (b) damped shunt resonant circuit to provide 
equalising dip in crossover characteristic (L is often combined with R by suitable choice of 
wire gauge) ; (c) series resonant circuit to provide equalising dip in response to correct for a 
peak in an hf unit response (typically 12-15 kHzfor a dome unit - example values are for 
f. = 13 kHz
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22 Q 

( b ) I _

Bass/mid
driver 

- - - - - --, 

Figure 6.28 (a) Equalised 3rd order low pass filter incorporating Fig. 6.27. f,=3 kHz, 
18 dB/octave; (b) terminated series/shunt notch filter for high Q dome resonance 

be taken of the overall response of the filter/equaliser. With the 
configuration described, a peak may develop at the crossover point, 
which is usually adequately damped by an additional resistance, 
fortunately this is already present in the example given above (R in 
Fig. 6.27a). 

Where large series inductance is required for equalisation, the 
ability to readily shape and, if necessary, peak the response in the 
range close to crossover can be very helpful in fine tuning the 
amplitude and phase response of the system, particularly on the 
required listening axis. A wide range of responses may be readily 
obtained. 

In Fig. 6.27b an alternative shunt form of equalisation is shown. 
This is useful for controlling a rise in output existing over a limited 
frequency range, perhaps half to one octave. 

Finally a useful circuit often employed to equalise a peak in 
response in dome HF units is given (in Fig. 6.27c). This is a fairly low Q 
circuit and where a narrow band compensation is required more 
elaborate steps are necessary. 

In a particular example using a dome HF unit the network was 
nominally 12 dB/octave but the acoustic output was modified by a 
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significant 5-6 dB rise at fundamental resonance. Here the shunt 
inductor was set rather lower than usual (30%) to aid compensation. 
The driver also exhibited a first mode of rather high Q at 21 kHz, 
considered undesirable, and it was subjected to equalisation. A series 
trap was insufficient and could not be produced to a sufficient notch 
depth. It required terminating with a second shunt network across the 
driver terminals. Above 2 1 kHz the system then inevitably presents a 
rather low and capacitative input impedance (Fig. 6.28b). 

When several filter sections are cascaded, as in the bandpass arm 
for a mid range driver, further unwanted interaction may occur and 
hence adjustment of the calculated values is to be expected. A 
commercial four-way, third-order crossover is shown in Fig. 6.29. 

Passive delay 
Several designers have tried passive delay networks to bring dis­
similar drivers into the same time envelope. Multiple half-section 
networks have been used and have proved costly as the cumulative 
loss introduced must be held to sensible levels. Recently an all-pass 
delay network has been tried which gives an attractive theoretical 
solution. In practice, the basic network may be confounded in 
production by ripple in and out of band plus unwanted phase shift, 
partly resulting from mis-termination, and it is suspected of causing 
as many problems as it solves (Fig. 6.30). 

Crossover components 
Modern high performance loudspeakers often need to handle 
considerable power, up to 200 W programme, equivalent to the rated 
continuous output of an amplifier when driven to clip point on 
programme of average energy distribution. Clearly the crossover 
network should exhibit low losses and possess an adequately high 
voltage and current capacity. 

Cored inductors 
In the case of an inductance in series with an LF unit, peak currents 
greater than 30 A are possible. With the sizable inductance values 
required for third-order 8 Q networks at crossover frequencies in the 
250 to 500 Hz range, it is very costly to produce air-cored components 
of sufficiently low loss, due to · the winding resistance problems. 
Winding resistance may be exploited - to provide additional control 
of crossover filter Q or to reduce electromagnetic damping in an over­
fluxed driver. 

The negative peak current drawn by a loudspeaker driver near 
resonance may be rather higher than anticipated due to the back 
e.m.f. generated by moving mass which can appear delayed 
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( a ) 
L 2 = 0 · 5 9mH

( b ) 

Figure 6.30 (a) High pass ladder delay network; (b) all pass symmetric delay network 
ifor 0.025 m dome, 0.2 m bass, fc = 3 kHz). Network is for 8Q but is mis-terminated in 
practice (delay = 152 J1.s = 5.2 cm) (courtesy Tannoy) 

sufficiently to sum with a following programme transient. The main 
series inductor to a bass driver may need to handle a short term peak 
current much higher than the r.m.s. power input to the driver would 
predict9• 

Tests using simulated programme indicate that a number of 8 Q 
rated impedance, two- and three-way systems can show a transient or 
dynamic impedance of 25 to 30% of their rated value. (See Chapter 8 
on 'Impedance'.) 

By incorporating a magnetic core the inductor winding length may 
be considerably reduced but the core itself must not be allowed to 
enter saturation in service. Where ferrite cores are used, the ampere­
turns rating is proportional to the core diameter for a given saturation 
point, the latter usually taken to be a 1% distortion level. If low 
distortion ratings for the system are important (this particularly 
relevant in view of the odd rather than even harmonic nature of 
magnetic core distortion), then the core flux must be derated by as 
much as 50%. 

If an inadequately rated inductor core is driven to saturation, the 
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incremental inductance decreases. This is due to the failure of the core 
flux to continue to rise linearly with the increasing current through 
the component. Such a loss of dynamic inductance may produce a 
sudden reduction in the system impedance, particularly in low pass 
sections. This is likely to induce premature overload in the driving 
amplifier and consequently increased distortion. The overall result is 
a characteristic 'cracking' sound often incorrectly attributed to the 
amplifier. 

In 100 W systems, ferrite cores of 19 mm diameter are adequate for 
inductors up to 5 mH, while at lower power levels, e.g. up to 50 W, 
12 mm cores are satisfactory and the low power, two-way 25 W 
systems commonly utilise cores in the 9.5 mm diameter range. 

Well designed conventional air-gapped transformer type cores are 
advisable when large inductance values with both low loss and high 
current ratings are required. Ferrite cores can show additional 
problems in critical applications. Some grades exhibit notable 
hysteresis and can mask fine subjective detail, while magneto­
striction is another side-effect whereby the induct or core vibrates as 
the applied current varies, with recovery to quiescent form accom­
panied by a delayed electrical distortion signal induced in the output 
current. BBC experience so far suggests that plain, ordinary grade 
silicon iron laminated cores are subjectively superior, even to 
permalloy and similar specialised magnetic alloys. 

Capacitors 
Electrolytic capacitors have acquired a poor reputation due to 
historically wide tolerances, poor stability and a high loss factor at the 
upper audio frequencies. These criticisms are no longer justified, since 
excellent electrolytic capacitors specifically designed for crossover use 
are now available. More recently high performance versions have 
been developed, which offer low loss and greatly improved tolerance 
and stability. 

Life tests on normal grade ( ± 20%) components have shown long 
term stability of better than ± 2% (two years service), while for a 
premium they can be obtained to the 5% tolerance advisable for the 
more critical applications. In the case of high performance systems the 
capacitors may be selected to a 2.5% tolerance by the speaker 
manufacturer. The usual rating of 50 V a.c. allows a reasonable safety 
margin with 8 n based systems; up to 1 00 w programme. 

In networks where heavy equalisation is involved, peak voltages 
may rise considerably above the input value and the network should 
be properly analysed to assess the required ratings ; in some cases up 
to 1 50 V a.c. may be necessary. Again in the highest quality 
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applications, loss factors such as variable dielectric memory, and the 
absorption factor of reversible electrolytics may not be good enough. 
Tests have shown that under music related impulse conditions (rather 
than steady state sine wave excitation) a bipolar electrolytic 
(reversible) cannot decide how to self-polarise and on the initial 
transient it may show a degree of asymmetric rectifier-like behaviour. 
Several designers now bypass electrolytics with smaller 5-10% of 
value plastic film types. Many prefer not to use electrolytics at all. 

Where lower loss and closer tolerances are required, plastic film 
capacitors provide the answer. Some varieties have the additional 
advantage of being self-healing in the event of a transient voltage 
overload. Values of 20 J.LF and above are very costly, and are usually 
built up of combinations of smaller components. Nevertheless where 
a high quality, high power 50 J.LF or 80 JlF capacitor is required, the 
only other solution is to employ one of the special types designed for 
power factor correction with power transmission networks. 

Film capacitors can also exhibit physical vibration and self­
resonance ; indeed one proposed HF unit employed an ordinary 
capacitor as the motor element. Their recovery after transient 
exitation is a potential source of delayed resonances, though these are 
at present considered rather less serious than those in drive units and 
enclosures. 

While plastic film capacitors are widely used in critical applications 
such as mid- and high-frequency crossover sections, the large values 
in the bass section are usually still electrolytic. At low frequencies the 
loss factor is usually more than adequate, and the internal resistance 
may be accounted for in the design. 

Circuit geometry 
Due to the presence of potentially high currents in the inductors and 
the possible mutual coupling of thoughtlessly orientated adjacent 
inductors, the construction and layout of a crossover network is 
highly important. If inductors are closely spaced (separation less than 
20 mm), they should always be positioned at right angles to minimise 
the interaction. If a printed circuit board is employed, the conductor 
foils should be of adequate breadth to ensure a low resistance, and in 
addition the track layout should be designed so that common return 
paths for the filter sections are avoided. The designer should also note 
the potentialfor an inductor to induce current in a conductor track 
beneath it. 

In critical applications screening of the inductors has been 
proposed (transformer · type cores are self-screened) and physical 
separation of high- and low-pass sections has proved worthwhile. 
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With high peak currents circulating in a complex crossover, sufficient 
foil widths and thickness are also necessary. Likewise, for electrical 
connection to the system, strong recessed binding posts are to be 
preferred to spring clips and the like. 

Computer aided crossover design
Programs1 0• 1 1  have been devised to synthesise crossover networks
according to the target function corresponding to the desired acoustic 
outputs from the drivers. The drive unit parameters are entered - Rdc • 
Le,  f0, etc. plus data corresponding to the intrinsic axial frequency 
responses. Trial networks may be proposed, according to the 
program, for second, third or fourth order and in effect the computer, 
via an iterative, successive approximation process generates an 
equaliser/crossover network. The resulting acoustic output corre­
sponds to the required target function, e.g. fourth order Butterworth 
(see Fig. 6.3 1). 

In the example the driver response is far from ideal in the intended 
crossover region and has been corrected by an equaliser which also 
includes the required crossover characteristic. Other refinements 
include the substitution of nearest standard value components with a 
second computer run to establish how close this constrained solution 
comes to the ideal. The effect of all tolerances may also be examined. 

6.3 ACTIVE FILTER CROSSOVERS 

The consumer market at present shows reluctance to accept loud­
speakers which employ active crossovers with accompanying 
multiple power amplifiers though this is likely to be overcome in the 
future. However, in theory this technique offers the greatest scope for 
the advancement of the loudspeaker art and a number of designs are 
already in production. Important benefits include : 

( 1 )  A reduction in intermodulation distortion in the accompanying 
amplifiers due to their operation over a narrower bandwidth. 

(2) Subjectively, the performance of well designed active systems
exceeds expectation when comparison is made with the single 
amplifier/passive crossover alternative. Characterisations of 
'louder' and 'clearer' are frequently made, and are believed due 
to the reduction in 'stressful' loading on the individual 
amplifiers. For example, when a main amplifier clips or enters 
distortion, as may occur during a momentary powerful bass 
transient, the distortion harmonics will be clearly reproduced 
by the treble driver in a passive system. In contrast the 
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Figure 6.31(a) Equaliser/crossover principle 
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LOAD 

electronic configuration keeps the bass amplifier distortion to 
the bass driver and the treble range remains clear and 
undistorted. (This is in fact a special case of the intermodulation 
improvement noted above.) This quality advantage still holds 
true for two-way systems with a typical crossover at 3 kHz, 
provided that the bass/mid-unit has a reasonable intrinsic 
rollofT above the crossover point. . If not, a simple passive·low­
pass filter could be fitted between it and the respective drive 
amplifier. 

(3) Bass equalisation may be readily incorporated in the active 
crossover. This is valuable if the low frequency alignment 
requires equalisation. 

(4) The association between driver and amplifier may be bene­
ficially extended to include the LF driver in the feedback loop of 
the matching amplifier (this results in the so called 'motional 
feedback' or 'servo bass' designs). 

(5) Variations in driver sensitivity may be easily controlled via low­
level gain control potentiometers. 

(6) Because each power amplifier feeds a single driver the overload 
protection thresholds may be more precisely set than is possible 
with the normal crossover and single 'universal' power 
amplifier. 

(7) The power amplifiers are directly connected across the ter­
minals of each driver. The units are thus driven from a constant 
voltage source which will tend to suppress the fundamental 
resonance via electromagnetic damping (the degree depends on 
the driver Q. With treble units the absence of the usual series 
capacitor component in a matching passive crossover avoids 
the resonance problem previously discussed in Section 6.2, 
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Calculate new Rq ( w )  from 
3 using new Xq( w )  

Figure 6.31 (b) Flow chart for synthesis (after Jones1 1 ) 

although the response falloff due to the motor coil inductance 
will still remain.) 

In addition, the amplifier output impedance ' can be made 
negative, if required, providing further control at the funda­
mental resonance. 

(8) Electronic filters provide a considerable variety of equalisation, 
response shape and phase characteristics which would be 
unwieldy if not impossible to realise with passive networks. In 
addition, electronic filters may be easily adjusted during 
production. 
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Figure 6.31 (c) Computer synthesised motor-coil response to equalise axial response 
irregularity at crossover. - · - Required speaker response (2nd order); - actual 
speaker response; - - - motor-coil response; --- sensitivity corrected motor-coil 
response (after Jones' ' )  

(9) Delay stages may b e  provided electronically in the signal paths 
to specific drivers allowing equalisation of time delays which 
may exist between units in the system when optimally mounted. 
Such compensation is useful for the maintenance of sym­
metrical directivity in the lateral plane over the several 
important octaves near the crossover frequencies. Time-delay 
correction can also facilitate minimum phase design4. 

( 10) Active filters potentially have lower distortion than passive 
ones, due to the elimination of cored inductors and the use of 
high quality film capacitors. 

A full treatment of active filters is not within the scope of this book. 
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Optional eqal isation
and/ or delay units

Power ampl i f ier 

I 

Gain/ sensitivity
control match ing 

Figure 6.32 Basic two-way active crossover system 
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Details of the subject are well covered5 but some basic circuits will be 
examined here together with examples of current practice. 

An active crossover system (Fig. 6.32) consists of low-level filter 
sections, gain control and equalisation stages and a power amplifier 
for each filter/driver. 

Theoretically an active filter is a more versatile device than its 
passive counterpart and response functions may be synthesised which 
would not only be difficult but might actually be impossible to realise 
with passive networks. Its great advantage lies in the elimination of 
the inductor which is the least satisfactory electrical component. With 
the use of integrated operational amplifier units and sensible value 
precision capacitors, for example, 10 nF to 1 11F, rather than the 1 to 
100 JlF required for the passive case, almost any filter characteristic 
may be readily and economically synthesised. 

Second-order low-pass filters 
Let us examine an active and a passive form of a low-pass 12 dB/ 
octave filter with a 500 Hz cutoff frequency fc · In the active form a
suitable network comprises an integrated circuit amplifier together 
with two small capacitors and two resistors (Fig. 6.33). 

Though the cost of the power supplies cannot be ignored in the 
active case, it is usually shared with the power amplifiers and other 
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Figure 6.33 (a) Low-pass second-order active filter. (b) Passive power filter, second­
order low-pass 

sections of the crossover. The passive counterpart (Fig. 6.34(b)), while 
avoiding complications of power supplies, conversely requires a large 
inductor, 2 mH for example, with a correspondingly large matching 
capacitor (Fig. 6.3(b)). If the latter is built to the same stability and 
accuracy as the active filter component, the total cost may be several 
times greater than that of the active form. 

High-pass filters 
Figure 6.35 shows a high-pass second-order form of Fig. 6.33(a). 

First-order low-pass filters 
Simpler first-order filters are conveniently obtained with RC net­
works using an operational amplifier as a high input impedance, 
low output impedance buffer to preserve the theoretical responses. A 
simple unity-gain transistor stage, the emitter follower, may be used 
in less critical applications (Fig. 6.32). 

More recently amplifier standards have improved to a level where a 
simple emitter follower imposes a significant impairment. High 
quality op-amps for audio use are to be preferred. At the highest 
quality level the designer needs to devote as much care to filter and 
power-amp design in an active speaker as he would to a good pre and 
power amplifier combination. 



194 

RC Filter 

(a)  

Emitter follower 
buffer  

R 
out 

Figure 6.34 First-order RC filter; (a) low-pass form, (b) high-pass form (with buffer 
amplifier A)  
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t, 
Figure 6.36 Third-order low-pass filter, via cascaded first-order sections 

Higher orders 
Stages may be cascaded to provide almost any rolloff rate but the 
cumulative effect of the rolloff frequency error must be noted, each 
stage response being additive. This also provides a means of 
controlling the initial slope and shape of the response via the location 
of the individual - 3 dB roll off points (Fig. 6.36). 

Driving impedance 
All the filters should be driven from a low source impedance. In a 
multiple way system, an additional input buffer amplifier (Fig. 6.37) 
will provide this, as well as imparting high input impedance to the 
entire active filter system. 

Equalisation for driver sensitivity and/or network losses 
Combinations of passive and active RC networks may provide almost 
any required broad acting equalisation. Where considerable lift is 
necessary, the clipping headroom of the following power amplifier 
driving the loudspeaker must be considered in the context of the 
spectral content of typical programme. 

Low source 
impedance 

To active 
f i l ter sections 

Figure 6.37 Input buffer (may be combined with audio bandpass input filter) 
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2 C  

Figure 6.38(a) Active filter with gain. The pass band gain A =  V 0/V,. = (R 1 + R,)/R, (if 
R, is set, then R1 = (A - l)R; 

27 K 

l nF 

cr--i 

Figure 6.38(b) A 2.4 kHz high-pass 2nd order network with 6 dB gain = (R1 + Rtl/R1 

In an active crossover transmission, loss in the equaliser networks 
may be readily recovered by adding an amplification stage or by 
adjusting the amplification of the corresponding op-amps in the filter 
to some suitable low value (Fig. 6.38). 

The following are typical examples of equalisation. 

Correction for rising driver axial response 
Examining the circuit in Fig. 6.39, at low frequencies below ft > C 
represents a high impedance compared with R3 and the network is
essentially a resistive '£ attenuator composed of R1 ,  R2 and R3. At
high frequencies, above /2, C is low in impedance compared with R3
and R2 and the attenuation is established by the '£ attenuator R1  and
R2• Between /1 and /2 the slope of the response may approach 6 dB/
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Dr iver response 

Equalisation 

Frequency 

l a )  

( b )  

Figure 6.39 (a) Equalisation of rising driver response, (b) alternative equalisation with 
shunt feedbacks 

octave when R2 is low and R3 is very high, and may be reduced by any
degree through adjustment of R2 and R3• The approximate 4 dB/
octave slope required by the above example is not difficult to achieve 
over a limited span. If the second rolloffat f2 is not required, then R2 is
simply reduced to zero. 

A perhaps more elegant solution (Fig. 6.39(b)) employs shunt 
feedback around a gain stage ; with appropriate values the input 
impedance can be kept at a higher level. Where it proves necessary to 
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Figure 6.40 Equalisation of falling driver response 

mute the crossover to prevent transient noises at switch-on, a simple 
FET delay muting circuit can be incorporated. 

Correction for premature driver rolloff 
Premature driver rolloff can be compensated by using a boost 
network such as that shown in Fig. 6.40. 

In this example, the network is simply a resistive attenuator 
composed of R1 and R2 at low frequencies where the impedance of C
is high. At some frequency where the reactance of C(Zc = l/2nf) 
equals R, the response will have risen by 3 dB and will continue to rise 
by 6 dB/octave thereafter. The slope may be reduced if necessary by 
adding a further resistor in series with C. 

Other irregularities 
With good quality drivers it should rarely be necessary to apply a 
correction slope steeper than 6 dB/octave and in practice this 
equalisation usually is provided for final tuning and balancing, rather 
than drastic compensation. 

Rather quicker acting equalisation may, however, be used, for 
example in conjunction with a calculated bass roll off characteristic. A 
driver may be chosen on the basis of high mid band efficiency which 
often implies a high Bl product with consequent overdamping at the 
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bass resonance. Such a driver used in a sealed box might produce a 
system resonance at 40 Hz. Optimally damped, the output would be 
only - 3 dB at that frequency. The large magnet, high efficiency 
model under consideration is, however, overdamped, such that a 6 .dB 
loss at 40 Hz occurs, the response beginning to fall gently from as high 
as 100 Hz. The normal sealed-box rolloff of 12  dB/octave from 40 Hz 
has become a two stage slope, 6 dB/octave from 100 Hz to 50 Hz, and 
approaching 12 dB/octave below 40 Hz. If amplifier headroom and 
programme considerations permit, bass lift at a 6 dB/octave rate may 
be applied to restore the low frequency output. A suitable network is 
shown in Fig. 6.4l (a). Cs is chosen to reduce the gain at subsonic 
frequencies (e.g. below 30 Hz) and hence to prevent the bass boost 
from continuing below that frequency. 

( a )  
Figure 6.4J (a) LF equalisation. The attenuation produced by step-down response is 
compensated by the gain network R 1, Ri, in which c. is incorporated to provide a subsonic 
rol/off 

( b )  
Figure 6.4J (b) Bass and fundamental resonance equaliser/compensator (after 
Linkwitz). (Values in parentheses correspond to f0 = 800 Hz, Q = 0.9, crossover provides 
24 dB/octave final rolloff at 1.5 kHz) 
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More complex equalisation may be used along these lines, one 
commercial example forming a tenth-order network in conjunction 
with the LF loudspeaker system. 

Linkwitz8 described a useful configuration (Fig. 6.41 (b)) which can 
be used for all driver/box systems, LF mid and HF, to take control of 
the system resonance, its Q factor and subsequent below resonance 
rolloff. An HF unit may thus be used at lower frequencies than 
normally considered practicable. In the example the circuit provides 
for a 24 dB/octave fourth-order acoustic output at a 1 . 5  kHz 
crossover frequency, despite the 25 mm HF driver possessing a 
fundamental resonance at 800 Hz at a Q of 0.8. The first stage 
comprises a damper twin 'T' notch filter providing phase and 
amplitude control of the unit's resonance. In addition a feedback 
generated peak phase and amplitude equalises the signal to provide a 
12  dB/octave rolloffin the acoustic response. This is controlled with a 
12 dB/octave filter, the second stage providing a described 24 dB/ 
octave target function. Similarly the first stage can be used to control 
a high-pass system resonance and extend the response as desired. 

In the Linkwitz HF example the driver was paired with a 1 10 mm 
mid range unit, whose radiating plane appears 42 mm behind the HF. 
A three stage HF delay network was used to synchronise the drivers 
allowing for the correct phase connection to their terminals, each 
stage delaying the treble output by 22 11S or 14 mm (see Fig. 6.42). 

c �( 2n 2 )  
Figure 6.42 Active delay network (after Linkwitz8 )  f, = 7.2 kH z, r: = 22 !lS = 1 4  mm. r: 

2R2c(time delay) 2 , where RC � Jf20f" f, = crossover frequency
1 + (2nfR2c) 

Higher-order filters by direct synthesis 
Active filter theory is a versatile and powerful tool, and can provide 
numerous desirable filter characteristics. Ashley et al. described a . 
two-way third-order active Butterworth filter operating at 3 1 8 Hz 
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integrated 
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Figure 6.43 (a) Third-order Butterworth crossover (after Ashley and Henne6) 

V0 1 0.5 V0 1 0.553 
V, !LF) s3 +2s2 + 2s + l  V, IHF) =s3 +2s2 + 2s + l  

with f0 at 318 Hz,

R = 8.25 kn 
C = 0.022 p.F 

R1 = 90 k!l 
C1 0.15 p.F 

which employed a single integrated circuit incorporating two opera­
tional amplifier blocks6 (Fig. 6.43(a)). With a total of count of 14 small 
components plus an integrated circuit, and assuming that the power 
supply is derived from an accompanying power amplifier, this 
realisation seems highly effective from both a cost and performance 
point of view. 

This basic circuit may be scaled to fit almost any application. 
However, a buffer amplifier stage is a worthwhile addition to drive the 
two filters,  since the total input impedance is well below 10 kHz. This 
may be compared with the equivalent passive filter from Fig. 6.43(b). 

Another example of a three-way active crossover circuit is given in 
Fig. 6.44 and a complete system in Fig. 6.45. 

Gain limitation in active filter amplifiers 
The roll off rate in an active filter is only maintained as long as there is 
sufficient gain present in the loop. If the gain is not constant with 
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Input  
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83. 4 j.1F 
L F  
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0 
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Input 

f.: = 318 H z  R0 = S Q  nominal

M F

Figure 6.43(b) Passive constant resistance Butterworth equivalent of Fig. 6.43(a) 

frequency, a situation likely to occur with one of the internally 
compensated op-amps when used at the higher audio frequencies, the 
loop gain might be insufficient to maintain the performance. Up to 
now the active filter treatment has assumed perfect op-amp per­
formance, at least over the audio band. This implies that the 
characteristically high input impedance, low output impedance and 
high gain of such a block are uniform over the working frequency 
range. The 741 integrated circuit is adequate for low frequency work, 
but a wider bandwidth type is recommended for mid- and high­
frequency use. 

When working near gain limits, operational amplifiers will under­
standably produce higher distortion. Some also suffer from crossover 
effects, since class A/B output stages are often used. The existence of 
these distortions should be borne in mind, and for highly critical 
applications a designer may prefer to use special amplifier units or 
even discrete circuitry in his active filters. 

Several commercial high performance active crossovers employ 
special class 'A' output, high-gain operational amplifier units of wide 
bandwidth and low distortion. 

Loudspeaker system alignment 
The ability to readily adjust the gain of the various sections of an 
active filter crossover to account for sensitivity variations in the drive 
units has already been mentioned. A further facility concerns 
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individual tailoring of the response characteristics. A given equalisa­
tion may be correct for a typical driver but the performance spread in 
a batch of units may necessitate individual alignment. By judicious 
use of pre-set variable resistors in place of fixed equalisation 
components, provision for such adjustment is readily incorporated. 

Maintenance and repair 
Speaker systems designed for the most critical applications such as 
studio monitoring must be consistent. If a fault occurs, either due to a 
blown driver or electrical failure in the crossover, it must be possible 
to restore the system to the same standard of performance after repair. 

The obvious penalty of an electronic crossover system is the 
degraded reliability when compared with its passive counterpart. The 
very presence of pre-set gain and equalisation controls adds to the 
problems, and also allows an inexperienced operator to misalign the 
system. 

A recent active crossover design from the UK company of 
Boothroyd-Stuart illustrates some ofthe precautions it is necessary to 
take to ensure a consistent performance. In this three-way system the 
drivers are pre-tested for sensitivity and response. Divided into 
groups for each system, each group is coded and the amplifier 
crossover matched to it. In the event of a driver failure, a matching 
coded unit may be used for replacement and if a fault develops in the 
crossover, a complete new panel is supplied, also pre-programmed to 
match the serial number code of the defective system. 

An alternative approach would involve a careful alignment and 
calibration procedure for the electronics section, with the relevant 
code and level settings provided. The system could then be re­
calibrated via electrical rather than acoustic measurement in the 
event of a repair. 

6.4 PASSIVE CROSSOVER SCALING 

In concluding this chapter it is useful to consider a simple way of 
deriving numerical values for the third-order Butterworth crossover 
network. The third-order Butterworth crossover in Fig. 6.46 may be 
scaled to any required frequency by simple multiplication since the 
values are inversely proportional to frequency. The set values refer to 
1 kHz with nominally 8 Q drivers. To readjust for 4 Q systems, the 
capacitance values are doubled and the inductors halved. For 16 Q 
systems the inductance values are doubled and the capacitors halved. 
For 2 kHz the values are halved, for 200 Hz all values are multiplied 
by 10, etc. 
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1 - 9 mH 0-64 mH

L F  
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c3 
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f. = 1 k H z  

M F

R0 = 8 Q nominal 

Figure 6.46 Third-order Butterworth, constant resistance 

Final system response conformity with the theory relies on the 
driver input impedance being nominally resistive and constant, and 
also that the amplitude/frequency response be uniform. 
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The enclosure 

The enclosue is a structure which supports the loud-speaker drive 
units and may provide designed acoustic properties of radiation 
pattern and driver acoustiC loading. The term is usually taken as 
referring to an enclosed box where some form of loading is applied to 
the bass driver. However, an enclosure can be open backed or else 
conceal a horn or other system folded into a compact structure. 

While the vast majority of systems are enclosed box types, the open 
baffie has a steadfast following. Subjectively it is appealing, demon­
strating a literally 'open' quality. While large area baffies are 
necessary for satisfactory bass some designers have combined 'open' 
mid-treble systems allied to an enclosed box, low frequency section. It 
should be possible to produce a large area moving coil based open 
baffie by employing an array of modular drivers. Due consideration 
will need to be made of the flexural modes of such a panel and choice 
of both structural material and form could prove crucial in such a 
design. Webbed cast alloy sections suggest themselves which could be 
partially disassembled for transport and bolted up to form the 
complete radiating panel on delivery. With power sharing over the 
array, individual drivers need only be low power, sensitive units of a 
few watts capacity. 

In practice the enclosure exerts a considerable influence over the 
sound of a complete system. A moving coil driver radiates energy by 
vibrating a diaphragm assembly whose reaction will simultaneously 
excite the driver chassis causing it to vibrate in sympathy. The chassis 
must therefore be rigidly clamped to a strong panel to prevent it from 
moving, and hence reducing the cone output. Nevertheless, some 
energy will inevitably be imparted to the panel. To this may be added 
the sound energy radiated from the diaphragm incident upon the 
panel. This energy is then dissipated by the enclosed structure as 
unwanted acoustic output, the severity and decay time of the 
enclosure panel resonances constituting a major factor in loud­
speaker pulse decay properties and in the consequent subjective 
colouration. 

208 
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7.1 ENCLOSURE MATERIALS 

A simple box structure will possess a series of resonant modes due to 
torsion and panel flexure, their frequency and magnitude dependent 
on the Q of the material and also its thickness and density. As 
resonant modes are less likely to be excited with increased panel 
thickness and density they will become correspondingly less obvious 
and thus it is well worth noting the relative densities of the various 
materials used in cabinet construction (Table 7. 1 ). 

Wood 
Traditionally most loudspeaker enclosures have been constructed 
from wood. It has many advantages, not the least of which is that for 
its mass it is relatively non-resonant. Most countries have an 
established cabinet industry, often linked with furniture manu-

Table 7.1 SOME ENCLOSURE MATERIALS (see also Table 5.2) 

Young's 
Density (p) modulus (E) E/p 

Material {kg/m x 103} {kN/m3 x 101 0} (m/s x 107} 

Lead 1 1 .3 
Steel 7.7 20 2.6 
Mazak (die casting alloy) 6.0 10  1 .7 
Aluminium (alloy) 2.6 7.5 2.9 
Concrete 2.6 N/A 
Brick 1 .8 N/A 
Sand 1 .5 N/A 
Bituminous damping 1-3 o:e O. l  
Polythene =:e l  =:e 1 1 
Chipboard (high density special) 0.9 3.3 3.7 
Chipboard HD 0.8 1 2.7 3.3 
Birch ply (best quality) 0.78 8.6 l l  
MDF (best tough fibreboard) 0.75 3.3 4.4 
Oak 0.72 Grain 

dependent 
Plywood (average) 0.67 Grain 

dependent 
Mahogany 0.67 Grain 

dependent 
· Chipboard (three layer) 0.650 2.2 3.4 
Pine 0.45 Grain 

dependent 
Fibreboard (Celotex light} 0.32 0.2 0.63 
Polyurethane structural foam 0.3-D.5 "" 1 .5 3 (typ.) 

The E values given are static. Under dynamic flexure the E value for many materials 
will alter. 
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facturers, and thus enclosures can usually be supplied at a realistic 
price with a wide range of wood grades and thicknesses to choose 
from; It is an easy material to work with and historically labour costs 
were relatively low. 

Chipboard is the densest of all the wood materials and as it comes 
in reasonably priced uniform sheets which resist warping and can be 
easily veneered, it is not surprising that the great majority of wood 
cabinets today are constructed from this material. The thickness used 
is scaled to the volume of cabinet required. Below 30 litres, 12 mm is 
suitable, while a 30--60 litre enclosure generally employs 18 mm, and 
larger cabinets, 25 mm. Chipboard is also available in various 
densities, the grade known as '600' being the one generally employed ; 
preferably in 'three layer' variety, with fine texture outer skins 
covering a coarser interior. This has the lowest flexural Q of almost 
any undamped wood material. 

Other woods may also be employed for enclosure construction, the 
results depending on the grade selected and the size of cabinet 
involved. Solid woods such as well seasoned afromosia have been 
used in the past, and high quality birch plywood is also frequently 
encountered as an alternative to chipboard, although both its Q and 
more particularly its cost · are greater.

Now coming into favour is a dense high quality hardboard or 
compressed bonded fibreboard. One commercial example is called 
MDF (medium density fibreboard), its fine texture machines well with 
no chips and its mechanical properties are similar to plywood with 
the advantage of better damping at high frequencies. Chipboard can 
be frequency selective and surprisingly can 'ring' well up in the treble 
range. 

Concrete 
With enclosures of very high mass such as those built of thick concrete 
or brick, it is difficult to excite the resonant modes. However, such 
enclosures are generally assembled on-site and as such as not 
practicable for normal manufacture and supply. However, in the past 
thin-wall cast concrete enclosures have been suggested but unfor­
tunately the effect of reducing the wall thickness means that the 
advantage of high mass is lost, the enclosure will thus prove quite 
resonant and will have poor resistance to impact. It is, however, 
possible to produce a successful concrete enclosure through choice of 
suitable filler and additives to reduce the Q and by employing suitably 
designed internal strengthening beams cast into the structure to 
control the resonant modes. 
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Other materials 
Providing that the structure is well damped there is no objection to 
using metal for cabinet construction, and a few high quality designs 
have been produced that employ steel or aluminium alloy front 
panels. Welded steel enclosures have been used for systems that are 
subject to arduous duty, such as in the field of public address. 

Moulded plastic cabinets will make increasing economic sense for 
quantity production, in view of the accelerating price costs of both 
labour and natural wood. In fact, further research in cooperation with 
major producers is urgently required to develop suitable synthetics 
that possess the necessary acoustic properties and can be easily 
moulded into cabinet shells. For example,  certain grades of expanded 
polyurethane have been tried by several manufacturers, notably B. & 
0., Wharfedale and KEF. 

Another promising material is polyester resin, highly loaded with a 
heavy mineral powder. When mixed with up to 70% by weight of 
ground limestone, · excellent acoustic properties below 1 kHz are 
demonstrated. Recently aluminium has been utilised both in a thin­
wall bituminous damped form and box section extrusions for the 
smaller enclosures. 

Experimental systems have been produced using aluminium 
skinned honeycomb-cored panels, fabricated and bonded with epoxy 
adhesives. With a panel thickness of typically 12 mm, the low mass 
results in panel resonances one or two octaves higher than conven­
tional woods. In consequence, the decay time is rapid and it is possible 
to bring the decay time of the enclosure to a range comparable with 
the drivers themselves.  Transient response is then very good and the 
usual 'wooden' colouration is avoided in such enclosures. Resin fibre 
honeycombs are also suitable but these and aluminium types are 
expensive ; as raw boards they cost 5 to 10  times as much as 
chipboard. Injection moulded, expanded polyurethane structural 
plastic is a potential alternative, but the tooling cost is high ruling out 
its use for the lower volume high quality systems where it could be 
most beneficial. Research on inexpensive phenolic laminate skinned 
panels with plastic foam cores is also showing good results. 

7.2 ENCLOSURE RESONANCES 
The volume resonances of a box enclosure system, including the 
Helmholtz resonances, are dealt with under the chapter on acoustic 
loading. The following discussion concerns those internal and 
undesired resonances which may contribute to colouration. 

Unless an enclosure is spherical or ellipsoidal, all or some of its 
sides will consist of plane surfaces clamped at their edges. Such a 
clamped panel will have its own acoustic output when forming part of 
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an energised loudspeaker, derived from sound energy within the 
enclosure. The output consists of standing-wave modes at higher 
frequencies and pressure modes at those frequencies where the 
wavelengths exceed the internal enclosure dimensions. Adjacent 
panels may be similarly excited by vibrational energy from the drive 
unit chassis. 

Theoretically a clamped panel has a well defined vibrational series 
in both longitudinal (volume stiffness) and bending modes. A further 
mode is due to the panel mass resonating with its own and the 
enclosure's air volume stiffness. Stevens1 found that in a typical reflex
cabinet this latter resonance appeared at almost twice the funda­
mental enclosure resonance, a condition verified over a range of tuned 
system frequencies. Fully clamped, the panel resonance frequencies 
are given by 

F, =�� (:·)\� (�4 +;-
A2

l
B2 +�4)Y 

where B. = [Et2/12( 1 - c2 )] , the bending stiffness ; p = density in
kgjm3 ; A, B are the respective mode order;  c = velocity of longi­
tudinal sound waves in the material ; t = panel thickness. 

or 

For an edge supported or clamped panel 

F, =�(:·Y(� +:2
2) 

(A2 B2
) F, = 0.48 x et I3 + 

W2 

the remaining resonance series is given by 

ne 
F = -' 2 

where l = panel dimension related to the mode calculated, n an integer 
from 1 to oo (see Fig. 7. 1). 

The main difficulty in the theoretical analysis of enclosure panels is 
in defining the boundary conditions. The results are so complex that 
so far enclosure colouration cannot be predicted very well and 
designers have to rely on a combination of experience and trial and 
error in enclosure design. 

Major resonances are amenable to computer aided analysis. Using 
a combination of modal and fmite element analysis, work has been 
done on enclosure panel vibration and it is possible to illustrate the 
results using animated graphics (Fig. 7.2). Such is the variability of the 
resonance mix, major changes in the subjective colouration of high 



THE ENCLOSURE 2 1 3  

Figure 7.1 Panel vibration modes t o  3rd order; motion of shaded areas opposite to 
motion of unshaded areas 

quality systems can result from a change in one enclosure dimension 
of as little as 5%, or even by a small change in adhesive. 

7.3 MAGNITUDE OF UNDAMPED PANEL OUTPUT 

Many speaker designers have laboured by trial and error to control 
cabinet resonance by such methods as the use of high density 
constructional materials and internal bracing, or loading the panels 
with ceramic tiles and sand. However, their efforts have met with only 
moderate success. 

Sand is an awkward medium to work with as it requires a retaining 
panel to hold it in place and has the further undesirable effect of 
causing the weight of an enclosure to rise dramatically. However, this 
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Circu mferentia l 
brace 

Figure 7.2 Cabinet vibration analysis (284 Hz) ;  (a) without reinforcement, (b) with 
reinforcement (courtesy Technics) 

treatment can be quite effective due to the added mass and also to the 
loss imparted by the vibration of the individual particles. 

Rank's Leak/Wharfedale division hold a patent for an intriguing 
variation on the theme of filled cabinets, namely a water 'sandwich'. 
The enclosure is presumably a double skinned synthetic moulding, 
the intention being that the purchaser should fill the cabinet on 
delivery. An obvious advantage for the manufacturer is the greatly 
reduced transit weight of the partially completed system. With 
suitable design a similar enclosure could also be sand filled on 
installation, as is already done with some models of loudspeaker 
stand. 

Resonant modes can be modified by increasing the thickness of the 
panels or by attaching battens to them, but although these measures 
may displace the resonances to more subjectively acceptable 
frequencies, they usually have little or no effect on their magnitude. 
Beam coupling of two opposite panels will only effect the funda­
mental bending resonance, where a major stiffening will result, 
suppressing this mode. Barlow3 measured the sound output of square 
birch-ply panels excited by a driver mounted on the inside surface. A 
remarkable discovery was made, namely that the output at certain of 
the resonances approached the level achieved by the driver with the 
panel absent, thus indicating that the panel was almost wholly 
acoustically transparent at these frequencies (Fig. 7.3). However, this 
is an exaggerated case as enclosure panels tend to be rectangular 
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Figure 7.3 Sound output of Birch-ply panels (after Barlow3 )  

rather than square, and the listener is rarely on the panel axis. 
Nevertheless Stevens1 has shown that for a typical 50 litre enclosure 
built of 1 8  mm chipboard, radiation from an undamped rear panel 
may have peaks which are only 10 dB below the front axial output 
(Fig. 7.4). 

In a normal sound field the output of the six cabinet walls will 
contribute to the desired forward radiation. Harwood has noted a 
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Figure 7.4 A, frontal output of cabinet ; B, sound output from rear panel of cabinet 
(after Stevens1 ) 
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working Q of up to 100 in cabinet panels made from several varieties 
of wood. Subjectively derived evidence has shown that these 
resonances are clearly audible and may have delay times of half a 
second or more. Clearly the choice of panel material alone is not likely 
to reduce either the Q or the reverberation time to a level where it 
becomes unobtrusive. 

Coincidence effect 
The coincidence effect may also play a part in panel acoustic output. 
For a given panel there will be a first critical frequency where the 
propagated wavelength in air equals the bending mode wavelength in 
the panel. Further coincidences are possible as the higher panel 
modes align at submultiples. 

For a panel, the angle of incidence may be critical in aligning the 
crest to crest air wavefront spacing relative to the bending mode. At 
coincidence the panel is easily coupled or driven and appears nearly 
transparent, the incident acoustic wave reappears on the other side. 
The critical frequency is given by 

!c =�: J(;) 
where P, is the mass per unit area and the flexural stiffness 

J 
Et3 

D = p(l - U2)

The critical frequency reduces with increasing stiffness D indicating 
that with stiff light panels more internal absorption may be required 
to prevent egress of sound from within the box. For high quality 
18 mm plywood fc is typically 1 .2 kHz, rather higher than the 
dominant bending modes. With lighter panels the trapped air/panel 
resonance will also be at higher frequency. 

7.4 AUDIBILITY OF RESONANCE 

It is worth noting that research conducted into the audibility of 
resonances relative to a given response curve indicates that low Q 
resonances can be the most obvious, Q = 1 being the critically 
prominent value4. Although this might seem to contradict the 
findings above, the two can in fact be viewed as separate and distinct 
cases. The audibility threshold work was done using a single 
resonance, whereas the enclosure effects represent a series of 
resonances. The word 'series' is highly relevant in this context, where 
it refers to a regular mathematically related sequence. It would appear 
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that the human ear is  highly sensitive to response irregularities based 
on a series5 , the latter being an accurate term to use when defining 
enclosure resonances. Fryer4 has shown that under optimum 
conditions, a resonance whose amplitude is 20 dB below the steady 
state curve is detectable in classical music, and up to 30 dB below in 
steady noise excitation. This is confirmed in Steven's work1 as well as 
by other practical work conducted on test enclosures. 

In a specific example at fairly low frequencies a resonant Q of 20 
placed at 145 Hz with decay R1 of 300 ms, was clearly audible even 
when the peak was buried 10 dB below the steady state response. 

7.5 RESONANCE CONTROL, DAMPING MATERIALS 
AND BRACING 

If a method of resonance control or 'damping' is applied, the Q of the 
intrinsic panel resonance can be greatly reduced and hence the choice 
of panel material is of little consequence. This means that previously 
little used substances, such as injection moulded plastics, can be 
employed for cabinet construction. 

Whereas in the case of a single enclosure high mass was a positive 
advantage, with the damped cabinet it is actually detrimental. 
Resonance control employs the principle of dissipation through 
friction. A given panel should be laminated with a special layer of 
comparable mass per unit area, this mass equivalence ensuring that a 
good mechanical match is achieved between the two layers to permit 
the effective transfer of vibrational energy from panel to the damping 
material. The layer is often a bituminous impregnated felt or card 
used for vibration control (largely in connection with automobile 
body panels). These materials have a high frictional loss in bending. A 
thin enclosure of low mass is clearly more effectively controlled by a 
given density of damping pad than is a thick one (Figs. 7.5 and 7.6). 

Fairly pure lead sheeting is effective material for use in loading and 
damping enclosure walls, as it has exceptionally high density and 
plasticity. Its main drawback is its high cost, although it could well 
prove worthwhile for small cabinets of moderate internal volume. 
Certain grades of heat cured polyurethane (monothane) are poten­
tially effective vibration absorbers. Other damping materials include 
Celotex or fibreboard which is generally attached to a panel using a 
flexible adhesive such as PV A, and will produce some damping, 
particularly of the higher frequencies. Automobile underseal loaded 
with a sand filler is also fairly effective if applied thickly. However, a 
word of caution is necessary with these latter substances. They rarely 
dry out completely and can contain a volatile solvent which may 
soften the cones and bonding of plastic drive units. This may result in 
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Figure 7.5 Two results are apparent from the application of damping. First, the 
amplitude of the resonances has been lowered by about 10 dB, and second, the added mass 
has somewhat reduced the fundamental panel resonant frequency. This in itself can prove 
advantageous, as the resonances which are likely to occur in the critical mid-band may as a 
result be shifted to a less aurally sensitive region (after Barlow3 )  

a premature failure of the adhesive holding together the cone and 
surround, leading to the disintegration of the unit. Another pitfall is 
pad aging, where flexibility is lost over a period of time. Pads which 
are not properly bonded to the panels (staples are not enough) are 
ineffective and often become detached in service. 

One of the more recent advances in the area of panel damping 
materials was made in 1972, when a patent was filed in Germany for a 
synthetic medium consisting of a heavy mineral-loaded thermo­
plastic. Dunlop (UK) have also investigated damping systems, and 
have found a soft foam sheet with a high mass counterlayer very 
effective6 • 7 (Fig. 7.7 and Tables 7.2 to 7.5).

Placement of damping pads 
The dense damping pads appear to work by a combination of 
bending loss due to panel flexure and by the absorption of surface 
waves in the panel. A well built enclosure will have strengthened 
corners and seams, and hence the panel edges will possess a high 
mechanical impedance where the absorption will be poor. Harwood5 
suggests that a 50% control layer coverage of a panel in the central 
area will produce the most effective damping for a given quantity of 
material. 
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Figure 7.6 This shows two contrasting delayed impulse responses for a 100 mm plastic 
bass mid range drive unit in a 7 litre closed box. The output is that which is mainly heard 
through the cone, although the panels also make some contribution. Curve (a) employs a 
12 mm chipboard construction with 12 mm of bituminous panel damping applied; curve (b) 
uses hardboard of 6 mm thickness with no damping (courtesy KEF Electronics) 

Bracing 
With the difficulties involved in damping many designers are 
exploring more carefully the control of major enclosure resonances by 
bracing techniques. Softwood is almost useless, but hardwood and 
metal reinforcements can be effective. One design employs an array of 
steel rods in tension, another a complex array of internal hardwood 
bracing, not unlike a cathedral roof support. 

In choosing a reinforcement, its location needs consideration with 
respect to major modes. Clearly a half-height circumferential brace is 
of little value as it will fail to control the first panel mode A2B1 (see
Fig. 7 . 1 ). Diagonal placement to couple as much unsupported panel 
area as possible will maximise the benefit. Symmetry emphasises 
dominant mode output, hence dissimilar panel dimensions, width, 
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Figure 7.7 Decay rate variation with counter layer mass and frequency in laminated 
damping layers (rubber counter layers on foam base) (after Payne, Wilson and Wi-agg 7) 

Table U. RESULTS OF DECAY RATE VERSUS SURFACE DENSITY USING 
SAMPLES 1 .6 mm THICK 

Surface Decay rate (dB/s) 
density 

Material (kg/m2) Free Bonded 

Aluminium 0.66 10  4.5 
Polyurethane 'Chipfoam' 1 .27 44 1 .5 
Felt 1 .58 30 2.5 
Latex foam 1 .63 22 6 
PVC/plasticiser/china clay (100/75/200) 2.50 40 3 
PVC/plasticiser/whiting (100/75/200) 2.5 1 l 3  2 
'Dead sheet' 4.8 50 2 
PVC/plasticiser/molybdenum powder (100/75/500) 5.0 59 2 
Lead sheet 14.7 164 1 5  

Table 7.3 COMMERCIALLY AVAILABLE DAMPING PRODUCTS 

Surface density Temperature Decay rate 
Material (kg/m2) (OC) (dB/s) 

Bitumen 1 .48 Ambient 4 
+ 5  5.5 

Coumarone indene resin 1 .45 Ambient 5.5 
+ 50 10.5 

Polyethylacrylate/c. black 1 .45 Ambient 2 
- 10 23.5 

30 



THE ENCLOSURE 221 

Table 7.4 PERFORMANCE OF FOAMS 

Bulk density IYM Bulk Decay 
Foam stiffness rate 
code Type {kg/m3) (MN/m2) {kN/m2) (dB/s) Performance 

Test bar 2 Poor 
D7 Polyether 2 1 .5 20.6 . 12.9 3.5 Poor 
DE300 Polyether 23.4 1 1 .7 10.8 4.5 Poor 
S 12  Polyether 29.3 6.0 5 . 1  4.0 Poor 
D l  Polyether 16.5 1 8.9 4.9 5.5 Poor 

Table 7.5 ATTENUATING PROPERTIES 

Decay rate (dB/s) at lOO Hz 

Counterlayer 

Rubber (4.9 kg/m2) 
Rubber (4.9 kgjm2) 
Rubber (4.9 kgjm2) 

Foam layer 

D7 polyurethane foam 
D21 polyurethane foam 
SBR latex foam 

Bonded 

3.5 
214 
236 

Table 7.6 EFFECT OF VARYING FOAM THICKNESS 
(D21  FOAM) 

Foam thickness (mm) 

2 
4 
6 
8 

10 
12 

Decay rate (dB/s) at 100 Hz 

7.5 
34 
5 1  

190 
407 
194 

Non-bonded 

183  
1 86 
! 50 

length, height, help to disperse modes ; a tapered profile in one or 
more planes is even better. 

Recent subjective data suggests that damped thin wall enclosures 
suffer from some low frequency loss and that rigid boxes give firmer, 
better defined bass. 

Modification of boundary stiffness may also provide a significant 
contribution. One engineer hit upon the elegantly simple expedient of 
recessing the back panel of an enclosure by 3'--4 cm. Internal volume is 
affected little, but the rear seams are dramatically stiffened by the 
effective 'T' section girders formed. In a particular Wharfedale 
example a modestly priced loudspeaker demonstrated notably 
improved enclosure colouration by this small change in construction. 
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Barlow3 investigated curved surface structures which, in theory, 
are much stronger than plane panelled equivalents. Experiments 
using a multi-ply cardboard cylinder showed that this form was 
extremely rigid in terms of both expansion and compression waves, 
and potentially offered very low colouration. It should be possible to 
produce moulded or cast panels with plane mating edges and curved 
surfaces. These could be designed on modular principles to produce 
different sizes of enclosure. 

A disadvantage of cylindrical or spherical enclosures is the 
dominant radial mode standing wave in the interior volume which 
may require excessive absorbent. 

7.6 STANDING-WAVE MODES 

The peaky nature of the sound output from a panel is exacerbated by 
the presence of a series of discrete standing-wave modes inside a plain 
rectangular enclosure* .  These standing waves are well defined and 
may be responsible for distinct 'sub-colouration'. In the case of a 
small enclosure, this is effectively characterised by the use of the term 
'boxiness'. 

The standing-wave frequencies are given by Rayleigh : 

fr =  (c/2) [(A/L}2 + (B/W)2 + (D/H)2] 1 i2

where c = velocity of sound in air ; A, B and D are the mode orders ; 
and L, W and H are the internal cabinet dimensions. 

Several steps may be taken to reduce qr control standing waves. 
The first is to avoid symmetry in cabinet construction ; for esample, 
the worst case is an enclosure where all panel dimensions are equal. In 
the field of room acoustics, ratios have been calculated to provide the 
minimum excitation of standing-wave modes, the room dimensions 
being 2.3 : 1 .6 : 1 .0, these equally valid in the context of loudspeaker 
enclosures. 

While parallel-piped or conventional rectangular enclosures are 
the general rule, a cabinet with anti-parallel sides will stagger the 
modes and hence reduce the internal resonances. For example, it is 
often beneficial to design the sub-enclosure for an open backed mid 
range unit so that the plane of the rear panel is angled with respect to 
the front, as this will help to suppress the main front/back reflection. 
Long tubes have also been used with success in this application ; well 
packed with absorbent they form a graded termination to the rear 
cone energy. Cylindrical cabinets have the particular advantage of a 
very high radial stiffness, and hence their panel colouration is 

* Also a listening room. See 'Room characteristics', Chapter 8.
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considerably lower than a rectangular enclosure of similar wall 
thickness3 • Even if a cabinet has dimensions that are inharmonically 
related, as recommended above, the magnitude of the standing-wave 
resonances can still be appreciable. 

A test enclosure of internal dimensions 570 x 320 x 266 mm, 48
litres in volume, and tuned to 40 Hz by a tube 203 mm long and 
5 1  mm internal diameter, possessed prominent standing-wave modes 
at 300, 5 1 0  and 620 Hz with a typical Q of 40. The duct had its own 
tube resonance at 750 Hz (Q = 40), in addition to the fundamental 
bass resonance at 40 HZ (Q = 1 . 5). To control such resonances, 
internal treatment by acoustic absorption is essential in a high 
performance system. 

Where an absolute minimum of audible en�losure internal 
resonances is required the quantity of absorbent required can be so 
high as to impair bass efficiency. At this stage it makes sense to close 
the box or employ a non-acoustically transparent radiator instead of 
an open port. 

Suitable materials include lossy fibre blankets such as fibreglass 
and mineral or rockwool pads, plus polyester, cellulose and bonded 
acetate fibre wadding, the latter commonly known as BAF. Speaker 
enclosures of the sealed-box variety may employ self-supporting 
volume fillers such as wool-felt, resin-bonded fibreglass or long­
haired wool, these also providing a degree of damping at the 
fundamental resonance. 

However, if a speaker is optimally designed, little or no damping of 
the fundamental resonance should be required as this factor will have 
been accounted for in the driver system analysis. In such a case, the 
absorbent wadding need only be fixed to the enclosure walls, a well 
bonded material such as BAF or polyester* wadding being the most 
suitable. Thick carpet underfelt is also useful. 

High level non-linearity is commonwith linings which can move at 
low frequencies. This can be seen as a discrepancy in the amplitude/ 
frequency responses taken under steady state and transient 
conditions1 0•

In recent years, open-cell synthetic foams have found favour, in 
particular certain acoustically absorbent grades of polyurethane. 
This material is also used for absorption wedges in many anechoic 
chambers. In small enclosures 12-1 8 mm thicknesses are effective and 
in the larger designs of 60-100 litre volume, blocks 50 mm thick are 
usually satisfactory. Some manufacturers have also used foam sheets 
with a wedged surface moulded into the structure: (Synthetic foams 

* Needs to be used in a densely packed roll to be effective.
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may represent a fire hazard, and the location of the crossover and 
adjacent linings deserves consideration.) 

Optimum placement of absorbent 
The region of maximum standing-wave energy is in the enclosure 
'volume' rather than at the sides, and thus the absorption material is 
ideally placed in the cabinet 'space' rather than attached as sheets to 
the inside surface of the panels. Since the filling should not be allowed 
to move, some system of internal support rods should be installed. 
Some grades of absorptive foam may, with appropriate system design, 
be used as self-supporting blocks completely filling the enclosure. 

7.7 DRIVER-CONE TRANSMISSION OF INTERNAL 
RESONANCES 

Standing-wave modes and volume resonances may not only be heard 
via the cabinet panels but also through a driver cone. A thick, heavy­
cone will be less acoustically transparent than a thin one. Further­
more the output from a cone will be proportional to its area, a small 
cone allowing less of the internal cabinet energy to escape. With large 
cones, in shallow enclosures, where the front to rear mode is strong 
and relatively high in frequency, a layer of absorption immediately 
behind the driver has proved beneficial, and additional acoustic 
obstructions such as polystyrene sections have been attached to 
larger cones to increase their opacity. 

A speaker cone will obey the mass law for sound transmission 
above a certain break frequency around 5 kHz, and the transmission 
is fairly constant at lower frequencies except where resonances occur. 
In the example given in Fig. 7 .8 ,  longitudinal modes in the cone area 
are attributed to the poor attenuation in the 1-5 kHz region, while the 
average loss is 1 6-18 dB. At the driver's fundamental resonance the 
attenuation will of course approach zero. (Figure 7.9 shows a 
transmitted box reflection.) 

7.8 CABINET CONSTRUCTION 

Cabinet size 
The unwanted sound output of a cabinet structure is proportional to 
its surface area. Small cabinets are less of a problem in this respect and 
hence panel damping is not so critical. Conversely, such an enclosure 
will, by comparison with larger cabinets, suffer from internal 
reflection modes of both higher Q and frequency. These observations 
suggest that for rigid enclosures of up to 15 litres, internal volume 
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showing ridge at t = 0.9 ms due to box reflection (courtesy KEF Electronics) 

absorption is important, while for larger sizes, the increasing panel 
surface area means that panel damping assumes greater significance. 

Large enclosures of 60-100 litres volume utilising the thin-wall, 
highly damped technique, may suffer a lack of rigidity at low 
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frequencies, due to the flexure of the large panel area absorbing bass 
energy at the main enclosure volume resonance. With medium sized 
40-50 litre enclosures there may need to be a compromise between 
microfrequency colouration and cabinet rigidity at low frequencies. 
Cross-bracing is useful for increasing the wall stiffness of such a 
cabinet without greatly modifying the colouration characteristics. 
Front to back bracing is also worth employing where the front panel 
is weakened by a significant area of drive unit aperture. 

Subjective results suggest that the designer must find a compromise 
between the need for an articulate, precise sounding low frequency 
register potentially possible with highly rigid enclosures, often infinite 
baffie, and the need for uncoloured transparent mid-frequency 
reproduction. The rigid enclosure may have poorer mid-based panel 
resonances, 500 Hz-1 kHz, while the thin wall, damped alternative 
with 200-400 Hz modes may soften the impact of bass transients. 
Only careful system and enclosure design will provide a workable 
solution to both these requirements. 

The performance of commercial systems suggests that cabinet 
colouration is generally worse with the larger systems unless they are 
very carefully designed. Interestingly designers often miss the link to 
enclosure colouration viewed as a signal to noise ratio. High driver 
sensitivity provides a greater level of wanted direct output to frame 
reaction vibration and consequently induced cabinet colouration, 
and can sound 'cleaner' in consequence. A lighter driver diaphragm 
contributes by reducing magnet reaction vibration. 

Corner joints 
Modem cabinet making techniques can produce accurate mitred 
joints with the use of 'V' groove cutting machines, and a speaker 
designer may be tempted to accept these as satisfactory. While this 
may hold true in the case of small, thick walled enclosures, a more 
substantial edge clamping technique is required for larger cabinets. 
The success of panel damping to some extent depends upon the rigid 
coupling of adjacent panels, so that one helps to dissipate energy in 
the other; The front panel is often weakened by both drive unit 
apertures and ports, and as it is usually undamped, it must be rigidly 
coupled to the enclosure shell in order to adequately transfer and 
dissipate the unwanted energy. 

In an enclosure, all internal seams should have well glued battens 
or corner pieces made from a tough grade of wood about 1 8  mm in 
cross-section. However, chipboard or plywood offcuts are also 
suitable, the aim being to increase the adhesive contact area between 
adjacent panels at the seam. If the front or rear panels are removable 
(many modem designs have permanently fixed panels with access to 
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the crossover and wiring obtained through the bass unit aperture), a 
generous quantity of screws should be employed to securely clamp 
down the panels. 

Front grilles 
Most loudspeakers have some sort of acoustically transparent 
covering to protect the drive unit diaphragms and to screen them 
from view, although with a few domestic designs the visual effect of 
the drivers has been exploited and a grille omitted. Likewise many 
professional systems, particularly the horn types, do not require 
protection, nor are visual considerations very important in this 
context. 

The grille material can have a considerable effect on sound quality 
and must be carefully selected. A less than acoustically transparent 
covering will not only absorb sound energy, particularly in the treble 
range, but will also provide a partially reflecting surface adjacent to 
the drivers, thus producing further colouration. It is not easy to 
produce a material which is sufficiently transparent in acoustic terms 
and visually opaque. Light machine-knitted 'stretch' polyester fabrics 
are suitable and special plastic monofilament woven materials are 
also produced. 

This problem is alleviated if the contrast of the driver panel 
assembly is reduced ; for example, by painting both the drivers and the 
panel black. If a fabric is employed it must be firmly attached under 
tension, spaced from the accompanying panel, .or it may flap and 
produce spurious noises. A thin layer of open-cell foam, approxi­
mately 4-6 cm thick, may be fitted under the grille cloth at .· its 
perimeter in order to space the fabric away from the driver panel and 
impart some resilient tensioning. 

An additional complication arises with a reflex enclosure which has 
a high air velocity at the port opening, as the close proximity of a 
decorative grille fabric may well disturb its operation. The fabric is 
usually stretched over a light wood or metal frame whose side 
members should be substantial since the fabric tension can 
easily warp a frail structure. The 'step' which results from positioning 
the produced grille baffie adjacent to the drive units must be given due 
consideration so that the reflections do not cause colouration and 
disturb the polar response. 

More recently, large pore open cell foam slabs have been used in 
place of fabric grilles, and while these have a remarkably low loss on 
axis, off axis some reduction of treble energy can occur, due to the 
sound traversing a thicker section of material. This could conceivably 
prove an advantage with some drivers, where the off-axis polar 
response needs to be curtailed. The appeal of foam grilles is largely 
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aesthetic, as a wide range of surface contours and colours are 
available. Their self-supporting nature means that they can be 
directly fixed to the cabinet by means of a suitable grade of multi­
hook plastic strip such as 'Velcro'. A further advantage concerns the 
fact that the 'step' of a wooden grille frame is avoided. 

Fabricated grilles of wood slats are generally unsatisfactory, since 
they tend to act as diffraction gratings, but open-weave metal mesh 
has been successfully employed, and if backed with a thin black fabric 
can be visually effective. Tests on a large number of commercial 
systems continue to show very poor grille design, and many of these 
systems are quite superior with their grilles discarded. Not only is the 
axial response in the 2-20 kHz range disturbed by a poor grille, but 
also a loss of stereo focus and detail can be observed. 

7.9 DIFFRACTION AND CABINET SHAPE 

Because of diffraction effects, the properties, size and surface irregu­
larities of a baffie or enclosure will have a considerable influence on 
both the measured and subjective performance of a system. At low 
frequencies where wavelengths are long, even a large enclosure 
presents a relatively small obstacle to the radiated energy, and hence 
through diffraction, the output is uniformly propagated around the 
cabinet, i.e. the radiation pattern is virtually omni-directional. 

Common rectangular enclosures 
With increasing frequency a region is attained where the frontal 
dimensions of an enclosure become comparable with the wavelength 
of the sound being reproduced. The enclosure then begins to 
increasingly direct the sound energy into the frontal or forward plane. 

At still higher frequencies the radiation pattern is theoretically 
hemispherical, bounded by the front panel plane, but in practice it is 
usually narrower, due to the inherent dispersion pattern of the drive 
units themselves (Fig. 7. 10). This characteristic change in radiation 
pattern with frequency will vary with the size and shape of the 
enclosure involved. This behaviour is now examined in greater detail. 

The 6 dB response step 
Consider an ideal piston drive unit which possesses a theoretical 
uniform response when mounted in an infinite baffie. If positioned on 
the front face of a tall tubular enclosure, the resulting axial response 
would exhibit a distinct step of 6 dB at the transition between omni­
directional radiation at the lower frequencies and forward directed 
hemispherical radiation at higher frequencies. This irregularity is 
difficult to equalise and in consequence this cabinet shape is avoided 
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1 80. 

0 
Figure 7.10 Polar diagram from a 30 litre two-unit system containing a 0.2 m cone 
driver working up to 2 kHz, and a 45 mm dome treble unit. The cabinet measures 5 x 2.8 x 
2.49 m. The drivers are vertically mounted with the polar plot taken in the horizontal, i.e. 
lateral plane. At 100 Hz the output at both the front and the rear is comparable as the 
cabinet dimensions are much less than a wavelength. At 1 kHz, the cabinet width 
approximates to a wavelength, and the rear energy output is well down at - 25 dB, the 
cabinet showing a hemispherical pattern with increasing frequency. However, by 15 kHz, 
the polar pattern is in fact controlled by the high frequency unit whose diaphragm 
diameter is the dominant factor (courtesy Yamaha) 

by designers. Olsen's 8 classic set of responses for an identical driverin 
a series of cabinets shows that the 6 dB step is not present at a single 
frequency but appears as a series of ripples in the response curve at 
multiples of the basic frequency, with a peak to peak amplitude as 
high as 10 dB (Fig. 7. 1 1) .  

These curves are valuable to all designers who seek to experiment 
with unusual cabinet shapes. Olsen appears to have tried most of 
them, and the resulting responses are worthy of closer inspection. 'A', 
the sphere, undoubtedly gives the smoothest characteristic. This is 
not surprising, as its shape is free from sharp discontinuities in the 
path of the expanding sound field. However, it is possible to achieve a 
reasonably smoo.th response with enclosures built of plane panels 
providing that they are based on an unequal length, width and height 
ratios, and preferably have chamfered or rounded front edges to 
eliminate the usual sharp profile (shape 'L' ,  Fig. 7. 1 1) .  
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The frequencies at which these major diffraction irregularities 
occur depends on the cabinet size. Small bookshelf systems might 
primarily exhibit the effect from 1 to 2 kHz, whereas it would be more 
prominent from 200 to 800 Hz in the case of large free standing 
enclosures. The pattern is. also dramatically affected by position ; for 
example, by placing a cabinet against a solid boundary such as a wall 
or floor. 

It might even be possible to make some nominal correction to the 
axial response of an imperfect driver by suitable choice of cabinet size 
and proportion, so that the resulting diffraction effects help to 
equalise the driver. 

Minimisation of diffraction 
In choosing a suitable cabinet shape, asymmetrical placement of the 
drive units is beneficial as it results in unequal path lengths from the 
drivers to the edge of the enclosure. 

Some drive units will have a relatively narrow dispersion in the 
mid-band which directs the energy clear of the cabinet edge and hence 
avoids diffraction effects at these frequencies. A typical plastic-coned 
bass mid range unit working up to 2 or 3 kHz in a medium sized 
enclosure (40 litres) will have an off axis response which falls rapidly 
above 700 Hz and hence avoids cabinet edge diffraction effects which 
might otherwise be expected at the higher frequencies. 

The most pronounced mid-band diffraction effects occur with 
small 50 mm dome radiators whose dispersion is almost hemi­
spherical up to 2 kHz. With these units and also in the case of small 
dome tweeters, a plane surface free of obstruction, cavities or steps is 
essential if irregularities in the axial frequency response caused by 
diffraction are to be avoided. This applies also to the design of the 
front plates and mounting chassis of such radiators, which should 
present a smooth contour from the edge of the dome to the front panel 
surface. Even the projecting screw-heads on the chassis can cause 
measurable changes at the higher frequencies. 

7.10 DRIVE-UNIT MOUNTING 

The above considerations also concern the method of drive-unit 
mounting. For example, a 120 mm chassis mid range unit should not 
be mounted behind a 12 to 18 mm panel if colouration due to 
diffraction and cavity resonance effects is to be avoided. Flush 
mounting in the front of the baffie is recommended for such drivers. 
This suggestion may be ignored in the case of larger mid and bass-mid 
units as the front panel thickness is small relative to both the drive 
unit apertures and the sound wavelength produced. 
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A wooden block may be fitted to the cabinet to brace the magnet 
assembly of a driver possessing a weak pressed-steel chassis. This can 
reduce both driver and cabinet colouration. Recent work by KEF and 
B& W9 has revealed that an appropriately compliant driver mounting 
gasket can usefully reduce cabinet resonances generated by energy 
transmission from the driver frame. 

The suspended frame resonance is normally tuned by hand 
adjustment of mounting bolt tension to around 1 00 Hz. Trans­
missions of frame vibration to the cabinet above this frequency is 
much reduced. However, subjective results suggest that you cannot 
get something for nothing. · As with damped thin-wall enclosures, 
compliant driver mounting seems to detract from the bass transient 
quality and some critics have noted a loss in upper range detail, 
attributed to the undesirable movement of the driver frame. In pursuit 
of greater sound definition designers are returning to rigid driver 
fixing, often with superior frame forms and employing thicker, 
reinforced front mounting panels. 

Some designs have employed stepped baffies to improve inter-unit 
time delay compensation. The resulting ledges usually impair the 
performance far more than any benefit in time-delay terms. In one 
design the (h.f.) driver was recessed 6 x 1 0 - 2 m, with the large front 
aperture lined with absorbent material to reduce the inevitable cavity 
colouration and reflections. In so doing, a large proportion of the off­
axis energy output of the driver was also absorbed. While a uniform 
axial response was attained the system sounded 'dead' due to the loss 
of energy in the reverberant field. 

7.1 1  OPEN BAFFLES 

Due to their simplicity, plane baffies were once the most common 
form encountered. For adequate bass the path length from the front 
to the rear of a given driver when baffied should be substantial, since it 
must be comparable with the wavelength of the lowest bass frequency 
required. A large baffle is a weak structure and thus prone to 
resonances unless it is well braced and loaded with sand or heavy 
bituminous pads. 

As with enclosures, asymmetrical baffle shape and drive-unit 
mounting help to minimise cancellation and diffraction irregularities, 
and result in some low frequency extension. 

A typical baffie area for adequate bass is 5 m2, and with a suitable 
driver plus floor augmentation a 60 Hz cutoff is possible at a 
reasonable pressure level. 

Another problem with the simple baffle concerns the unwanted 
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rear radiation, virtually equal to that from the front, the presence of 
which will affect both frequency balance and subjective colouration. 
This problem is also present with the other 'open-backed' systems 
such as the larger electrostatic and magnetically driven film­
qiaphragm speakers, as well as in units such as open ribbon-tweeters. 
However, the open baffie does have its advantages. While it is 
unwieldy in bass form, for mid and high frequency unit mounting it is 
free of the particular colouration produced by the alternative mid 
range sub-enclosure. The sound of such a baffie is certainly 'open' and 
free of boxy effects, and several successful high performance systems 
have used reflex or sealed box bass sections in conjunction with 
smaller open baffie mid and upper mid components. Among these are 
the Bowers and Wilkins D M70, the Strathearn Audio speaker and the 
Dahlquist DQlO. 

Against the advantage of subjectively perceived openness, must be 
weighed the unpredictable performance of such baffies in different 
locations, due to the rear radiation component. Another factor is the 
polar response difficulties when the two are integrated at a crossover 
point. (See Section 2. 1 on 'Directivity'.) 

7.12  LOUDSPEAKER STANDS 

A floor or wall mounted system will operate acoustically as if the 
adjacent surfaces are a continuation of the cabinet and, depending on 
the frequency radiated, acoustic coupling will occur between the two. 
The directivity theory indicates that at these lower frequencies (below 
500 Hz) each adjacent surface will lift the apparent output by 3 dB. 

If a system is balanced to give a natural sound in free space or semi­
anechoic conditions it will be unbalanced by wall or floor mounting. 
A rigid open stand about 0.5 m high will transpose the range oflift due 
to local surfaces to a lowerfrequency to allow a reasonably accurate 
result from such a speaker, particularly in the critical region of the low 
mid range. 

It can thus be seen that the enclosure is by no means a simple box or 
baffie and that quite apart from considerations of low frequency 
driver loading (see Chapter 4) a number of other factors are also 
crucial in determining the subjective quality of the speaker system of 
which it forms an integral part. 

A stand can in fact be regarded as an integral part of the system, and 
if this concept is widely adopted it could result in better systems with a 
more consistent sound quality. Placing the enclosure on a stand 
couples the two, with the assembly itself resting on the floor. Cabinet 
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vibration can cause resonances in the stand while the floor interface is 
also a factor. Under heavy LF transients, enclosures can rock and 
bounce on their support, enough to produce audibly defective 
reproduction. Rigid coupling of stand to floor, for example with small 
adjustable spikes, can make a considerable difference much reducing 
bounce and rocking. The minimisation of rocking also benefits the 
mid-band stereo focus and detail. Doppler effects are not in question 
here, rather the accuracy of positional information transients 
generated by a stereo pair. If allowed to rock even slightly, the 
speaker's natural asynchrony will tend to blur differential transient 
wavefronts. 

Rigid bracing and resonance control in the stand is as important as 
in the enclosure itself where high quality systems are concerned, and 
sand filling is a feature of some advanced examples. 
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Loudspeaker assessment 

Evaluation is a fundamental part of the creation of any new product. 
In the case of a loudspeaker, although the subjective quality must be 
the ultimate arbiter of performance, subjective testing is arduous and 
fraught with difficulties. Figure 8 . 1  gives a suggested hierachy of the 
stages which may be involved in the complete evaluation of a 
loudspeaker system, this also including objective measurements. 

Preceding chapters have outlined the technical aspects of 
loudspeaker engineering, and to a reader versed in the exact world of 
mechanical science, speaker technology might appear equally well 
defined. However, if this were the case, laboratory measurement alone 
would suffice to describe the entire performance of a speaker, 
including its sound quality. In fact, the present state of our knowledge 
is fairly limited as regards the significance of various distortions and 
their audibility thresholds, and despite much research into this aspect, 
subjective listening tests still represent a vital part of loudspeaker 
assessment. In themselves, such tests are a difficult proposition, for 
they involve physiological aspects of human perception, and due 
precautions need to be taken to ensure sufficiently reliable results. 

This chapter covers most aspects of loudspeaker evaluation, both 
objective and subjective. An outline of the major parameters and 
distortions encountered with loudspeakers has been compiled, and 
where information is available, suggested standards and audibility 
thresholds are discussed. 

8.1 LOUDSPEAKER SPECIFICATIONS, STANDARDS 
AND DISTORTIONS 
Amplitude/frequency response 
As with other items of equipment in the audio field, an adequately 
uniform response over the audible range is an obvious objective for 
the loudspeaker designer to aim at. Due to the strong interaction of 
the speaker's acoustic output with the listening environment, it is 
necessary to ask which response is the most important - total energy, 
the forward 2n hemisphere energy or the axial pressure, or perhaps 
something in-between1 •2 • Each philosophy has its proponents - for 
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example, it has been proposed that for wall mounted systems, a flat 
energy response in the forward hemisphere produces the most natural 
sounding result. They are supported in this opinion by many of the 
Scandinavian manufacturers as well as by many European compan­
ies3 .4. More specifically their aim is to produce an equal energy 
response over the frequency range in the listening room, this is 
obtained with systems designed for shelf mounting. However recent 
work conducted on the subjective quality and accuracy of com­
mercial loudspeakers suggests that the most successful models have 
been designed virtually for free field use and are best auditioned 
mounted on open stands as far away as is practicable from room walls 
or comers5 • Such systems appear most natural if their anechoically 
measured axial response is essentially uniform with frequency, 
provided that certain other requirements are met, namely that the 
system should employ direct radiator drivers possessing a good 
dispersion over the forward ± 30° angle, and that the levels of 
distortion and delayed resonance colouration should be low6 • 7• This 
confirms BBC research findings and validates the basic historic 
standards for high quality loudspeakers, although it does assume that 
this type of speaker is fed with an accurately balanced programme 
which admittedly, is a relatively uncommon occurrence. As a result, 
modifications in the response uniformity may be required to suit 
different microphone techniques, for example. 

While a uniform axial output above 1 50 Hz is an accepted 
standard, below that frequency free field or anechoic measurement 
will not give results which correlate with the response in domestic 
rooms. It is at this point that the requirements for a high performance 
domestic system which is generally used fairly near room boundaries 
diverge from those applicable to a large studio or reinforcement 
monitor which may be used in much larger spaces. A speaker seeking 
to serve both applications could ideally be adjustable at low 
frequencies to suit different boundary conditions. 

Dispersion or directivity 
No worthwhile standard has been established for dispersion - in 
other words, the uniformity of response over a defined forward 
radiating angle. For a direct radiator system used for stereo, a 
predictably uniform output over the axial 60° solid angle is desirable, 
particularly in the lateral plane in order that a usefully wide stereo 
coverage is produced. 

A suggested standard is 'deviation to be held within ± 2 dB with 
respect to the axial curve over ± 30° laterally, and ± 10° vertically'. 
This would apply over the 100 Hz to 10kHz range, 1/3 octave 
analysed, and should not be difficult to achieve using modem drive 
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units. Outside of this angle, a rapid reduction in output may be 
considered a positive advantage, since the reflections from the 
adjacent walls would be diminished, with a consequent reduction in 
ambient energy and an improvement in stereo image stability. 
However, in practice it is difficult to make the off-axis output 
independent of frequency. An uncoloured speaker with a flat axial 
response but possessing an uneven off-axis characteristic, may 
nevertheless sound coloured in a listening room as the reverberant 
energy is derived from the total response, including that off-axis. 

Audibility of response irregularities 
An investigation into the audibility of response irregularities has been 
conducted in England by P. A. Fryer8. His tests have confirmed the 
long held suspicion that low Q deviations of small amplitude and 
broad extent can be considerably more significant than high Q 
narrow-band irregularities, mainly due to the reduced probability of 
exciting the latter. The results of this test may be relevant to steady 
state irregularities, since they concern the addition of resonant 
components whose peak amplitude could be less than the reference 
level, but which nevertheless produced mild humps in the total 
response. The ear's sensitivity to such resonances was higher for pink 
noise than for popular music, with a classical orchestral programme 
falling somewhere in between. Figu re 8.2 shows that by using the 
latter type of material, resonant 'Qs' = 25 or more could be of similar 
amplitude to the steady state before being detected, whereas 'Qs' = 1 
which might be expected to be less audible in fact are more noticeable. 
At 2.5 kHz, the region of peak sensitivity, the panel noted the effect of 

; a resonance of Q = 1 ,  at a level some 20 dB below the steady state 

t 1 0  
m 
:=! 
� 0 :J VI VI 
� Cl. 

"0 - 1 0  c :J 0 U'l 
- 20 

100 200 SOD 1 k  2 k  Sk 10k 
Frequency (Hz) � 

Figure 8.2 Detectability ofresonances. 0 dB is a steady state level. At 2 kHz a 'Q' of 1 
may be detected at a level 20 dB below the steady-state response, e.g. classical orchestral 
programme (after Fryer)8 
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response. The ear's high sensitivity to broad acting, low amplitude 
response irregularities, (approximately 1 dB) will be examined at a 
later point in this chapter. 

Harwood has stated that certain other features of frequency 
response are responsible for obvious subjective effects, noteably the 
presence of a series in a sequence of irregularities. If these are random, 
they seem to be relatively innocuous, but if regular, the ear appears to 
assign strong colouration to them, even if it can be proven that the 
level of the delayed resonances is otherwise insignificant. The location 
of a speaker system in a room can invoke such a series of resonances, 
which are subjectively as obvious as those which can occur in the 
system itself. A further investigation concerned the audibility of 
irregularities, with peaks and dips of magnitude ± 3 dB. If these were 
more closely spaced than 1 octave, and were not present in the form of 
a regular series, then they proved inaudible under programme 
conditions1 0. 

An isolated peak 4 dB high proves difficult to identify, while any 
series of dips or peaks of smaller amplitude, no matter how strange 
the mathematical relationship, seems to invoke subjective coloration. 
The ear's response follows a kind of VU meter characteristic where 
positive peaks are summed but negative ones produce rather less 
subjective response. Fortunately it is the broad, 1-2 dB level irregula­
rities which are amenable to adjustment and equalisation during 
system design. Furthermore, while the broad imbalances are easily 
heard on an A/B comparison basis, it is these for which the ear/brain 
processor can make unconscious adjustment after a short period.
Higher Q ringing' cannot be compensated in this way and is equally
difficult to deal with on a system equalisation basis. 

It is evident that on a subjective basis broad deviations in response 
are more obvious to a listener and that perhaps weighted on an octave 
band basis, the speaker designer should be aiming for a deviation of 
± 0.25 dB or less in the forward directed response, while according 
rather less importance to narrow band deviations of greater ampli­
tude which hitherto may have occupied his attention. 

Further confirmation of this 'averaged response' criterion was 
provided by a series of panel tests which involved the assessment of 
200 pairs of commercial loudspeakers5 • The identities of the speakers 
were concealed from the panel, and the systems auditioned included 
both small models with good bass transient performance but 
necessarily limited bandwidths, and considerably larger systems, with 
a wider bandwidth but a generally poorer bass transient response. 

The panel often voiced a preference for the smaller models, 
providing that they were not overloaded. In fact, even a miniature 
loudspeaker of 8 litres volume was found capable of sounding natural 
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in a 'full' and 'spacious' manner - more so in fact than many of the 
larger systems to which this quality is more likely to be attributed. 
Subsequent analysis revealed that the favoured speakers were those 
which possessed very even axial responses over 100 Hz to 10 kHz 
when measured by third octave and octave averaging. 

Nonlinear distortion 
Except for gross effects induced by overload or a mechanical failure, 
there is little evidence to suggest that the distortions measured in 
electronics such as amplifiers are of the same subjective nature as 
those perceived with loudspeakers 1 0• 1 1 • While levels of below 0. 1%
for harmonic and intermodulation distortion are well worth attaining 
with an amplifier; providing that the transient characteristics are not 
compromised, higher levels of loudspeaker distortion appear to be of 
less consequence. 

As little correlation appears to exist between subjective sound 
quality and distortion characteristics in speakers, their interpretation 
is somewhat arbitrary. Moir compiled a graph of lower limit 
detectability of harmonic distortion on single tones ( Fig. 8 .3) which 
shows that below 400 Hz, distortion greater than 1 %  on second and 
third harmonics is undetectable. At 60 Hz, over 7.5% of third 
harmonic content is inaudible, and likewise at 80 Hz, over 40% of 
second harmonic content lies below the audibility threshold. 

At frequencies higher than 400 Hz there is little evidence to indicate 
that harmonic distortion above 1% is audible. For example, the DIN 

c 
..g 5 
£ 
.!!! 
Cl 

2 

50 100 200 500 
Frequency (Hzl � 

Figure 8.3 'Just detectable' harmonic distortion on single tones (after Moir)1 4•1 5 
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standard 45,500 which is applicable to hi fi systems states that for 
96 dB s.p.l. at 1 m, the distortion should be less than 3% total 
harmonic from 250 Hz to 1 kHz, reducing to less than 1% above 
2 kHz, this range extending to 5 kHz. 

Fryer examined the sensitivity of a small but representative panel 
to first order (/1 + /2,/2 -/1 ) intermodulation distortion* reproduced
by loudspeakers, this distortion generated electrically to a high 
standard of accuracy. The test programme included popular, classical 
orchestral and solo piano material. Overall, the threshold of de­
tectability of intermodulation distortion lay at the 4 to 5% level. 
Experienced listeners demonstrated a 2 to 4% threshold on piano, and 
unskilled female panellists a similar sensitivity on pop music. On pure 
tones the results were dependent on the level of the fundamental 
which was controlled by room resonance effects. Distortion th­
resholds of about 1% are indicated for pure tone tests 7 • Interestingly 
enough, neither sound pressure level (within reasonable limits) or 
loudspeaker type (from large four-way systems to small two-way 
bookcase models) had any detectable influence on these results. This 
finding suggests that the residual intermodulation distortion of the 
test reproducers were negligible. The conditions for this experiment 
were related to a domestic situation, with the programme derived 
from disc, which will inevitably contain both considerable in­
termodulation and harmonic distortion. The music thresholds might 
have well been closer to the pure tone levels had higher quality 
programme such as master tapes been employed. 

MacKenzie suggests that a maximum of 0.25% harmonic and 
intermodulation content for the 'mid-range' (200 Hz to 7 kHz) is a 
desirable limit, and his recent report on loudspeakers indicates that in 
the absence of other masking effects, subjective quality degradation is 
present with systems containing levels of over 1% in the 700 Hz to 
12 kHz band. His test method utilised a 300 Hz difference frequency, 
measuring the upper third product (2/1 -/2) from 400 Hz to 20 kHz,
with f1 tracking below1 3 . However, the first order intermodulation
product may not represent the entire solution to the problem, and 
higher orders are well worth investigating. For example, BBC designs 
are examined during development for harmonic distortion to the 8th, 
and intermodulation products to the 7th order (Figs. 8.4 and 8 .5)6 • 

Smoothly changing distortion curves are considered favourable 
while the presence of sharp discontinuities indicates breakup modes 
with other serious consequences in terms of irregular directivity and 
impaired transient performance. If there are any doubts that low 

* Fundamental frequencies (/1 ,/2 ). The lst order distortion products are the sum and
difference frequencies of the fundamentals 
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Figure 8.5 Intermodulation distortion of IS5/5 loudspeaker measured at I N/m2 at 
1.5 m (after Harwood)6 

distortion is possible from a loudspeaker, the curves for the Yamaha 
NS1000 should dispel them (Fig. 8 .6). 

This model, a three-way sealed box system using a 300 mm pulp 
cone bass, an 88 mm dome mid and 30 mm treble unit, was tested at a 
90 dB reference level at 1 m. Above 500 Hz the second and third 
harmonics were typically below 1%,  and the intermodulation product 
over the same range in general measured 0. 1 5%. To illustrate rather 
more typical distortion results, the response graph of an American 
three-way system taken under the same conditions is included for 
comparison (Fig. 8 .7). 

The large area diaphragm speakers such as the electrostatics 
should have very low distortion due to the very small diaphragm 
excursion required once the low frequency range has been dealt with. 
Tests on the Quad ESL63 verified this, with harmonic distortion even 
at 96 dB, one metre, at around - 60 dB at frequencies above 1 50 Hz. 
It also showed very good pulse response with regard to compression 
within its dynamic range. 
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Figure 8.6 A low distortion speaker system by Yamaha, at 90 dB /in approximately, at 
1 m. (a) Axial pressure response, (b) 2nd and 3rd harmonics and (c) intermodulation 
(2f1 - f2) product where f2 - f1 = 300 Hz. (After MacKenzie)1 3 

Frequency-modulation distortion 
This is often described as 'Doppler distortion', but more correctly it 
refers to a series of distortion harmonics produced when the 
frequency of one signal is modulated by another. * This occurs when a 
drive unit diaphragm or even a local reflecting surface radiating a 
* The figures for Doppler distortion are. described in two different forms, either as a
percentage of frequency shift of the upper frequency, this figure thus constant with 
respect to the latter, or alternatively as a percentage of the Doppler introduced 
harmonic side bands relative to the amplitude of the unshifted upper signal. This second 
method gives a figure which is proportional to the upper signal frequency and thus 
varies considerably over the spectrum. 
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Figure 8.7 Typical distortion results; (a) axial pressure, (b) 2nd and 3rd harmonics and 
(c) 2f1 - f2 , intermodulation product. 90 dB at 1 m, 2f1 - f2 = 300 H z. (After
MacKenzie)1 3 

high frequency is simultaneously radiating another lower frequency, 
where a greater excursion occurs. A typical example would be as a 
bass driver reproducing low and mid-range signals. 

One may speculate about the importance of minimising FM 
distortion, since a microphone transducing a wide-range programme 
at high sound intensities will possess FM components in its output. 
The bass frequencies will cause the diaphragm to move while 
simultaneously receiving the higher notes. Could a loudspeaker 
impart some cancellation of this distortion when reproducing such 
programme ? A brief examination of the amplitude of microphone 
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diaphragm motion at typical sound pressure levels shows that such 
frequency modulation is in fact negligible, and hence such cancel­
lation will not occur. 

Several authorities have discussed the problem of FM distortion, 
and some have suggested that the audibility thresholds are very low ; 
Moir1 4 • 1 5  has shown that 0.002% is detectable when using a 
modulating frequency of 20 Hz and a pure tone fundamental. Further 
work, in this instance using music programme and a revised 
sensitivity threshold, has suggested that 0. 1% might be the level 
detectable by the experienced listener. A particularly relevant in­
vestigation is that conducted by Scott and Axon1 6 , concerning the 
high frequency pitch variations classed as flutter, which are also a 
form of FM distortion. Thresholds of about 1% were determined (Fig. 
8.8). 

In this light, Moir's more recent threshold of 0. 1% might appear to 
be a possible objective to match future equipment and programme 
standards. 

For a given type of diaphragm, however, it would seem that while 
FM distortion reduces with increasing cone size, and consequently 
reduced LF excursions, the non-linear amplitude modulation distor­
tions, namely harmonic and intermodulation, remain independent of 
cone size. With large units, for example, of 300 mm diameter, the FM 
and AM distortions are almost equal at the 1% level, (at 85 dB s.p.l.) 
while for the 1 00 mm diameter size, the distortion is likely to be 
dominated by FM components 14 dB greater in level. 

However the ratio of FM to AM components depends strongly on 
the type of driver. Klipsh 1 7 was unfortunate enough to measure a 

% 1 · 0  
FM 

o.s

t Q. 6 

Q. 4  

Q.2 

0 
Q.S 2 5 10 20 50 100 

Flutter frequency ( H zl --.. 

Figure 8.8 Subjective thresholds for piano music ,frequency modulated by a pure 'flutter' 
frequency (after Stott and Axon)1 6 
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rather poor 200 mm mid-range unit Uudged from the reproduced 
frequency response) which produced up to 1 5% total harmonic and 
intermodulation distortion within its working band (540 Hz and 
440 Hz,f1 ,/2 when producing 100 dB at 0.62 m). Such a performance
is not, in my opinion, representative of current high performance 
examples. He also investigated a full range compact multiple driver 
system which was designed for use with an equaliser, and found that 
at f1 = 50 Hz,j2 = 750 Hz, both set to 95 dB s.p.l. at 0.62 m, the AM
content was 14% as compared with the FM content of 3%. 

A relevant point in this context is that significant FM distortion is 
only produced under high LF excursion which does not occur very 
often with the average programme. 

Judged on subjective grounds FM distortion in general does not 
appear to be a major effect. The consumer tests5 demonstrated that 
on wide range pr9gramme played at a reasonable level (85 dB average 
in a fair sized room, measured at 2 m), a very high quality 8 litre two­
way sealed box system subjectively outperformed a number offull size 
three-way systems, of 50-100 litres volume. The small enclosure 
involved was based on a BBC design and designated LS3/5a. If any 
system should have failed because of unacceptably high FM content, 
this would have been the one since at this volume level the harmonic 
distortion was under 1% and hence could not provide masking. 

Published research conducted by Wharfedale9 indicates that the 
maximum allowable excursion to be 4 mm peak, for a wide range 
driver, before FM distortion becomes audible. Their test method 
employed electronically simulated Doppler distortion through the 
use of a variable delay line. The miniature system described above just 
meets this criterion at the level used for the consumer test, as in fact do 
most other quality speakers used within their intended loudness 
range. 

A definitive review of FM distortion by Allison and Villchur 
clarifies the subject considerably and indicates that at 40 Hz, a 1 7  mm 
peak to peak excursion lies below audibility. Taking into account 
subjective flutter weighting this excursion limit remains valid . at 
20 Hz, this beginning to restrict the maximum allowable output at 
such a low frequency. However when the typical spectral content of 
music programme is considered this does not present too much of a 
problem. As noted before, the level of amplitude intermodulation at 
this level of driver excursion is likely to be much higher. 

Transient response and coloration 
Speech and music are largely asymmetric in waveform structure, and 
theoretically they demand an accurate pulse or transient response 
from the loudspeaker. If the standards often applied to the other 
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components in the audio chain were applied to loudspeakers, then the 
acoustic output of a loudspeaker would decay to negligible levels 
0.025 ms after the cessation of a narrow impulse excitation. 

Viewed in a pessimistic light, a loudspeaker may be regarded as an 
assembly of more or less well damped resonances spaced across the 
audible frequency range, and it thus has little hope of meeting such a 
requirement. Fortunately the human ear's inherent discrimination of 
transients is poorer than the above mentioned standard, and there are 
indications that a decay rate of 10 dB per millisecond immediately 
after the excitation is a realistic level to aim for, with the rate 
decreasing exponentially after the first 20 or 30 dB decay. 

The energy hangover after the impulse has passed is similar to 
reverberation, and in some speaker designs it has been deliberately 
encouraged to provide a falsely weighty and spacious subjective 
effect. Since such a hangover is strongly frequency dependent, 
'delayed resonance' is a more appropriate term, and in practice 
subjective coloration associated with its presence may be ascribed to 
the frequencies at which it occurs. 

Some speaker designers believe that a transient response of the 
same characteristic as a quality amplifier is necessary from a 
loudspeaker and have exhaustively pursued aspects such as truthful 
square wave reproduction. Such a performance be definition requires 
that the amplitude versus frequency response be sensibly flat ; that the 
overshoot or ringing at any frequency be minimal, and that no 
differential time delay or frequency unrelated phase shift is present 
between sections of the audible spectrum. It has been suggested that a 
speaker with differential time delays, that is, a non-minimum phase 
characteristic, must sound coloured in this respect, although there is 
still a matter of dispute. 

Colouration remains a major fault with loudspeakers, where the 
main problem concerns its subjectivity. One listener may prefer a 
certain system to another solely on the basis of differing colouration, 
whilst neither may in fact be superior. Colouration can certainly be 
attributed to delayed resonances whose effects may be imperceptible 
in terms of an irregularity on the steady state frequency response, but 
whose presence is plainly visible on a frequency analysis taken a 
millisecond or longer after an impulse excitation, and may be equally 
obvious on subjective grounds (Fig. 8.9. 

Delayed resonances are a major cause of colouration and can result 
from many effects such as unwanted vibration in cabinet walls, drive 
unit resonances and inadequately damped electrical resonances in the 
crossover network. Visible broad-band unevenness in the frequency 
response curve will also result in subjectively perceived colouration 
(see Table 8.5). 
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Figure 8.9 110 mm moving-coil bass/mid-range unit in a 7 litre closed box. (a) Impulse 
response, (b) and (c) frequency response (at t = O, i.e. steady state equivalent), (d) 
cumulative delay spectra (showing delayed resonances up to 2 ms after impulse has 
passed). (Courtesy KEF Electronics Ltd) 

Delayed resonances are a major cause of colouration and can result 
from many effects such as unwanted vibration in cabinet walls, drive 
unit resonances and inadequately damped electrical resonances in the 
crossover network. Visible broad-band unevenness in the frequency 
response curve will also result in subjectively perceived colouration 
(see Table 8 .5 ,  p. 302). 
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Phase 
There has been a resurgence of interest in the general audibility of 
phase effects and in particular, their relationship to the design of 
loudspeakers. The measurement of phase was rather difficult until the 
introduction of modern digital delay-lines, and certain manufac­
turers, notably Technics, Bang and Olufsen, Bowers and Wilkins, 
have since produced linear or more correctly 'minimum phase' 
loudspeaker systems. The Quad Electrostatic speakers belongs to this 
group, although at the time of its original introduction in 1955,  the 
aspect of minimum phase was not accorded much importance. 

Linear phase defines a system with a constant time delay, which 
gives rise to a linear rate of change of phase versus frequency. Recently 
a number of papers and articles have been published on this 
controversial subject1 8 -2 7 and although the author does not intend
to commit himself, clearly some review of the matter is in order. lt has 
yet to be demonstrated that minimum phase speaker designs are 
subjectively more accurate on programme signals than other high 
quality but conventional systems ; in fact, 'linear phase' speakers to 
date have generally not attained the same standard set by con­
ventional high quality monitors. The limitations imposed by mi­
nimum phase techniques appear to be partially responsible, and 
whatever benefits 'linear phase' offers, they are clearly insufficient at 
present to make up the quality deficit. Nevertheless there are strong 
indications that minimum phase designs do offer improved stereo 
imaging and greater apparent depth, particularly when auditioned 
using . coherent stereo programme, and the technique cannot be 
dismissed out of hand. 

It is likely that the imposition of a degree of phase uniformity as an 
additional design parameter helps to produce better crossover design 
with improved driver output integration. The latter quality is the 
smooth transition in output from one driver to its adjacent partner 
through the crossover frequency range. The misdirected frontal 
energy lobes in the crossover range are sometimes easier to handle via 
a minimum phase approach. 

Absolute phase 
Some critical listeners now consider absolute phase as a factor, 
generally neglected so far. Based on the ear's response asymmetry to 
positive and negative going transients, in ideal conditions it is 
possible to hear a small difference between a drum beat reproduced 
with the compression transient leading or vice versa. Subjectively 
positive or correct phase gives a fuller bodied effect, and phase 
inverted, with the rarefaction transient leading, gives a slightly 
'hollow' sound. 
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In a recent test an experienced listening panel could reliably 
distinguish between phase 'normal' (note that the polarity of most 
recordings is unknown and that many amplifiers phase invert) and 
'inverted' on a rock music track with sharp percussive drum sounds. 
The speaker on which this was heard most clearly was a high dynamic 
range, high linearity sealed box design, well overdamped and 
possessing particularly good low frequency phase and transient 
response. 

The new consumer digital programme source, compact disc, CD, 
has been specified as a non inverting system. In the future, as product 
and recordings are classified for correct phase, as would be heard by a 
listener at the performance, absolute phase may become a significant 
factor. In addition, digital programme bandwidth is far more 
extended at low frequencies than other types, often down to 2 Hz, 
3 dB. While programme level is minimal here, such a wide bandwidth 
can be important in regard to group delay and phase shift in the 
audible frequency range. As standards improve, better transient and 
low frequency response will be demanded from loudspeakers. 

Direct versus reverberant sound 
It is not generally appreciated how strong an influence the ratio of 
direct to reverberant sound can be on subjective quality. Given a 
room with a reasonably uniform reverberation time with frequency, 
and taking a normally positioned listener placed 3-5 m from a stereo 
pair of speakers, most of the sound energy heard is reverberant, not 
direct. On first inspection one might question the possibility of 
producing a sensation of a stereo image in the presence of such a 
dominating non-directional diffuse sound field. However the ear can 
readily distinguish between the arrival times of the 'focused' direct 
sounds from the speakers and the reflected and diffused reverberant 
sound arriving later. The reverberant sound can still be heard, and 
while a uniform axial frequency response can be perceived under 
reverberant conditions, the former is influential in determining a 
proportion of the tonal balance and 'liveliness' in a given room. 

While a heavily furnished room will produce a 'dead', rich effect, 
and a room with large plastered surfaces, uncovered wooden floors 
and little furniture will sound hard and bright, it is less well known 
that the loudspeaker system can impose similar effects independantly 
of its axial response. 

Cabinet size and width, and in addition driver size, control the 
system's directivity and off-axis energy. The room attempts to sum the 
total output from a speaker and thus the total energy response 
appears in the resulting equation. 

In a room, despite a similar axial response, a large speaker will 
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sound different to a small speaker because the total energy versus 
frequency response for a small enclosure is quite different to a large 
one. In free space they could well sound very similar. Assuming for the 
sake of argument that in a typical (IEC) listening room, a stand 
mounted 40 litre enclosure sounds natural (with a basically uniform 
axial frequency response) a 10 litre system will sound 'lighter' and 
more forward tonally in the mid register, 400-800 Hz. This is due to 
increased reverberation in the region due to its wider dispersion. 
Conversely a 120 litre broad-fronted system will sound 'heavier' in 
tonal balance with a richer more recessed mid-range due to the 
relatively poorer directivity in this region. 

One manufacturer partially solved this problem with a large system 
by fitting additional mid and treble drivers on the top surface. Stereo 
focus is not seriously affected while the extra mid and treble 
contribution to the reverberant field gives the system a lighter and 
more 'airy' tonal balance in rooms. 

Another solution consists of separating the bass system from the 
upper range reproducers, such that a more uniform off-axis response 
can be maintained over the frequency range. Systems have been 
vertically tapered in width or successfully fitted with separate 'head' 
assemblies for mid and treble. 

Impedance (as seen by an amplifier at the loudspeaker terminals) 
At first sight one might not expect the input impedance characteristic 
of a loudspeaker to have much influence over the reproduced sound 
quality, but in practice problems can occur when an amplifier is 
connected to a speaker system. 

With some loudspeakers containing complex crossovers, the 
designer may have sacrificed the uniformity of impedance to optimise 
other characteristics, such as axial response. Only the finest amplifiers 
are able to drive difficult loads without some subjective quality 
deterioration, and even with these, the maximum output is inevitably 
reduced. Poor quality amplifiers can thus produce quite disappoint­
ing results with loudspeaker systems possessing a demanding reactive 
impedance characteristic. 

A suggested standard which will give good results with the present 
generation of power amplifiers is for a complex impedance of Z = 8 0, 
± 20% with a phase angle not exceeding ± 30° over the range, 100 Hz 
to 10 kHz. 

Non-standard impedances are troublesome on several counts. For 
example, they make it difficult to specify true sensitivity, because the 
nominal power delivery of the matching amplifier is indeterminate. 
Take the example of a system where the designer aimed to make a 
speaker 'apparently' more efficient with a standard 8 Q based 
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amplifier. Instead of increasing magnet flux, this was achieved by 
reducing the system impedance to an average of 5.5 n, from a nominal 
8 n. At moderate levels where the amplifier was unstressed, the extra 
power required was delivered with a consequent sensitivity improve­
ment, but towards full power the situation was reversed. The low 
impedance induced premature amplifier clipping of an unpleasant 
nature, and ultimately, the maximum tolerable sound pressure level 
produced by the combination was less than that for the original 8 n 
based design. The practice of specifying voltage sensitivity may gain 
acceptance and is quite sensible in view of the low output impedance 
of modem amplifiers. 

Dynamic impedance and peak current demand 
It is customary to consider impedance in terms of a swept single 

frequency steady state analysis, but an improved assessment3 7 of a 
speaker's dynamic loading on a connected amplifier can be made via 
an analysis under transient conditions of the complete equivalent 
circuit including the driver constants. 

Once exited or driven by a simulated unipolar transient, a moving 
coil driver overswings, generating a reverse or negative current. 
Transients of a type which apply another input pulse during the 
'recoil' demand a total .current from the amplifier which can peak at 
double the value predicted by the modulus. In a multiway system it 
is possible for further crossover connected drivers to draw additional 
current. In consequence under certain programme transients of a 
particular positive and negative timing sequence, it is possible for the 
effective dynamic impedance to fall to a low value, typically a 3.5 n for 
a three-way 8 n system, 2.2 n for a 4 n three-way, and as low as 1 .7 n 
for a 'difficult' 4 n load speaker. 

From considerations of both amplifier load tolerance and connect­
ing cable requirements a standard '8 Q' speaker design is to be 
encouraged. Conjugate impedance compensation of the complete 
loudspeaker is also possible (see p. 1 73). 

Power capacity 
The measurement of power capacity is defined in the literature, for 
example the DIN standard, but in practice can be quite complicated. 
Essentially drafted to cover single driver systems, a weighted random 
noise signal is applied over a defined duty cycle at increasing power 
until failure occurs. Such destruction testing is worth carrying out at 
the design stage to pin-point areas of potential weakness but is not 
helpful in the case of finished multiway systems. The problem partly 
lies in the unpredictably transient nature of programme. A system 
containing a 3 W continuously rated HF driver may well operate 



1 0  

d B  

0 

- 1 0  

- 2 0  

- 3 0  

- 4 0  
1 0  

/ 
/ 

2 0  

W H I T E  N O I S E  
G E N E R ATO R 

R ; , s o n  

5 0  

-

1 0 0  2 0 0  

. .  

LOUDSPEAKER ASSESSMENT 255 

I 

5 0 0 H z  

....... 

output 
impedance 
;;;. 1 M n 
// S O pF 

.......... 
' 

2 

(b) 

1 Z  7 9 8 6 7  

r--. 

" 
'\. 

5 1 0 k H z  2 0  

(a) 

Figure 8.10 (a) Notice weighting curve according to DJN45573 (IEC proposal); (b) the 
filter necessary to derive this response from a. 'white' noise signal (after Hermans) 

successfully in a system rated at 50 W, this applying to the rating of 
the accompanying amplifier driven on speech and music programme. 
A specific condition is that the amplifier must not be overloaded. If 
this were to occur the resultant clipping directs increasing energy to 
the HF unit, resulting in its early demise (see Fig. 8 .10). 

Programme power ratings are commonly applied to loudspeaker 
systems and these take into account the rating and thermal time 
constants of the individual drivers and in the bass the additional 
factor of damage limit peak diaphragm excursion. 

Amplifier overload is a possibility which cannot be ignored and 
the speaker designer should aim to allow a reasonable safety 
margin when specifying the programme power rating. Even so total 
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freedom from failure cannot be guaranteed unless an electronic 
protection system is included such as those employed by KEF and 
B & W in their reference systems. Fuses are often used as a stopgap 
solution but their sonic behaviour is open to doubt. Certainly, if of 
low enough value to give complete protection, they behave as non­
linear resistors and require two potentially unreliable contacts. The 
latter, and the atmospheric corrosion of wiper and track in driver 
level controls, are known causes of audible distortion in systems 
which have been in service for some years ; such contacts are to be 
avoided wherever possible. 

Subjective power testing is possible using broadband music pro­
gramme where the peak power input is monitored. Using a powerful 
amplifier (up to 500 W) its behaviour may be explored at the dynamic 
range limits. In one sequence of tests the use of a direct injection bass 
guitar was found to be very helpful and in addition this instrument's 
sonic purity proved to be highly revealing of other low frequency 
performance aspects, for example bass damping, rattles (not so rare as 
one might expect), bass distortion (reflex port overload, etc.), tune 
playing ability and box coloration. 

All things considered, the quoted power rating is largely a matter of 
experience and good judgement. 

Compression and dynamics 
Both thermal and magnetic flux factors dictate some degree of 
compression in moving coil speakers. Sustained high level peaks heat 
coil wire, increasing their resistance and reducing their sensitivity 
temporarily. Many testers are aware that graphing a loudspeaker 
response at an input level much higher than 0.5 W will involve some
measurable compression. The usual rate of sine generator sweep
means that only the HF driver has time to heat up and by the time 
20 kHz is reached, a loss of 1 dB or more is not uncommon in many 
published graphs. Furthermore, while in theory the varying flux 
change in the magnet system dut to programme should only be a 
small proportion of the static polarising flux, under heavy peak drive 
this may not be so, the peaks then suffering amplitude compression. A 
high level bass transient may result in compression of an accompany­
ing lower level mid band signal, an intermodulation effect. 

High sensitivity systems with light diaphragms are generally more 
linear and suffer less from compression. Ferrofluids can assist in 
greatly moderating the temperature changes experienced by a motor 
coil but may suffer from a viscosity variation of their own. Crossover 
saturation may also play a part ; cored crossover inductors can 
saturate rapidly at peak levels dramatically changing circuit values 
during the peak. 
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Reflex systems with a small exit port can also suffer dynamic 
problems. In one well known example the low level bass transients 
were 'boomy' corresponding to a system Q of about 1 .3 ,  well 
underdamped. Driven to higher levels, 10-30 W peak the port area 
was reduced and the output damped via turbulence (5 cm port 
diameter), with the Q nearer 1 .  At still higher power levels severe port 
turbulence meant that the reflex loading became ineffecitve, the 
system reverting to sealed box loading, and effectively compressing 
high level bass transients relative to low level ones. 

8.2 MEASUREMENT AND EVALUATION : 
INTRODUCTION 

From an engineering viewpoint, loudspeaker assessment might 
appear fairly straightforward; drive units can · be specified to a 
sufficient degree to guarantee a predictable measured standard. 
However in practice, objective measurement alone is insufficient to 
fully describe the sound quality, and subjective evaluation is also 
essential, with the loudspeaker system preferably judged by reference 
to live sound. 

Subjective appraisal is the final arbiter in the judgement of quality. 
While engineering theory and mathematics will provide the foun­
dation for a. design whose technical accuracy and soundness may be 
verified by objective measurement, until a valid listening test is 
undertaken the true merit of the design cannot be assessed. 

The total evaluation of a loudspeaker is thus a complex and wide 
ranging operation whose basic content is outlined in Fig. 8 . 1  under 
'Loudspeaker Appraisal'. The two sections, namely objective and 
subjective assessment, are dealt with separately, in this section and in 
section 8.4. 

Objective or instrument based measurements 
Figure 8 . 1  covers the bulk of the useful tests which may concern 
complete loudspeaker systems or individual drivers, when suitably 
mounted on a panel or baffie. 

Test environment 
Most loudspeaker measurements utilise a precision microphone to 
sense the sound pressure from the test loudspeaker. The test 
environment is of considerable importance, as the readings may be 
strongly affected by sound reflections under normal reverberant 
conditions. 

For those where such interference must be eliminated, the speaker 
should be taken to a 'free-field' or open-air location and elevated clear 
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Figure 8.11 Anechoic chamber (courtesy Acoustic Research) 

of the ground. Cooke2 8 indicates that an 8 m elevation is sufficient for 
a 1 m microphone-to-loudspeaker spacing, provided that the speaker 
is mounted front uppermost with the microphone positioned above 
it, in order to minimise reflections. If atmospheric conditions are 
favourable, this true free-field location gives more accurate results 
than an artificial echoeless environment, usually an anechoic cham­
ber (Fig. 8 . 1 1) .  

In ·such a chamber, of moderate size, the optimum working range is 
limited to 200 Hz to 20 kHz, with a typical absorption of 90% of the 
sound energy, though with careful calibration the low frequency 
range may be extended to 50 Hz (near field). 

The inconvenience of outdoor measurements where ambient noise 
(passing aircraft and cars, etc.) is a nuisance, means that anechoic 
chambers are widely employed. Provided that their imperfections are 
understood and noted, they are invaluable for loudspeaker measure-
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ment. Typical anechoic chambers consist of an acoustically isolated 
room of massive brick or concrete construction, lined intemally with 
wedges of polyurethane foam or fibreglass up to a metre in length. 
Good absorption of sound is offered down to wavelengths compara­
ble with twice the wedge depth, typically 200 Hz. Below this, the low 
frequency absorption becomes less effective, and the.characteristic or 
the anechoic chamber gradually reverts to a free field pressure 
chamber much like an ordinary room of similar dimensions. A further 
difficulty encountered with free field measurement is the necessity for 
the microphone to be in the far-field ; that is, several wavelengths 
distant at the lowest frequency in the range covered. Clearly low 
frequencies will present the most problems. The microphone must 
also be positioned at a greater distance from the test system than the 
largest panel dimension, to avoid near�field diffraction. At 30 Hz the 
required separation of microphone and system makes any kind of 
free-field measurement almost impossible ; either the chambers are 
not large enough or the signal-to-ambient-noise ratio in open air is 
likely to be inadequate. 

At the normal l m tnicrophone spacing, with the tests conducted in 
an average chamber of 80 m3 , the low frequency section of a curve at 
typically below 1 50 Hz will begin to · approximate to a pressure 
response, with the microphone located in the low frequency near­
field. It is fortunate that for domestic speaker applications, the 
dimensions of the listening room are not too dissimilar from those of 
the anechoic chamber. Hence both possess a similar broad averaged
pressure response and the measurements taken in the chambet still 
make practical sense. This is however only valid for nioderate . room
sizes, and acoustic conditions will be entirely different if a loudspeaker 
is used in a large hall, where the free-field response radiation will 
continue down to a correspondingly lower frequency. 

Recently developed methods for response measurements using 
pulse signals, where the test room reflections and ambient noise may 
be suppressed by suitable synchronised gating, can offer some 
improvement, but the theoretical necessity to remove the microphone 
to the far field still remains. 

Test environment - anechoic 2n or 4n reverberant chamber or listening 
room 
While the author subscribes to general practice, namely measurement 
in full 4n or anechoic free field conditions, together with suitable 
allowance made at low frequencies for intended use and expected 
local boundaries, some engineers still favour measurement in a 2n or 
half-space environment. Here an anechoic chamber is used where one 
wall is solid and reflecting and fitted with interchangeable baffles for 
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flush fitting the test system. Tidy diffractionless graphs free of 
reflections can be produced and the low frequency response pre­
dictably follows the theory (which assumes 2n working). However 2n 
use cannot be obtained in service except where the customer is also 
prepared to flush mount the system in his room walls, or as commonly 
occurs with miniatures, install them in a bookcase, the books well 
packed around the systems. In one sense 2n is more accurate than 4n 
in that one boundary is taken into account at low frequencies, 4n 
taking account of none. 

· 

A totally reverberant chamber can give a useful result, not in terms 
of axial frequency response, but rather in terms of drive unit 
integration, and overall energy uniformity. An idea of the sound 
quality of the reverberant field can be obtained as may be heard in a 
listening room. 

A real listening room constitutes a partially reverberant chamber. 
While a test reverberant chamber builds a well diffused sound field of 
long decay time, up to several minutes duration, the listening room R1 
lies in the range from 0.2 s to several seconds. In addition the volume 
patterns of sound energy are anything but diffuse. However a well 
proportioned and acoustically balanced listening room can be used 
for speaker assessment. It can be worthwhile to take some measure of 
the room sound field in the region of optimum stereo effect and focus, 
perhaps represented by a sofa at the listening position. This can be 
obtained by employing optimum asymmetric speaker positioning an 
the room, and by computing a continuous average ofthe response at a 
minimum of 8 combinations of position and height in the listening 
space. The averaging covers both left and right speakers individually 
exited. 

Using third octave pink noise analysis, the results, in the absence of 
serious loudspeaker colorations, can show considerable agreement 
with the subjective assessments of frequency response, balance 
uniformity and low frequency extension as heard in the room. 
Spectral balance between low bass, mid bass and mid range bands is 
clearly shown in a manner often hidden in the free field laboratory 
response (see Fig. 8 . 12). 

Poor speaker and subject positioning and/or a difficult room will 
introduce sufficient aberrations to make this assessment of reduced 
value. 

One cannot expect a computer averaged room response to remain 
uniform for the highest frequencies since it consists of a mix of direct 
and reverberant sound, With the usual increasing system directio­
nality with increasing frequency the reverberant contribution falls off 
smoothly at high frequencies producing a gentle rolloff in the last 
octave or two, depending on the HF unit diameter. Energy discon-
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Figure 8.12 Computer averaged room response in room over listening area (dotted 
response anechoic,free field) 

. 

tinuities, for example at crossover frequencies are also revealed in this 
measurement, more or less as they are heard, despite the fact that in 
many cases their existence is not obvious from the axial response. 

Finally, where accurate low frequency measurements are necessary 
in the absence of an anechoic chamber this can be carried out by 
simulating a giant 'chamber' (Gander43). This is done by employing a 
large area of level ground such as an open car park or perhaps a 
warehouse floor as an acoustic mirror to double half space to full 
space. Provided that the microphone is within a few millimetres of the 
ground and the speaker system is placed on its side on the ground, 
accurate measurements are possible up to frequencies where driver 
path length to the ground is comparable to wave length. The pressure 
zone microphone (PZM) music recording method is similar. Ap­
parent sensitivities are doubled due to the reflection ; 3 dB must be 
subtracted from microphone readings. 

With gating techniques29 and time delayed spectrometry (TDS), 
room or environmental reflections are eliminated from the measure­
ment and all that is required for wide range speaker measurement is a 
large enough, temperature controlled volume in which to work. The 
size is dictated by the need for the lower desired frequency to 
propagate sufficiently away from the speaker for its returning 
reflection to be 'gated' out of the measurement. 
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Figure 8.13 Reverberant chamber (courtesy Acoustic Research). Note the hard 
surfaces, asymmetrical geometry, humidifier (on the floor) and the microphone with 
motorised motor (on the stand). The test system is flush-mounted in the wall behind the 
camera 

8.3 OBJECTIVE MEASUREMENTS 

Amplitude/frequency responses (4n or full anechoic) 

Sine excitation 
A number of tests may be performed with sinewave excitation derived 
from a power amplifier fed by a suitable automatic sweep-oscillator 
system. The usual input level is a nominal 1 W referred to 8 n 
(2.83 V r.m.s.) with the microphone (generally a 12.5 mm capsule) 
placed at 1 or 2 m from the mid- or treble-drivers or the manufac­
turers defined listening axis. 

Figure 8 . 14  is virtually self-explanatory and shows the test 
arrangement using typical equipment. The trace obtained (Fig. 8 . 1 3) 
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is a widely used specification for loudspeakers, and with certain 
reservations is probably the most important. The 2n frequency 
response at LF may be accurately quantified via a close proximity 
< 50 mm) microphone position, valid in the piston range3 2 . (See 
Section 8 .4, et seq on subjective assessment.) 

Near field measurement may be complicated by double radiator or  
reflexed systems and special precautions are necessary here. Each 
radiating element may be measured and the sum obtained with due 
accound of the radiating areas. 

Clearly only direct radiating systems with forward facing drivers on 
a plane or  nearly plane driver panel can be accurately quantified by 
the near field method. The appearance of a sine wave response trace 
may be influenced by test conditions ; for example, the pen speed on 
the chart recorder. An exceptionally slow pen speed will tend to 
smooth sharp resonances or dips, thus giving a false impression of the 
speaker. 

With multi-unit systems, interference dips may exist at specific 
microphone positions, and a lateral or vertical displacement of a few 
or  so, can result in this dip disappearing, or another appearing. For 
these reasons, great care is required in the interpretation of sine wave 
responses and an initial curve may need confirmation by further tests 
taken at slightly different microphone positions. 

The curve illustrated in Fig. 8 . 1 5  has the instrument settings 
recorded on it for future reference, those shown being typical of 
modem measurement techniques. 

�----------r------------------------------------------------.v.t & l)wr � & K,_ lrii•l & Ki-
D C C C C C C C C C D C O D C C C O C C C C O O O O C C C C C O O C O C D C C C O D D C C C C O C C

BN•I & Kj<»r Potenti_.., ....... ,�d8 bctlfier:....B.M§_ L- lia Fr•q-:�1 Wr. s�_lQQ_"""fs.c. Pope!' Spe.d:�. 
C09*11<aoo-'1 50 2S  - , 10 75 

... .. 

..,.,., 100 dB at 1 m 
Jrt4t.oMUi"Q Obj.: 2-way 
loods�� �3015 
�410 
===== 10 '  

500 1000 2000 
Z.,., Lt-f, 5000 10000 1612/2112 

. ... .. 

.... 

4 30  

2 ' 

0 0 
D A B C lin. 
A 8 C ll". 750151 

Figure 8.15 Sine response curve of a medium quality two-way loudspeaker system 
(courtesy Brue/ & Kjaer)3 1  
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�r 
200 500 1000 2 1<  5k 10k 20 k 

Frequency ( H z )  
Figure 8.16 Family of oblique frequency response curves at 00, 15°, 30° and 45° , I m in 
horizontal plane. (Courtesy KEF Electronics Ltd) 

Off-axis responses 
These are typically ± 10° or ± 15 °  in the vertical plane and ± 20°, 
± 30° and ± 45° in the lateral plane. A speaker with lateral symmetry 
need only be plotted in one direction. 

Both sine and noise excitation is common. In addition to the axial 
response measurement, the loudspeaker may be angled or rotated to 
allow polar plots at single frequencies off-axis. These plots often 
reveal irregularities not shown on-axis, for example, if a unit's 
dispersion narrows, or the energy at the crossover point between two 
drivers is not integrating properly due to phase differences. Such a dip 
might not be apparent on a single axial response measurement as a 
result of fortunate microphone placement (see Figs. 7.8 and 8 . 16). 

Random noise excitation 
Whilst a sine test signal is potentially the most accurate and precise, 
random noise is also valuable for loudspeaker measurement. There is 
strong evidence that the ear tends to average short-term irregularities 
and is rather more sensitive to broader trends in energy over third­
octave or octave bandwidths. 

Third-octave or octave bandwidth analysed noise provides a 
convenient method for such averaging. From a philosophical point of 
view, noise more closely resembles music programme in transient 
content than sine wave, and hence could be considered more relevant. 
It also readily permits the measurement of the A weighted or 
subjective based loudness of the system. If broadband noise is applied 
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to the loudspeaker, the filtered analysis of the total output provides 
some ambient noise suppression due to the narrow detector ban­
dwidth. Alternatively the drive to the speaker may be pre�filtered and 
the microphone amplifier left in the wide-band condition (Figs. 8 . 17  
and 1 8 . 1 8). 

· 

While an axial sine wave responseis a valuable reference, the 1/3 
octave result gives a better idea of the sound quality. Tighter 
amplitude deviations on the ave.raged specified response are nec­
essary. If a family of off-axis respo11ses, also in 1/3 octave, is added to 
the axial result, a good indication of the forward energy trend, driver 
integration and general uniformity of response may be gained (see 
Fig. 8 . 19). 

The total impedance may also be measured via broadband noise
exitation measured as the Vji ratio delivered to the speaker. Such a
reading is nearer to the programme value seen by an amplifier than 
the swept sine impedance graph. 

It has been suggested that while 1/3 octave is satisfactory for the 
middle octaves, greater resolution, perhaps 1/6 octave would be more 
valuable at the audible frequency extremes. This is possibly due to the 
presence of the band edges of most speaker amplitude rolloffs where 
the slopes require finer analysis resolution for accurate results. 1/6 
octave instrumentation is rare. 

Gated sine wave excitation 
Bruel and Kjaer have produced an instrument for gating the output of 
a signal generator29 which simultaneously samples and stores the 
peak amplitude of the received output long enough for a continuous 
response trace to be recorded (Fig. 8.20). Through the elimination of 
local wall reflections, the need for an anechoic environment is 
removed, and measurements may be performed at mid and high 
frequencies in an ordinary reflective room (Fig. 8 .21 ). In reasonably 
open conditions frequency /amplitude response measurements of fair 
accuracy can be made with noise or 1/3 octave warbled sine wave 
excitation which suppresses local reflected modes. Depending on the 
nearest surface, measurement from 100 Hz upwards is feasible. 

Impulse excitation 
The use of a digital computer equipped with a fast Fourier transform 
processor allows full analysis of the pulse response of a loudspeaker. 
A pulse-gating technique similar to that described above is employed, 
providing suppression of room reflections. From the pulse analysis, 
the steady state response may be derived automatically and plotted in 
the usual way (Fig. 8 .22). Figures 8.23 and 8 .24 show the responses of 
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1 00 dB at 1 m : . .., 
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Figure 8.18 Some techniques vary the writing speed during the sweep in order to give the 
analysis records a more uniform appearance, usually from 10 mm/s at 20 Hz to 160 mm/s 
at 2 kHz and above. This trace shows a 1/3 octave analysis without such adjustment. 
(Courtesy Bruel & Kjaer) (same unit as Fig. 8.13) 
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Figure 8.19 Off-axis forward response family (ESL 63) A =  axial, B = 7.5" vertical, 
C = 15° lateral, D = 30° lateral, E = 45° lateral 

the same loudspeaker derived by steady-state sine wave, and by pulse 
analysis3 0. 

Other systems for gated analysis also allow the investigation of 
delayed resonances and reflections through the analysis of the output · 

d B  
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Figure 8.20 Set-up using gating system. (Courtesy Bruel & Kjaer) 

of a system after the initial excitation is over. For example, the 
arrangement in Fig. 8.20, if used with an anechoic chamber to 
suppress the room reflections, may be adjusted so that the gating 
control unit reads the output after cessation of the burst excitation. 

The pulse periodicity is set to exceed the room reverberation Rt . 
Unlimited signal averaging may then be applied to generate good 
signal to noise ratios. Recent developments have explored full 20 Hz 
to 50 kHz measurement in a 7.5 m3 room. Enhancements include the 
speaker's excitation by alternate + and - impulses whose responses 
are then subtracted in the computer. D.C. offset and spurious hum is 
cancelled by this technique allowing some truncation of the measured 
impulse response to speed up measurement. 

Microprocessor developments have enabled the production of 
relatively low cost F.F.T. analysers such as the HP3561 A  which may 
be set up with a pulse generator to produce an effective impulse test 
system (Fig. 8.25(a). The required analyser time window may be 
adjusted to examine the portion of the loudspeaker response of 
interest via a signal gate, Fig. 8.25(b). 

An indication of the importance of impulse testing is given by the 
costly investment carried out by many companies in acquiring the 
necessary measuring equipment. The Rank/Wharfedale research 
team has also achieved success in delayed resonance analysis, their 
'in-house' system (Fig. 8 .26 and 8 .27) developed by using a variation 
of the gated tone-burst set-up described earlier with burst length 
proportional to frequency for constant excitation over the frequency 
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Figure 8.21 Frequency response of loudspeaker measured in anechoic chamber and 
frequency response of same loudspeaker measured with gating system. (Courtesy Bruel & 
Kjaer) 

range. The output appears in conventional log frequency format from 
20 Hz to 20 kHz. 34 The essential features of this method were in fact 
first established by Shorter at the BBC as early as 1945. 

Theoreticians have since examined a host of shaped pulses from 
raised cosine to controlled tone bursts and have explored a variety of 
mathematical transformations of the results to aid the visual 
presentation and analysis. 

If a loudspeaker is a minimum phase, as most single moving coil 

2 1
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Figure 8.22 Lay-out for loudspeaker impulse measurements (after KEF Electronics) 

drivers are, the amplitude versus frequency and phase response versus 
frequency are uniquely related. One may be obtained from the other 
via the Hilbert transform. 

For assessment as to whether a system is minimum phase, 
conveniently the phase response is measured, then computed via the 
Hilbert transform to an amplitude-frequency response which may 
then be compared with the direct measurement. With computer based 
systems Fourier pulse synthesisers can produce almost any required 
stimulus. 

Cumulative spectral decay plotting using apodized tone bursts can 
provide clearer results than simple cumulative decay represen­
tations41 (see Fig. 8 .26). Other useful representations have included 
the Wigner distribution42 (see Fig. 8.27). This method is valuable for 
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Figure 8.23 Axial pressure response via computer analysis of pulse response 
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Figure 8.24 System response by sine excitation : anechoic conditions (same model as in 
Fig. 8.23) 
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Figure 8.25(b) Impulse response and capture. (I)  Applied impulse typically 5 p.s wide. 
(2) Impulse response of loudspeaker in ordinary room with first wall reflection at tr Delay 
t, to t1 defines the time window for the analyser to capture the entire pulse response. (4) A 
nano gate window tw � 0.5 JlS at t5t after t. allows analysis of the delayed resonance energy 
remaining after the main impulse is over 

multi-way systems which may be examined without the kind of 
overlapping confusion shown in the basic decay representation. The 
energy in the Wigner stimulus is properly distributed, allowing a 
better appraisal by weighting, averaging and transformation. 

Time delay spectrometry (fDS) 
This technique, originally explored for audio use by Heyser, has now 
been made accessible via suitable equipment produced by B & K. In 
essence, a sine wave is made to sweep the required band pass at a 
specific rate. At any moment, partially defined by the bandwidth and 
response time of the tracking filter, the measurement of the moving 
sine wave does not relate to the single centre frequency, but rather a 
distribution of frequencies determined by the sweep rate. The slower 
the sweep, the nearer the side bands and the purer the tone. Given this 
basic relationship for system resolution, the technique has the ability 
to exclude boundary reflections and also to explore delayed re­
sonances. As the frequency sweep emanates from the loudspeaker it 
suffers a time delay due to the path length to the measuring 
microphone. When the equipment is synchronised, a start frequency 
of 20 kHz at the speaker will not arrive at the microphone until the 
generator reaches a lower frequency, depending on the negative or 
downwards sweep rate and the _ microphone spacing. The selective 
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F R E Q U E N C Y  

Figure 8.26 (a) Cumulative decay spectra for a later model 110 mm bass/mid range 
loudspeaker; (b) 0.45 ms cumulative spectral decay plot for the later model 110 mm 
bassfmidrange speaker. (Note improved clarity of spectral decay representation) (after 
Bunton and Small4 1 )  

analyser i s  offset t o  the lower frequency to maintain the synchroni­
sation and offers the facility for selecting the desired time window for 
measurement. Set to normal, it captures the direct response and by 
tracking in synchronism with the source it ignores the reverberant 
ambient reflections. These occur after the analysis frequency window 
has passed. Conversely offsetting the analyser to read slightly after the 
main swept stimulus energy lobe has past the microphone allows the 
system to record the delayed resonance output of the test reproducer, 
the time scale limited by the system dynamic range and by the 
encroaching reverberant sound. Fourier analysers can be applied 
with advantage to the measurement system (see Fig. 8 .28). 
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Figure 8.27 (a ) .Cumulative decay spectrum of a dome tweeter; (b) Wigner distribution of 
the dome tweeter (after Janse and Kaizer) 
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Figure 8.28 T DS system used for lo11dspeaker development. Tile same arrangemtnt is 
used for other types of measurements by exchanging tile microphone and loudspeaker 
systems for the appropriate transducers and amplifiers (after Bierning and Pederson4 7) 
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,--------- - - TWEETER ARRIVAL T I M E  , f '-- M I DRANGE A R R I VA L  T I M E

T I M E  ·- M I L L i S ECONDS 

Figure 8.29 Curve of energy vs. time taken at 1 m on axis (after Heyser) 

The energy /time decay can be obtaine via the FFT, a useful general 
graph allowing quick comparison of the stored energy of different 
speakers (see Fig. 8.29). 

Harmonic and intermodulation distortion 
Distortion can vary dramatically over quite a small frequency 
interval, and for this reason, continuous distortion versus frequency 
sweeps are usually taken. The basic set-up for distortion measure­
ment is similar to the amplitude/frequency response arrangement 
(Fig. 8 .30), with the addition of a suitable selective analyser or 
tracking filter interposed between recorder and microphone. The 
filter may be offset or displaced by a suitable harmonic interval so that 
any order of harmonic may be recorded. The use of a two-tone 
generator with a tracking harmonic multiplier also allows swept 
intermodulation traces to be recorded. 

Figures 8.6 and 8.7 show two such curves. The 2f2 -f1 2nd order
intermodulation product was traced with /1 -f2 = 300 Hz, and the
combined tone level was set at 90 dB at 1 m. These swept in­
termodulation measurements may well prove more revealing than the 
usual single harmonic readings. 

One self-evident point is the relationship between sound level and 
distortion, the latter increasing with the former. It is thus sensible to 
choose a standard level for comparative purposes, e.g. 90 dB. The 
DIN standard specified 96 dB, which is on the high side for most low 
colouration HF units on continuous tone. The suggested lower level 
applies to domestic and low level monitor systems, and would not be 
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adequate for high level monitor or large audience broadcast arrays, 
where 100 to 120 dB at 1 m would be a more relevant test sound 
pressure. 

Even 90 dB is quite a high level in subjective terms for a distortion 
measurement, an area reached only during the loudest passages, with 
the remaining 10-15  dB above occupied by true programme peaks. 
With the availability of good amplifiers and low distortion digital 
sources it is worth examining linearity at lower levels to see what 
improvement is possible. In recent evaluations the author44 has 
published distortion graphs taken over a range of levels, 96, 86 and 
76 dB at 1 m with a resolution to - 70 dB. In some cases distortion fell 
below - 70 dB (0.03%) at the lowest pressure level noted. 

Dynamic or pulsed distortion testing 
While 90 or perhaps 96 dB s.p.l. is the highest level which may be 
safely applied for continuous swept distortion measurement an 
approach is required for assessing linearity at peak levels. A 
88 dB/watt speaker fed 100 W programme will generate peak levels of 
108 dB. 

Compression may be analysed over the frequency range by means · 

of short tone bursts, around 10  cycles long, with a 1 0 : 1  mark space 
ratio so as not to overheat the system. Compression may be measured 
directly from storage of the reproduced tone bursts, viewing a 'gated' 
stable group within the tone burst. This area may be captured by an 
FFT analyser and direct readings of distortion harmonics can also be 
made. Experience has shown that an otherwise well behaved system 
may run into problems towards peak level ; in one example the bass 
series crossover inductor saturated above 50 W burst. At 400 Hz, 
lOO W burst, the system expanded the signal by 1 .5 dB as the inductor 
saturated. Third harmonic exceeded JO% at this point. In another 
example a shunt indicator reached overload at 4 kHz and compressed 
the signal by 2 dB, at 20% distortion. High power low frequency 
tone bursts are also useful in exploring linearity in this range. 

On line FFT analysis may also be used for steady state distortion 
measurements. 

Doppler distortion 
The measurement of Doppler distortion is not easy as the FM 
components must be separated from the other accompanying 
distortions and this tends to restrict the range of measurements (Fig. 
8.3 1 )  (Allison et al.3 8). 

However, a simple technique exists for separating amplitude 
components from the total distortion group. This consists of aiming 
the microphone at 90° to the driver axis. The FM components are 
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Amplifier 

Selec ti ve 
voltmeter 

Anechoic chamber 

S ignal 
generator 

2 

M icrophone 
amplifier 

Recorder 

Figure 8.31 Doppler distortion measurement set-up (after Moir1 4) 

Spec trum data 

essentially axially directed and at 90° the source is no longer moving 
with respect to the microphone. If a storage analyser were available it 
would be a simple operation to subtract one from the other thus 
leaving the FM contribution. 

Noise intermodulation distortion 
Intermodulation distortion may be measured using a random noise 
signal. The same arrangement as that employed for third-octave 
analysis is followed (Fig. 8 . 1 7), but with the addition of another, 
tracking third-octave filter. One operates on the noise source and the 
other filters the microphone output signal. With the latter shifted a 
harmonic interval above the input or fundamental third octave, 
various combined harmonic/intermodulation curves may be ob­
tained over third-octave bandwidths. 

Phase response 
The recent introduction of a high quality delay line (e.g. Bruel and 
Kjaer 6206) facilitates the steady state measurement of the phase 
response versus frequency of a loudspeaker (Fig. 8 .32). 

The phase characteristic may also be derived via FFT analysis of 
the impulse response (see Fig. 8.33). 
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Figure 8.33 (a) Use of beat frequency oscillator as constant current generator. (b) 
Typical loudspeaker impedance curve. (Courtesy Bruel & Kjaer) 

Minimum phase 
Several manufacturers have recently introduced 'linear phase' louds­
peakers. In fact, the correct term to describe such systems is 'minimum 
phase', which implies that a well defined linear relationship exists 
between the amplitude and phase response of the speaker ; that is, the 
phase varies linearly with frequency (note that the phase does not 
have to be constant with frequency*). In a multi-unit system, the 
drivers are usually mounted on a flat baffie or front panel, with their 
effective radiation planes displaced by varying degrees depending on 

* This is implicit in the term 'linear phase'.

(b)  
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chassis geometry diaphragm type and panel depth, etc. In such a case 
a relative time delay will exist between the outputs of the different 
drive units measured at the listening position, this producing a non­
minimum phase characteristic. Using the phase measuring apparatus, 
these time delays may be quantified and the units may then ben 
aligned so that this differential delay is substantially minimised, thus 
allowing minimum phase system design, assuming a suitable cro­
ssover is utilised. Driver displacements may also be read from the time 
displaced peaks on an energy/time delay curve. 

Square wave and impulse response 
A loudspeaker must have a perfect amplitude and phase response to 
successfully reproduce a square wave with its complex related 
harmonic structure. However, only minimum phase loudspeakers are 
potentially able to do this with any degree of accuracy, and other 
designs will give practically meaningless results on this test. 

The impulse response is another matter, as the aim of this 
measurement is to evaluate delayed resonances in the crossover, the 
driver diaphragms and enclosure, via detailed analysis of the pulse 
response and its after effects. Some idea of these delayed resonances 
may be obtained without measurement, but the use of a fast Fourier 
transform programme with computer analysis has proved most 
revealing and has considerably refined the evaluation of speaker 
transient performance. The computer system offers a refined 
averaging system which gives an excellent signal-to-noise ratio. An 
an echoic chamber is not necessary if the receiving microphone output 
is suitably gated before analysis, eliminating local wall reflections as 
described in the section on gating. 

Toneburst response 
Tone-bursts have traditionally been used to examine speaker tran­
sient response via analysis of the continued ringing at the test 
frequency following cessation of the input. This is a less revealing 
method of examining the pulse, or more strictly the transient response 
of a speaker, employing gated sections of a steady state sine frequency. 
By judicious selection of gating period and tone frequency, 
delayed resonances may be investigated. A key point concerning the 
toneburst is the requirement for the envelope to consist of a whole 
number of cycles starting and stopping at the zero crossing point, so 
as to produce minimum asymmetric pulse disturbance. In addition, 
the measuring environment must be highly anechoic, or spurious 
reflections will interfere with the analysis. The recent introduction of 
gated pulse techniques has made simple toneburst testing largely 
redundant. 
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Windowed and specially shaped pulses including tone-bursts fall 
naturally into the impulse testing category with computed FFT 
processing and sophisticated post analysis. 

Sensitivity, efficiency and sound power output 
Strictly speaking, sensitivity is an alternative way of quantifying 
loudness for a given input level. One standard, for example, is the 
acoustic output in dB ('A' weighted or unweighted) at 1 m on axis for 
1 W electrical input. However, most sensitivity ratings are based on a 
nominal 1 W/8 n input of 2.83 V, regardless of the actual value of the 
usually complex loudspeaker impedance, and are in reality 'voltage 
sensitivity' ratings. 

For an assessment of the efficiency the total acoustic output should 
be measured by employing an integrating microphone arrangement ­
either a multiplex array or a rotating boom-mounted microphone, 
the latter used in conjunction with a reverberant chamber. 

It nevertheless remains difficult to assess the real power input to a 
complex loudspeaker. A workable method involves the integration of 
the voltage and current of a random noise signal applied to the 
loudspeaker, the multiplication accomplished by a suitable wide­
range measuring instrument, while the s.p.l. is simultaneously 
measured. 

When estimating a linear or unweighted sensitivity figure, a single 
frequency reading will not suffice due to the short terll) frequency 
irregularities of most systems. Good consistency may be achieved by 
visually integrating a 'best fit' line from 200 Hz to 5 kHz on the 
anechoic response, taking this level as the sensitivity. 

Comparative sound power outputs can be measured in a listening 
room with noise, or well balanced programme in conjunction with a 
slow weighted sound level meter. In an average 80 m3 volume room a 
stereo pair will deliver at the listening position an s.p.l., 'A' weighted 
around 5 dB below the mono axial result at 1 m. For example a 
90 dB/W, 100 W rated system will produce maximum room levels of 
(1 10 - 5) dB A or 105 dB A, close to concert hall realism, and sub­
jectively very loud in such a room. 

Laser measurements 
Lasers are finding increasing use in the development of loudspeakers. 
Using the Doppler interferometric technique the need for zero 
vibration super rigid test arrangements is markedly reduced. Operat­
ing diaphragms and indeed loudspeaker enclosure panels are within 
reach of the scanned, modulated low power laser beam whose photo 
detector or multiplier output provides a signal which after processing 
provides the displacement and velocity of the areas scanned. The data 
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may be presented as 3D graphs in relief form or stored in a digital 
memory and fed to a display monitor. With appropriate image 
processing animated displays in slow motion can be produced greatly 
aiding the visual assessment of dynamics of acoustic structures (see 
Fig. 8.36). 

Electrical impedance 
The DIN standard for impedance is a sensible one and states that the 
modulus Z should not deviate more than ± 20% from its nominal 
value of 4, 8 or 16 n, over the working frequency range. 

The measurement is straightforward, involving the use of a current 
generator (usually a normal voltage sweep type which is fed to the 
loudspeaker via a high resistance, for example, 2 kQ. The variation in 
voltage with frequency at the loudspeaker terminals reflects the 
variation of impedance. It is usual to substitute a known value resistor 
in place of the loudspeaker to confirm the scaling and, strictly 
speaking, a linear recording scale should be used. 

Most recorders are fitted with logarithmic potentiometers, but a 
linear amplitude conversion chart will provide the remaining scale 
corrections required. For current practice 8 n is the recommended 
speaker standard. 

The addition of a phase meter allows the recording of the phase 
component of impedance - an important factor where amplifier 
matching is concerned (Fig. 8.34). Loudspeakers with large reactive 
components will often cause premature limiting and a consequent 
deterioration in sound quality when used with certain otherwise 
excellent power amplifiers. A 'compressor' generator also may be 
arranged to generate a constant current for accurate impedance 
measurement (Figs. 8 .33 ,  8 .34 and 8 .35). 

At present no straightforward method for analysing dynamic 
impedance is available. Given recent findings concerning input 
current requirements of loudspeaker systems3 7 ,  the conventional 
impedance curve needs to be regarded as only one aspect of the 
potential loading on amplifiers. In particular, amplifier designers 
cannot rely on a 8 n specified loudspeaker offering a 6.4 n minimum 
impedance modulus under heavy drive, complex programme 
conditions. 

Computer cQntrolled testing 
One cartridge manufacturer produces a small microprocessor direc­
ted loudspeaker test unit mainly for production test work. However 
the availability of small computer controllers and an increasing 
variety of intelligent computer interfaced audio instrumentation from 
Hewlett Packard, B & K, etc. means that automated and semi-
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automated systems are possible for development and production 
(Colloms45). The attached small computer offers great processing
flexibility for data captured by such a system, particularly from the 
FFT analyser. Set up and calibration routines can be programmed. 
Spot frequency measurement of distortion is very straightforward 
and impulse analysis is an obvious part of such a system (see Fig. 8.37). 

Driver parameters 
While manufacturers who design their own drive units hopefully 
retain complete information on their research, the system designer 
who works with drivers from several independent sources needs 
certain information which may not be readily available. A valuable 
source is the impedance curve, taken both in free air and with the 
driver mounted in a suitable air-tight box. The 2n: frequency/ampli­
tude characteristic may also be obtained as the unequalised voltage 
output from a low mass accelerometer temporarily fixed to the cone. 

A difficulty with the practical realisation of theoretical analysis, 
and with parameter measu rement is the non-linear variation of 
relevant parameters with level and/or excursion. 5 to 10% discrepan­
cies are not uncommon for example in Bl and suspension compliance. 
Thus a given Q and f0 at 0. 1 W may be different from the results taken 
at 1 and 10 W. 

Suspension compliance, eMS (N/m) 
This may be found by placing a known weight M on the diaphragm 
(horizontally disposed) and noting the resulting displacement d ;  for 
example, by using a travelling microscope. Now 

where g = gravitational acceleration and s = stiffness. 
An alternative method of obtaining the compliance consists of 

noting the free air resonancef0, and the in-box resonance..fc given with 
the driver mounted in a sealed unlined box of known volume, Vs. The 
air volume of the box has a compliance CAB· The driver acoustic
compliance CAs is related to CMs by Sf,, the effective piston area, i.e.

CAs = 1 . 1 5 (..fc) 2 - 1 CAB fo 

(The factor 1 . 1 5 is a general approximation and is affected by the box 
size.) 
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and 

V 
CAs = 1 .4 x 105

so that 

c.,� ( ')(�)t��J So 1 .4 Ji 
The two compliance values may be compared to check for measure­
ment accuracy. 

Moving mass, M0 (kg) 
This may be calculated from the free air or fundamental resonant 
frequency,f0, which in turn may be taken from the peak in motional 
impedance. Having estimated the working diaphragm area (i.e. the 
projected moving area) by measurement, the equivalent radius, a, 
may be set. Then 

1 

CMs(2nfof 
Moving mass may also be found by comparing the free airf0 withfm, 
the result with an additional mass m attached : 

where M1 = driver moving mass including airload, M •. 

�Mfm2 )M0 = � - m - M. 
0 fm 

D.C. resistance (motor coil), Re (ohms)
This may be measured by using a d.c. ohmmeter or, alternatively, the 
minimum impedance value above fundamental resonance falls close 
to the d.c. resistance. Also at a suitable low frequency, clamping the 
diaphragm will provide d.c. resistance from the impedance measure­
ment method. 

Coil inductance,fc (henrys) 
An a.c. impedance bridge may be used at 1 kHz or above with the 
driver diaphragm clamped to prevent coil motion. The coil in­
ductance can also be calculated from the impedance curve without 
clamping if the unit is a low ( < 2%) efficiency type. The slope of the 
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impedance curve at higher frequencies is dominated by coil 
inductance. 

Mechanical resistance, RMs (of suspension components) 
The free air resonance peak is controlled by RMs· Hence from the half­
power or - 3 dB voltage point on the impedance curve of f0, and
neglecting the small air load resistive component, 

2nf0 RMs = QM (
Mo +MA) 

where MA = air load mass and 

QM = (f/� fz) ( - 3 dB points).

The impedance curve alone can thus provide much significant data on 
driver parameters and is often used in quality control sections of 
speaker production. 

Electrical 'Q' factor, QE (assuming zero generator impedance) 
QE is given by

2nf0M0RcQE (B0Z 

Total 'Q' factor, Qr 
This is given by 

1 1 1 -= - +-QT QM QE 
Flux density, B 
This may be measured by using a flux probe in the magnet gap, 
although it requires the unit to be disassembled. Alternatively 
measurement of Bl and prior knowledge of l provides B. 

Cone area, SD (square metres) 
This is derived via measurement and will include a percentage, 
usually 50% of the surround area (i.e. the projected area, not the 
actual cone surface area). 

Force factor, Bl (N/A) 
This may be found by applying a known current I and measuring the 
excursion, d, ensuring that the moving axis is horizontal to exclude 
gravitational effects. Alternatively the driver may be placed horizon­
tally, its rest position noted and a known mas M applied. A d.c. 
current is then fed to the coil and adjusted until the extra mass is just 
balanced and the rest positon attained. Then 
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Bl =
9.8M 

I 
Wb/m (N/A) 

where M is in kg and I is in amperes. 
Figure 8.38 is a reproduction of an informative specification 

published by a manufacturer of drive units. 

8.4 SUBJECTIVE EVALUATION 

The comparison of real sounds with those recorded and reproduced 
by a loudspeaker is obviously rewarding, but can be very difficult to 
achieve. There are two major problems, namely that of obtaining a 
consistent and repeatable live sound, and secondly, assembling a 
reliable and objective listening panel. It is virtually impossible for a 
single person, in particular the designer of the system under test, to 
make an unbiased assessment of its sound quality. 

However, worthwhile methods for subjective sound evaluation are 
beginning to emerge. A number of factors need to be taken into 
consideration, some of the most important of which are outlined in 
Table 8 . 1  (largely drawn from the IEC draft proposals referring to 
domestic loudspeakers). 

Environment 
A fairly well specified domestic listening room is suggested for test 
purposes, most studio control rooms in fact approximate sufficiently 
to average domestic conditions for this purpose. (The IEC proposals 
(see Tables 8.2 and 8.3) concern domestic reproducers, and other 
classes of system such as stage monitors will require an alternative 
arrangement.) 

The room volume should be between 50 to 1 10 m3 , nominally 
80 m3 , with a height of 2.75 ± 0.25 M, the preferred ratio of dimen­
sions being L : B :H = 2.4 : 1 .6 : 1 .  This gives the most even distribution of 
resonances, minimising room colouration effects. Within the range of 
heights suggested the ratio gives the following results for breadth, 
length and volume. 

For reverberation in the 250 Hz to 4 kHz range, the deviation 
should not exceed ± 25% of the average R1 at 0.5 s. Below 250 Hz the 
R1 should remain below 0.85. 

The IEC also suggest reflecting walls behind the loudspeakers with 
the opposing wall behind the listener absorptive. The ceiling should 
be untreated and the floor immediately adjacent to the speakers 
uncarpeted. Together with this formula, the reverberation time over 
the range 100 to 800 kHz should fit the limits specified in Table 8.3 .  

Climatic conditions are also relevant with the optimal situation 
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Model 8200 
Specification Number S P 1 039 
Low/mid range unit with visco-elastic damped 
Bextrene d iaphragm and high temperature coil 
assembly, suitable for use where low distortion and 
high power handling are required. 

Net weight: 3.0 kg (6.6 1b) 

Nominal Impedance: so 
Nominal frequency range: 25-3,500 Hz 

Typical enc:loeure vo.lumee: 
Totally enclosed box 20-25 1i1res (t-1 cu ft) 
Reflex 30-40 litres ( 1 - 1 t  cu ft) 

Power handling: 
Continuous sine wave 25 V RMS (see note 1 )  
Programme 8 0  W (see note 2) 

Magnat: 
Flux density 1 .2 T ( 1 2,000 gauss) 
Total flux 1 . 1 7  x 1 0·• Wb ( 1 1 7,000 Maxwells) 

Senaltlvlty: Pink noise input for 96 d B  SPL at 
1 metre on axis 9 V R M S  

Voice coli: 
Diameter 32.6 mm ( 1 t  in)  
Inductance 0.25 mH 
Max continuous service temperature (30 min) 250'C 
Max intermittent temperature (5 sec) 340'C 
·Thermal time constant 4.5 seconds 
Thermal resistivity (temp rise per applied Watt) 3 'C/W 
Nominal DC Resistance, Roe 7.00 (tolerance ±5%) 
Typical production spread 6.9±0. 1 0  (see note 3) 
Minimum I mpedance (in nominal frequency range) 

7 . 1 0  at 1 90 Hz 

Diaphragm: 
Effective area, S0 232 cm' (36 sq i n )  
Effective moving mass, M0 20.2 g m  ( 0 . 7 1  oz) 
Max l inear excursion, X0 5 mm peak-peak (0.2 in)  
Max damage l imited excursion 20 m m  peak-peak (0.8 in) 

FrH air resonance trequencyJ f1: 
Nominal 25 Hz (tolerance ±5 Hz) 
Typical production spread 24 ±2.2 Hz (see note 3) 

293 

Total mechanlcal l'ftlatance of euepenelon, RMr 
0.7 mech o 

Suspenllon compliance, CM.: 2.2 x 1 0 ·• m/N 
(2.2 x H I' cm/dyne) 

Equivalent volume of compliance, v.,: 1 30 litres (7 ,930 cu In) 

Force factor, Bl: 7.2 N/A 

Damping: 
Mechanical au 4.4 
Electrical a, 0.5 
Total a, 0.45 (see note 4) 

NotH 
1 Continuous Power Rating ( Pc). 

Pc = � fl 
V Is the RMS voltage which can be applied to the 
unit  continuously without thermal overload of 
the voice coil. At low frequencies the continuous 
power rating of the speaker may be reduced 
because of l imitations i mposed on d iaphragm 
excursion by the acoustic loading. 

2 The programme rating of a unit is  equal to the 
maximum programme ratin g  of any system with 
which the unit may be safely used i n  conjunction 
with the reciim mended dividing network and 
enclosure. 
The programme rating of any system is the 
undlstorted power output of an amplifier with 
which the system may be satisfactorily operated 
on normal programme over an extended period 
of time. 

3 "Typical production spread" is derived from 
statistical analysis of a large n u m be r  of u n its, and 
is calculated to include 95% of all u n its. 

4 2n f5 M 0  2n f, M 0  1 1 1 
0.,. = � 0E =

(81)2/Roc a; = � + � 
Figure 8.38 An example of a useful data sheet for a drive unit. (Courtesy KEF 
Electronics Ltd) 
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Table 8 . 1  ELECfROACOUSTIC STANDARDS 

Below is given a list of the most relevant standards applied to electro acoustics. Many 
standards in the border area of this subject have been omitted and thus the list cannot 
be considered as being complete. Furthermore it is known that several Standards 
Organisations have relevant subjects under consideration which may outdate the 
present survey in a relatively short period. The standards are of basic coverage and do 
not offer much help in the design and specification of high performance systems (see 
Fig. 8 .39). 

Organi-
sat ion Number Date Status* Short description 

IEC 200 1966 s Loudspeakers, frequency response, 
polar plot, resonant frequency, 
power handling, test conditions, 
standard baffie 

ANSI S. 1 . 5  1963 s Loudspeaker, impedance, 
frequency response, polar plot, 
distortion, efficiency, power 
handling, recommended 

BS 1927 1953 s Loudspeaker, physical dimensions, 
impedance and resonant frequency 

BS 2498 1945 s Loudspeakers, frequency response, 
distortion, efficiency polar plot, 
impedance, transient response 
conditions 

IEC 268-5 1972 Loudspeakers** 

DIN 45 500 Feb 197 1 s Loudspeakers, frequency response, 
sheet 1-3 power handling, distortion, music 

power 

DIN 45 573 July 1962 s Loudspeakers, test conditions and 
sheet I methods for type test 

DIN 45 573 Jan 1969 s Loudspeakers, power handling 
sheet 2 and life test 

DIN 45 575 May 1962 s Loudspeakers, standard baffie for 
measurements 

* S Standard
** BS5428 Pt II, 1977 (the power spectral curve is under amendment) 
BS 5492 1980 ( = IEC 581-1) Minimum requirements audio systems 
BS 5428 1977 ( = IEC 268-567) Loudspeakers 
IEC 268-5a 1980 Loudspeaker supplement (noise signals) 
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Figure 8.39 IEC Standard bajjle 

given as 20°C, ± 2°C, relative humidity 65%, ± 5%, and atmospheric 
pressure 860 to 1060 millibars. 

The I EC suggestions provide conditions which tend to integrate 
loudspeaker energy output in the vicinity of the speakers, encourag­
ing local boundary reflection. These are in conflict with the idea of 
minimising local reflections at mid and treble frequencies, essential if 
a stereo pair is to provide an impression of sharp image focus and 
good subjective depth. 

Investigations into monitoring room acoustice for stereo, parti­
cularly those using 'LEDE' 'life-end-dead-end' methods indicate that 
the boundaries behind the listener may be reflective if relatively close 
to, but the boundaries adjacent to the loudspeaker should be 
absorbent. The floor should thus be carpeted, the rear wall curtained, 
possibly with a small portion of some longer wavelength absorption 
panels behind. For the best psycho-acoustic effect the speakers 
themselves should be concealed by a full height acoustically trans­
parent,  visually opaque curtain. With high quality systems and 
ancillaries used with programme of matching quality it is subjectively 
possible to conceal the aural positional identity of the speaker 
enclosures. The perceived sound field can possess properties of height 
up to several metres, depth up to 20 m or so, and a stage width 
encompassing at least the room width. Front stage focus can appear 
so sharp that a sound image of a solo vocalist may appear no wider 
than a real person. Such are the objectives of the stereo performance 
of a good loudspeaker, in addition to high clarity, a satisfactory 
bandwidth, good response uniformity and low coloration. 
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TABLE 8.2(a) RECOMMENDED ROOM PROPORTIONS (I.E.C) 

Height Length Breadth Area Volume 
(m) (m) (m) (m2) (m3) 

2.5 6.0 4.0 24.0 60.0 (m in) 
2.8 6.7 4.2 29.0 80.0 (mean) 
3.0 7.2 4.8 34.0 10 1 .0 (max) 

Table 8.2(b) IDEAL ROOM RATIOS FOR DIFFERENT SIZED ROOMS 
(from Olsen) 

Room size Length Breadth Height 

Small 1 .6 1 .25 
Medium 2.5 1 .6 
Large 3.2 1 .25 

Table 8.2(c) THE FIRST 24 MODAL FREQUENCIES IN THREE TYPICAL 
LISTENING ROOMS4 

Room = Room = Room = 
6.75 X 3 X 2.6 m 7 X 3.75 X 2.7 m 9 X 5 X 3.6 m 

frequency frequency frequency 
(Hz) mode (Hz) mode (Hz) mode 

25. 19 1 .0.0 24.29 1 .0.0 18 .90 1 .0.0 
50.40 2.0.0 45.33 0. 1 .0 34.00 0. 1 .0
56.67 0. 1 .0 48.57 2.0.0 37.80 2.0.0 
62.00 1 . 1 .0 5 1 .43 1 . 1 .0 38.90 1 . 1 .0 
65.39 0.0. 1 63.0 0.0. 1 47.22 0.0. 1 
70. 10 1 .0. 1 66.44 2. 1 .0 50.83 2. 1 .0
75.57 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  8 1 .29 1 . 1 . 1  6 1 .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 

1 1 3.3 0.2.0 93.86 1 .2.0 70.60 1 .2.0 
1 14.9 3. 1 . 1 96.30 3.0. 1 73.76 3.0. 1 
1 16. 1 1 .2.0 102.9 2.2.0 77.79 2.2.0 
124.0 2.2.0 106.4 3. 1 . 1 8 1 .22 3. 1 . 1
1 30.7 0.0.2 1 10.4 0.2. 1 82.79 0.2. 1 
1 30.8 0.2. 1 1 1 6.3 3.2.0 88.52 3 .2.0 
1 32.2 1 .0.2 120.6 2.2. 1 9 1 .00 2.2. 1 
1 36.2 3 .2.0 1 25.9 0.0.2 94.44 0.0.2 
140. 1 2.0.2 1 83.3 1 .0.2 96.32 1 .2.2 
140.2 2.2. 1 1 32.3 3.2. 1 100.3 3.2. 1 
142.5 0. 1 .2 1 33.8 0. 1 .2 100.4 0. 1 .2



I 

LOUDSPEAKER ASSESSMENT 297 

Table 8.3 PROPOSED R; FOR LISTENING ROOM 

Frequency 
(Hz) 

100 . 
400 

1000 
8000 

Ideal listening rooms 

Room reverberation time
(s) 

0.4 +-> 1 .0 
0.4 <--> 0.6 
0.4 <--> 0.6 
0.2 +-> 0.6 

An exact specification for an ideal room is impracticable due to the 
wide variation encountered in the· acoustics of domestic listening 
rooms. National taste plays a part in this as the acoustics are largely 
dependant upon the type of architecture and inside wall finish plus the 
quantity and style of the furniture. 

Little can be done to cure severe or poorly distributed standing 
wave modes produced by non ideal proportions. Architects seem to 
be largely unaware of the need for rooms to possess a natural and even 
reverberation ; this quality is not only relevant to high quality music 
reproduction but also for the ubiquitous television as well as for clear 
intelligible human speech. Given reasonable proportions the room 
may be assessed in a limited way by a finger click or a handclap. 
Metallic ringing, flutter echo (closely spaced high frequency cross 
reflections) seriously degrade the reproduction and must be dealt with 
by a combination of various areas of wall acoustic absorbent. Wall 
hangings, curtains, window blinds and bookcases, etc. are very 
helpful in this respect. One of the nicest sounding 'natural' domestic 
listening rooms found in one of the larger houses was the library (not 
one with false book spines !). Carpets are a help, especially in the 
vicinity of the loudspeakers. 

Ishii40 researched the design of a 'standard' listening room for the
subjective development of loudspeakers. By domestic standards it is 
quite large but gives an idea of what can be done. An R1 of 0.4 s was 
achieved within a small deviation from 20 Hz to 20 kHz. The design 
target for the range below 100 Hz is open to criticism on the basis that 
no domestic room is likely to be equipped with graded bass absorbers 
to hold the R1 constant. The author can verify that this room had a 
sufficiently good sound quality for music recordings but was clearly 
suited to anechoically flat speakers. The latter suffer from a degree of 
bass lift in normal rooms. 

Positioning 
The systems should be positioned in accordance with the designer's or 
manufacturer's recommendations but if no such information is 
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available, then a spacing of 1 m from the side walls and 0.5 m from the 
rear wall represents the minimum requirement. The main louds­
peaker axis should be elevated 1 .25 m above floor level and facing the 
main listening areas. If a stereo pair is tested the left and right systems 
should be separated by at least 2.5 m, and. if several pairs are 
simultaneously under test, no two speakers should be closer than 
0.5 m. 

Adjacent speakers or other obstacles spoil both the polar pattern, 
stereo image and low frequency transient response of the test system. 
Where accurate results are required only one stereo pair system 
should be in the room for auditioning at one time. This mutual 
interference between test enclosures represents a fundamental weak­
ness in stereo A/B testing. Done in mono, A/B comparisons must be 
supplemented by a further series with the positions of the reference 
and test systems exchanged. 

Panel 
The panel makeup depends upon the desired size, scope and 
application of the results, but for hi fi equipment, a sensible choice 
would include both male and female enthusiasts familiar with live 
performances as well as· recording engineers and interested musicians. 
A maximum number of five panellists is suggested and the tester 
should be aware of the general hearing ability of each panel member, 
who should ideally be drawn from the twenty to forty-year age 
bracket. The combined results achieved will provide some averaging 
of the forward radiating characteristics of the system under test, while 
factors such as the exact placement of the panellists and the rotation 
of listening places should also be noted. For the most critical stereo 
analysis the need for the path lengths from each speaker to a panellist 
to be equal, that is within a few centimetres, dictates the use of a solo 
listener. 

Programme material 
The interaction between most types of music, its recording method 
and individual loudspeakers, is usually quite marked, and it is 
suggested that the test programme itself be regarded as a variable. 
Fairly short 15 to 30 second programme sections, recorded with 
adequate pauses to allow the panel members to note their comments, 
have proved effective. This is satisfactory for A/B pairing. Single 
presentation methods require more extended programme, typically 
2-5 minutes each. 

The programme quality may need to reflect the likely application. 
For domestic use, an inexpensive loudspeaker is likely to be used with 
a modest amplifier of possibly bright character with an analogue disk 
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player fitted with a cartridge of significant distortion content, 
particularly at high frequencies. A speaker with a bright 'ragged' 
treble might sound reasonable on master quality programme but 
would be considered unacceptable paired with its likely source 
material. Both typical and master quality programme should be 
used, encompassing as wide a frequency range, dynamic range and 
music type as possible. 

Frequently a speaker may be found to suit a particular recording 
balance or type of music and dismally fail on another. Auditioning 
cannot be short-cut. Where the recorded sounds are to be compared 
with life it is best to choose simple sounds, e.g. drum, voice, cymbal, 
wood blocks, anechoically recorded with a 12 mm capsule at a 1-2 m 
distance. It will be found that very high dynamic ranges are required 
in the recording and analogue noise processors tend to spoil the 
results. Open reel at 38 cm/s half track is acceptable, 1 6  bit PCM 
digital is optimal. For realistic reproduction of transient peaks, up to 
250 W will be required with the less sensitive speakers. 

Analogue and digital programme and its effect on listening tests 
With the introduction of digital programme some interesting differ­
ences have been observed in listening test results as opposed to those 
taken with analogue sources. 

Given a high quality original master, digital programme has 
altered the emphasis in the balance of qualities judged preferable in 
the reproduction. Speakers with lower distortion, lower bass system 
Q factors, more extended tapered bass response, accurate tonal 
balance, sharp transient definition and high clarity and transparency 
are favoured. Moderate colouration or delayed resonance effects are 
also tolerated more than with analogue sources. It is as if the 
negligible colouration of the digital source allows for a little more 
lenience with regard to the speaker. 

In contrast, analogue sources have tended to favour very smooth 
axial responses through mid and treble registers. Colouration needed 
to be as low as possible while a first rate low frequency performance is 
less critical. 

Speaker performance will remain to some degree programme 
dependant, not only on the type, the recording acoustic and quality 
but also whether the replay domestically or on test is analogue (tuner, 
disc or cassette) or digital (CD or PCM). 

Loudness 
While the preferred listening level is that set by the average panellist, 
great care must be taken to ensure that the loudness of two speakers 
successively compared is carefully matched. If the response dissimila-
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rities are severe this may be difficult to achieve and loudness 
adjustments for each programme section may then be necessary. Due 
regard for the overload point of both speaker and test amplifier is 
essential, and successive amplifier . gain settings and the sound 
pressure are worth recording, the latter facilitated by a taped 
calibration signal and an 'A' weighted sound pressure reading. The 
quality of the results is largely determined by the skill and judgement 
of the test operator. 

Duration 
A single test session should not last longer than one hour, but with 
frequent short breaks and refreshments, good results may in practice 
be obtained over much longer periods. 

The author has extensively used (Colloms46) longer duration 
sessions for single presentation subjective testing, it proving possible 
to audition 12 models per day. These are done in four groups of three, 
the groups interspersed with lunch and refreshment breaks. A 
programme of six programme items lasting a total of 1 5-17 minutes is 
considered sufficient. 

Test procedure 
Two procedures are discussed in the IEC draft proposals, namely a 
'single stimulus' or isolated judgement method where speakers are 
individually scored, and the A/B method (where speaker A is 
compared with speaker B), which although more lengthy is less 
frustrating for the panel, since it affords a greater sensitivity to fine 
differences. In order to assess the degree of marking variation, the use 
of a 'control' or reference is valuable, not only on one occasion but 
repeated several times during the sessions to establish test continuity, 
and to gauge the consistency of marking. 

A/B paired comparisons 
Random presentation of the speakers is essential, particularly if a 
reference is involved, and the order of the programme sections should 
be similarly shuffied. The A and B systems must be given 
approximately equal periods of audition, and it is also important that 
the reversed B/ A case is also presented. The human ear quickly 
becomes accustomed to the A or first sound, to the extent of filling in 
quite major irregularities. When the B sound is heard the ear 
superimposes the A compensation resulting in an initially incorrect 
judgement of B's abilities. Given sufficient time for the true 
assessment of B to become apparent, transfer back to A will give the 
opposite result. Usually the second or third reversal will result in a 
reasonably valid judgement of the relative merits of the two systems. 

> 
. 
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Where 'A' is a live sound, these reversals, although not quite so 
important, are still worth including. 

Ideally the comparison should be undertaken in stereo format but 
in practice the errors involved in stereo recording necessitate the 
adoption of monural recording. This also applies to the presentation 
which is best conducted using a single sample of each loudspeaker 
adjacent to the live sound. 

The choice of sound presents some difficulties, an obvious one 
being the suggestion to use an orchestra. However, single sounds can 
be effectively employed and these are easy to reproduce consistently 
and allow the panellists to make quick decisions. The radiation 
pattern of the source is an important consideration since typical 
loudspeakers are designed to radiate primarily in the forward plane 
particularly at higher frequencies, whereas most instruments are 
more or less omnidirectional. This problem can be overcome to a 
large degree by providing panel absorbers on the listening room wall 
behind the loudspeaker and the comparison live sound source. 

Useful sounds include those of a percussive or transient nature such 
as a wood block xylophone, side drum, etc. A large 250 mm plain 
cymbal is often most revealing of high frequency problems. Acoustic 
guitar represents a 'mid' centred sound which accurate speakers can 
mimic very effectively. Though subject to more variation with time 
and mood, the human voice, particularly male, is a most revealing 
source spanning 100 Hz to 1 5 kHz. Distortions result in reduced 
intelligibility, exaggerated sibilants and the like. The recording 
technique is important since the accuracy of the replay is vital to the 
comparisons. The recording location is preferably a large anechoic 
chamber with a low colouration flat response microphone employed 
at a generous distance from the source, typically 1-2 m. 

An effective procedure consists of recording the live sounds in the 
form of short musical or verbal phrases lasting 3-5 seconds 
interspersed with pauses of slightly longer duration. On test, the tape 
is run continuously to provide a constant background noise level and 
the performer 'fills in' the pauses 'live' as they occur, repeating the 
preceding reproduced phrase. Thus a number of A/B/A/B- - ­
comparisons are possible with each sound. A total of 3 to 6 
comparisons is usually sufficient and each sound presentation need 
only take a minute or so. 

Single presentation 
Scorned by many designers on first inspection, the single presentation 
technique in the author's view provides the best method of subjective 
appraisal so far. Its accuracy improves with the experience of the 
panellists and also the quantity of speakers assessed. Up to 70 models 
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may be judged over 12  working days, including the frequent use of 
control or reference systems which are randomly introduced 
throughout the auditioning to assess marking variations. Typically 
the marks awarded to the control fall within a ± 7% error band of its 
mean value. 

Panellists are instructed to assess reproduced sound quality against 
their own experience and, after a short interval, decide a numerical 
value for the quality reproduced for each programme excerpt 
auditioned. Having chosen a figure from 0--10 the panellist is then 
asked to write down on a simple form that number plus any 
description or justification he might feel is relevant. These 
characterisations should preferably follow those given in Tables 8 .4 to 
8.7. The panellists must score and comment individually, and are 

Table 8.4 SCALE OF MARKING FOR SUBJECTIVE ACCURACY 

Scale Characterisation 

Penect reproduction, completely lifelike 
Excellent fidelity 
Very good 
Good 
Average plus 
Fair or average quality 
Average minus 
Acceptable 
Poor 
Very poor reproduction 

10 
9 
8 
7 
6 
5 
4 
3 
2 
I 
0 No resemblance to or connection with live sounds 

Table 8.5 CLASSIFICATION OF SUBJECTIVE FREQUENCY BALANCE 

Frequency balance 

Deficiency 
Range Region or excess Degree 

Bass low + or - slight 
mid moderate 
upper severe 

Mid low + or - slight 
mid moderate 
upper severe 

Treble low + or - slight 
mid moderate 
extreme severe 



Table 8.6 COLOURATION 

Characterisation 

Boomy 
Chesty, plummy 
Boxy, hollow 

Tubelike, tunnelly 
Cuplike, honky 
Nasal, hard 

Presence, upper hardness, wiry 
Sharp, metallic, sibilant 
Fizzy, gritty 

Table 8.7 

(a) Stereo Assessment
Image sharpness or focus 
Image width 
Image depth 
Perceived recorded ambience 
(b )Definition and Clarity 
Treble clarity 
Mid clarity /transparency 
Bass clarity or definition 
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Appro,.:imate 
frequency range 

50-80 Hz 
100-150 Hz 
1 50-300 Hz 

400-600 Hz 
700-1 .2 kHz 
1.8-2.5 kHz 

2.5-5.0 kHz 
5.0-8.0 kHz 
10-15 kHz 

requested not to discuss or make any sign concerning their opinions 
during the session. Only mild stimulants are allowed during the day. 

The test controller has to analyse the data, check deviations, 
eliminate obvious errors and the like and compile a descriptive 
character appraisal of the speakers from the panellists' score sheets. 
The speakers are of course auditioned sight unseen, behind a curtain. 

Scaling 
An 1 1 -point scale has given good results, where 0 and 10 represent the 
respective end points of extreme inaccuracy and excellence, with the 
numbers in between covering the marking range. The important 
characterisations can be variously termed as 'accuracy', 'neutrality' , 
'true to life' or 'true to nature'. 

Other relevant characterisation of the perceived quality of high 
performance systems may also be employed, including such terms as 
'clarity', 'transparency' (the rendition of detail), 'frequency balance' 
(describing deficiencies or excesses of level in various parts of the 
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frequency range) and 'colouration', with relevant comments drawn 
from an approved range of adjectives. As before these may be scaled 
from 0 to 10, and additional written comments can also be of value. 

The results and their analysis 
The reliability of the conclusions is proportional to the number of 
results. The IEC document suggests that two or more repetitions of 
each test combination is essential. 

Various approaches may be adopted to the statistical analysis of 
the data : arithmetic mean, standard deviation and variance, to name 
but a few. Factors such as the test reliability, dependency on 
particular system/programme/panellist combinations and fatigue 
should all be taken into consideration. For example, in the unlikely 
event of no speaker or programme/speaker dependency, the analysis 
may be simplified, with averaging becoming the basic technique 
employed. 

Psychological factors 
Before leaving the subject of subjective testing, it is necessary to make 
a few brief comments concerning its psychological and otological 
aspects. 

The listener or subject is sensitive to many qualities in sound 
reproduction to a greater or lesser degree, such as non-linear and · 
other distortions, uniformity of frequency response, transient 
response, colouration and delayed resonances, phase, loudness, 
reverberation, stereo image and the related depth and position 
perception. The most favourable or strongest subject reaction is 
understandably produced by a wide uniform frequency response, a 
suitable loudness appropriate to the listening environment and the 
programme, realistic imaging, minimal transient or delayed 
resonance colourations and a correct reverberation time. 

While this may be classed as a basic response, it can be complicated 
by emotion. A particular fondness for an instrument on the part of the 
listener, or a certain section of programme, may induce a response out 
of proportion to that expected on an objective basis, and an error may 
result in either direction, depending upon the perception of either a 
pleasing or a disappointing effect. Likewise a subject's response will 
also depend on such factors as a recent or continuing illness ; a cold, 
for example ; his or her mood that day and whether a test occurs at the 
beginning or end of a session. Listening fatigue is a particularly 
important factor in this context. When differences are small it may be 
necessary to account for subject interaction. In a test on amplifier 
sound quality, such interaction in a listening panel was found to 
dominate the results36 .  However despite these many problems, 
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subjective testing, if planned carefully, can be reliably executed and is 
essential to the advancement of loudspeaker quality. In the author's 
experience, it is only those models which have undergone successful 
and exhaustive critical audition prior to release that truly merit the 
classification 'high performance'. 
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INDEX 

A/B comparison 240 
A/B paired comparisons 300 
A/B pairing (mono) 298 
Absolute phase 251 
Absorbent, placement of 224 
Acoustic absorption 223 
Acoustical circuit (electro-

mechanical) 83 
Acoustic loading 71-1 16  
Acoustic matching 1 1 1  
Acoustic mirror 261 
Acoustic output of enclosures 21 1 

see also Axial sound pressure 
Acoustic power relation 22 
Acoustic properties of enclosure 208 
Acoustic resistance 25 
Acoustically transparent covering 227 
Active crossover 1 7 1 ,  205 
Active filters 188,  190, 191-2 

amplifiers 201 
crossovers 1 88-205 
loading 285 
overload 1 86 
theory 7, 200 

Adaptive signal processing 107 
Air-motion transformer 57 
Air non-linearity 80 
Aluminium cone drivers 6 
Aluminium cone unit 153  
Amplitude response equalisation 99, 

1 79, 196 
Analogue programme 299 

effect on listening tests 299 
Anechoic chamber 258, 283 
Audibility 

resonance 216-217 
response regularities . 239-41 
thresholds 235, 247 
see low frequency sensitivity 

Auxiliary bass radiator (ABR) 90, 92, 
96 

Averaged room response 260 
Axial sound pressure, development 

of 26-9 

Baffled drivers 1 1 ,  1 8  
B 4  alignment 9 1 ,  9 3  
Bandwidth (horn) 1 1 1  
Bass equalisation 1 89 ,  199 
Bass units 12 1-41 

(see also LF units) 

Beam coupling 214 
'Bell' modes 41 ,  42, 43 
Bessel alignment 87 
Bessel functions 1 5  
Boundary stiffness 221 
Box filling or damping 88 
Box structure 209 
Box volume compliance 63 
Bracing 213,  214, 217, 219 
Breakup modes 32,  34,  37,  47 
Butterworth 'B2' 85 

Cabinet 
construction 21 1 ,  224-8 
panels 216 
shape 228-31 
size 224, 252 
see box 

Cabinet colouration 226, 232 
Cabinet resonance 213 ,  232 
Cabinet vibration 233 
Capacitors 1 86 
Carbon fibre 1 25 
Cavity resonance effects 143, 23 1 
C2 Chebychev alignment 85, 87 
Celestion high frequency unit 6, 1 52 
Centre cap (LF) 139 
Centre dome 120 
Chassis 120 ;  (LF) 140 
Chassis resonance 140 
Circuit geometry 1 87 
Climate 107 
Closed-box system 83-90 
Coil diameter 46 
Coil inductance 20, 290 

suppression 64-5 
Coil resistance 23 
Coincidence effect 216 
Colouration 3,  37,  1 19,  163, 226, 232, 

249-50, 303 
driver 232 
due to diffraction 23 1 
mid-band 1 12 
subjective 5, 212 

Compression and dynamics 256-7 
Computer aided analysis 212  
Computer controlled testing 285 
Concentric mode energy 43 
Conducted heat 135  
Cone area 291 
Cone behaviour 37.c.S 

308 



Cone design 37 
Cone diaphragms 146 
Coned (LF/MF) drivers 145 
Cone material damping 43
Cone parameters 37--44
Cones 1 19 

see diaphragms 
bextrene 4, 7, 125 
metal 6, 127, 153 
MF 145 
normal 41 
paper pulp 162
polypropylene 146 
pulp 28, 1 24, 135  
straight-sided (true) 44-8 
thermoplastic 43 
wide angle 44 

Cone shape 44-8 
Constant hemispherical directivity 26 
Cored inductors 183
Corner joints 226
Cross-bracing 226
Crossover filter response 1 72 
Crossover networks 164-88 

computer aided design 188
layout 187 

Crossover point 163, 233
Crossover saturation 256
Crossover techniques 7 
Curved profiles 45 
Cylindrical cabinets 222

Damped systems 82
Damping 

acoustic 82
mechanical 39

Damping materials 217
Damping pads 218
Damping pad aging 218
Damping products 220
DC resistance (motor coil) 20, 290
Delayed resonances 250
Demagnetisation (LF) 1 39 
Diaphragms 9-15,  1 19,  1 35 

concave 32 
LM/MF 141
MF 143 
paper-pulp 1 27 

Diaphragm materials (LF) 121
Diaphragm radiation 15
Diaphragm radiators 9-29 
Diaphragm shape 30, 1 28 
Diffraction 228-31 
DIN standard 241 , 254, 277, 285

INDEX 309 

Digital programmes 1 05 
effect on listening tests 299

Directivity 14, 22, 26, 32, 1 19, 1 53,  1 57, 
238 

Directivity diagram 1 2
Directivity index 1 1
Direct radiator system for stereo 238
Direct to reverberant sound, ratio 

of 252
Dispersion 238
Dispersion angle 1 57 
Distortion compensation 63
Distortion harmonics 245
Dome characteristics, compensation 

of 37
Dome diaphragms (HF) 149 

working frequency range 37 
Dome radiators 30--3 
Domes 1 19 

convex 32 
doped fabric 3 1
MF 143
plastic 1 5 1  
profile 32

Domestic two-way loudspeaker 
system 2, 5 

Doppler distortion 245, 279 
Double suspensions (LF) 1 3 1
Driver-box assembly 78
Driver chassis 208
Driver-cone transmission of internal 

resonances 224
Driver parameters 288
Driver sensitivity 195
Drive-unit mounting 23 1-2 
Drive units, choice of 161
Driving impedance 195
Dust cap 12 1 ,  1 39 
Dual coil 29 

Bliciency 28, 32, 1 1 1  
concept of 28-9 

Bliciency criterion 27 
Efficiency factor 77
Electret elements 55
Electrical power matching 27
Electrical 'Q' factor 291 
Electroacoustic standards 294
Electrolytic capacitors 1 86 
Electronic equaliser 1 54 
Electronic filters 190
Electrostatic electrodes 54
Enclosure colouration 221

see also cabinets, boxes 
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Enclosure materials 209-1 1 
cast concrete 210 
chipboard 210 
medium density fibreboard 210 
metal 2 1 1  
plastic 21 1 
wood 209-10  

Enclosure panels 2 14  
Enclosure resonances 21 1-13, 219 
Enclosures 208-34 

common rectangular 222 
compact 80 
reflex 90--108 
rigid 226 
sealed box 223 
vented 90--108 

Enclosure size 105 
Enclosure value and efficiency 87 
Energy response 277 
Environment 292 
Equalisation 195, 198 

Ferrite cores 185  
Ferrofluids 135-7, 1 53, 256 

viscosity 1 53 
FIT analysis 279-80 
Filled cabinets 214 
Film transducer 49-50, 56 
Finite element analysis 47, 212 
First breakup resonance 32 
First-order low-pas8 filters 193 
Flat infinitely rigid piston 30, 143 
Flat piston 32 
floor-mounted systems 233 
Flutter 247 
Flux density 20 
Foams, performance of 221 
Folded horn 1 1 3  
Force factor 291 
Fourier analysers 275 

see F.F.T. 
Fourth order systems 104 
Free field measurement 259 
Frequency-modulated distortion 245-8 
Front grilles 227 
Full-range cone driver 153 
Full-range units 1 53-4 
Fundamental performance 

limitation 77 
Fuses 256 

Gated sine wave excitation 266 
Gated pulse techniques 283 

Gating techniques 261 
Grille material 227 

Hard dome HF unit 15 1  
Harmonic distortion 277 
Helmholtz resonances 21 1 
High acoustic outputs 79 
High compliance bass/mid drivers 26, 

100 
Higher-order filters 200 
High frequency drivers 163 
High-frequency units 149-53 
High-pass filter analogy 78 
High-pass filters 193 
High performance systems 162 
High-polymer transducers 57 
Hilbert transform 271 
Horn loading 1 10--16, 153 
Horn matching 1 1 1  
Horn shape 1 13 
Horn systems, commercisl 1 14 

Impedance 
acoustic 16  
dynamic 254 
electrical 285 
mechanical 1 5  
input 253 
terminal 171  

Impedance equivalent circuit 24 
Impulse excitation 266 
Impulse response 283 
Infinite baffie 72, 226 
Infmite baffie speakers 83 
Infinite baffie, hemisphericsl 

radiation 28 
Instability 62 
Integrated room/speaker design 73, 74 
Intermodulation distortion 188, 244, 

277 
Internal volume absorption 224 
Intrinsic panel resonance 217  

k. 77
KEF mid-band transducer 3 

Large area transducers 54 
Laser measurements 284 
LC resonant system 21  
Lead sheeting 2 17  
Leaf or ribbon elements 43 
LF alignments 74, 99, ch 4 
LF diaphragm 1 56 
LF limitation due to room size 73 

/ 



LF system analysis 75-83 
Linearity and magnets (LF) 138 
Listening room 260, 296-7 
LF/MF units 141-2 
Loading, 2n 75 
Long coil 62-3 
'Long-throw' low-colouration drivers, 

small 28 
Loudness 299 
Loudspeaker colourations 260 
Loudspeakers 

acoustic adjustability 104 
assessment 235-305 
enclosures 209 
measurements 257 
specifications 235-57 

Loudspeaker stands 233-4 
Loudspeaker system low frequency 

alignment 74, 76 
Loudspeaker system sensitivity 

alignment 202 
Loudspeaker system specification 

idealised 2 
proposed 6 

Loudspeaker pressure response 65--6, 
262 

Low compliance drivers 1 00  
Low distortion speaker system 245 
Low frequency drivers 162 
Low frequency sensitivity of the ear 81 
Low frequency system analysis 71-1 16  
Low frequency units 121-41 

Magnet design 66-9 
Magnet flux 254 
Magnet reaction vibration 226 
Magnet systems 66-9 
Magnetic circuits 59 
Msgnetic field strength 65--6 
Magnetic fringing 1 36 
Maintenance and repair 205 
Mass controlled' condition 24 
Mass control ring (LF) 140 
Material strengths 128 
Measurement reverberant field 29 
Mechanical equivalent diagram 1 8  
Mechanical force 20 
Mechanical resistance (of suspension 

components) 18 ,  291 
Mid-frequency drivers 1 62 
Mid-frequency units 1 42-9 
Minimum phase 282 
'Minimum phase' loudspeaker 

systems 251 

INDEX 3 1 1  

Minimisation of diffraction 23 1 
Mis-termination 1 7 1 ,  1 74 
Modal frequencies 297 
Motional feedback 102, 1 03 
Motor coil, 46, 48, 59, 1 20 

edge-wound 1 38 
LF/MF 142 

Motor-coil assembly 1 36 
Motor coil inductance 178, 1 80 
Motor coil magnet assembly (LF) 132 
Motor systems 48-61 

combined with suspension 64 
HF 1 52-3 
MF 148-9 

'Motor transformer' 20 
Moving coil components 19 
Moving-coil direct radiator 1 8-26 

drivers 1 1 8-54 
Moving coil driver 1 7 1  
Moving-coil loudspeaker 67 
Moving-coil motor linearity 61-5 
Moving-coil motor system 1 18-21 
Moving coil speakers 256 
Moving mass 1 8 , 290 
Music 248 

Near field measurement 264 
Network losses 195 
Noise intermodulation distortion 280 
Nomex formers 135  
Nonlinear distortion 241 

Objective measurements 262 
Odd order alignments 98 
OfT-axis responses 265 
Open baffle 208, 232-3 
Operational amplifiers crossover 

effects 202 
Optimum power . transfer .condition 28 
Optimum system design 73 

Panel acoustic output 216  
Panel colouration 212  
Panel damping 218 ,  225 
Panel flexure 218  
Panel material 216  
Parameter variation 107 
Passive crossover calculations 205 
Passive delay networks 183  
Peak current demand 254 
Perfectly homogeneous cone 40 
Phase 251  
Phase correction plate 1 5 1  
Phase effects 251 
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Phase loss 30, 36 
Phase plate 1 20 
Phase response 280 
Piezo-electric transducers 57-8 
Piston 9-1 5  
Piston radiating acoustic power 1 5-18 
Piston radiator 14 
Piston velocity 17  
Plastic film capacitors 187 
Poisson's ratio 33  
Polyethylene 57 
Port design 97 
Positioning of  systems 297 
Power capacity 254 
Power dissipation (LF) 1 34 
Power output 23, 28 
Power rating 1 34, 255--6 
Practical diaphragms, performance 

of 30--69 
Premature driver rolloff 198 
Pressed-steel chassis 232 
Pressure modes 212  
Pressure response 25 
Programme material 298 
Programme spectral content 82 
Propagation delay 36 

in a horn 1 12 
Psycho-acoustic effect 29 5 
Psychological factors 304 
Pulsed distortion testing 279 
Pure piston performance, departures 

from 30 

Q factor 200 
Q ringing 240 
Quad full-range electrostatic 

loudspeaker 3 
Quad loudspeaker 49 

Radiation pattern 208 
see also directivity 

Random noise excitation 29, 265 
Reference efficiency 27, 77 
Reflex loading 132 

see also vented boxes 
Reflex systems 257 
Resonance control 217  
Resonance lift 25  
Resonant frequency 24 
Resonant modes 209 
Response shape 85 
Reverberant chamber 29, 260, 262 
Ribbon 56 
Rising driver axial response 196 

Rocking 43 
Rolloff 26, 74, 9 1 ,  99, 195, 260 
Rolloff slopes 167 
Rolloff frequency error 195 
Room interaction 72, 295 

Sand filling 234 
Scaling 303 
Sealed box system 99 

see also closed box 
Second-order low-pass filters 192 
Second order systems 104 
Sensing transducer 1 03 
Sensitivity 28, 284 
Sensitivity matching 163 
Sheathed electrodes 54 
Sinewave excitation 262 
Single plate electrodes 54 
Single presentation 301 
Sixth order alignment 1 00  
Sixth order systems 104 
Sound energy 39 
Sound power output 284 
Sound pressure 23 

at given point 9 
Sound pressure level 28 
Sound pressure on axis 26 
Sound quality 253 
Sound velocity in diaphragms 1 1 ,  33-7 
Speech 248 
Square wave response 283 
Standing-wave modes 212, 222-4 
Standing-wave reflections 45 
Step response 86 
Stereo 1 57 
StereoA/B testing 298 
Stereo assessment 303 
Stereo focus 253 
Stereo image 298 

precision 158 
Stereo pair 298 
Stereo performance 295 
Stereo results 1 59 
Studio monitoring 205 
'Sub-colouration' 222 
Sub-enclosure 222 
Subharmonics and rocking 43 
Subjective accuracy 302 
Subjective evaluation 292 
Subjective frequency balance, 

classification 320 
Subjective sound evaluation 292 
Subjective testing 304 
Subsonic overload 78 



Surface waves in panel 218  
Surround 40, 1 20, 129 ;  (MF) 148 
Surround compliance 48 
Surround profile 40 
Surround resonance 1 5 1  
Suspension 120, 1 30 

combined with motor design 64 
MF 146 
and surrounds (LF/MF) 141  

Suspension compliance 18 ,  288 
System damping 82, 88 
System design 160--4 
System resonance 200 
Systems and crossovers 1 56-206 

Teflon 57 
Termination 39--40 

see also surround 
Test environment 257, 259 
Test procedure 300 

objective 262 
Third-order active Butterworth 

filter 200 
Third-order network 167 
Time delayed spectrometry 261 ,  274 
Toneburst response 283 

Total acoustic output 284 
Transformer 20 

INDEX 3 1 3  

Transformer theory 20 
Transient response 9 1 ,  248-9 

see also step response 
Transmission-line analogy 39 
Transmission-line enclosures 1 08-10 
Treble units 1 52, 1 89 

see HF units 

Ultra-rigid diaphragm 
constructions 30, 1 24 

Undamped panel output 2 1 3-17 
Universal resonance curve 21 

Vented-box distortion 95 
Vibrating diaphragm 9 
Vibrating piston 1 1  
Vibration absorbers 217  
Vibrational modes in  cone 39 
Volume resonances 224 

Wall mounted systems 7 1 ,  73, 233, 238 
Wigner distribution 271 
Wigner stimulus 274 
Winding techniques (LF) 1 37 
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