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Loudspeaker system design

Changes and refinements to the system described in the May and June issues

by Siegfried Linkwitz, Dip!. Ing., Hewlett-Packard Co., Santa Rosa, California

It is unfortunate that there are still so few
loudspeakers commercially available
which achieve a high standard of
accuracy, according to Mr Linkwitz.

" After all,”" he says, ""the design
concepts are rather straightforward and
rational.”” The design of a loudspeaker
system has to include a large number of
electrical, mechanical and acoustical
parameters if optimum results are
desired. There is not one single
parameter which by itself will turn a poor

loudspeaker into a superior one; attention:

has to be given to all parameters,
including the driver, enclosure and
crossover.

THESE NOTES are intended to encou-
rage further development of loud-
speakers, and bring increased enjoy-
ment to those who want to undertake
the task of building their own systems.
The changes and refinements made to
the original loudspeaker system, de-
scribed in the May and June issues, are
presented to show the completeness of
the analytical design approach, and
should not be taken as an indication
that the previous system is obsolete.
The audible effects of the changes are
subtle and the added complexity of the
circuits would be worthwhile only to
someone trying to achieve greatest
accuracy of reproduction. But the tech-
niques described should be of general
interest to any loudspeaker design.

I feel the weakest link in recreating
the illusion of a life source with loud-
speakers lies at the microphone pick-up
end of the signal chain. It seems likely
that more than two loudspeakers are
needed, but first a much better under-
standing for recording and reproducing
the appropriate sound field has to be
developed and demonstrated. Then it
may be possible to transport oneself to
Symphony Hall without moving out of
the living room chair. Meanwhile the
loudspeaker as the necessary electro-
acoustic transducer can approach a
high state of development.

Any moving coil driver has the
general frequency response of Fig. 22
(Fig. 17 ref 16*) when driven from a
constant voltage source. This is a
second-order filter with an asymp-
totic slope of 12dB/octave below the

*Figure numbers prior to 22 refer to the author’s
previous articles, ref. 16.
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Fig. 22. Frequency response of a
moving-coil driver with dimensions
small compared to a wavelength, which
must be taken into account when de-
signing crossover networks.

Fig. 23. To achieve an acoustic or overall
high-pass filter response with 24dB/
octave slope (b), requires the terminal
voltage to follow a 12dB/octave slope
below resonance to compensate for the
effects of the driver, whose sound
pressure and phase response are shown
at (a).
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resonant frequency f, and flat sound
pressure output above it. The height of
the peak near f, is governed by Q. Both
parameters f, and Q, are easily deter-
mined from an impedance measure-
ment of the driver, Fig. 18. This general
transfer function between terminal vol-
tage and sound pressure output applies
to woofers, mid-range units and
tweeters as long as their cone dimen-
sions are small acoustically, Fig. 2, and
must be taken into account when de-
signing a crossover network.

As an example, consider the high-
pass section of a crossover to a 25mm
dome tweeter which has a resonance of
800Hz with Q, of 0.9, Fig. 23(a). The
desired acoustic output should follow
the fourth-order high-pass characteris-
tic of the 24dB/octave crossover with
1.5kHz as the —6dB crossover
frequency (b). At first glance it seems
sufficient to shape the driver terminal
voltage to follow the 24dB/octave
high-pass function of (b) because the

Fig. 24. Required drive voltage (c) has to
be constant below the driver resonance
frequency f, to give the desired acoustic
h.p. response (b) (cone excursion shown
dashed), as a result of driver response

(a).
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filter has 22dB of attenuation at the
driver resonance. Indeed, this was the
procedure in the original crossover de-
sign for the T27 tweeter, Fig. 10. Such
terminal voltage, however, causes a
36dB/octave roll-off in acoustic output
from the driver for frequencies below
resonance f,. To achieve the exact
acoustic frequency response of (b) the
terminal voltage must follow a 12dB/
octave slope below the 800Hz driver
resonance (c). This then compensates
exactly for the phase shift and group
delay which the driver would otherwise
add to the acoustic high-pass function.
The additional phase shift would cause
a tilting of the radiation pattern as the
sound pressures from the tweeter and
mid-range unit would add to a maxi-
mum at a point off-axis!®. The amount
of the phase shift introduced by a
second-order high-pass filter can be
calculated for Q,=0.5 from

¢=180%-arctan

—arctan

200;— /@Oy

0

For the above example, the driver con-
tributes 40° of phase shift at 1.5kHz.
Sound pressures form the mid-range
unit and tweeter are therefore not in
phase unless the measures described are
taken.

Driver terminal voltage
The acoustic high-pass function of the
previous example requires an exactly-
shaped terminal voltage to compensate
for the driver’s own frequency response.
A fourth-order high-pass response is
equivalent to the cascade of two
second-order Butterworth sections!®.
The first step then is to equalize the
driver output to follow a second-order
Butterworth function by shaping the
terminal voltage applied to it, Fig. 24.
Design formulas were developed for a
very useful network, Fig. 25. It is a
modification of Fig. 20 and will later be
used also to extend the woofer response.
A note to those familiar with the de-
scription of transfer functions by poles
and zeroes in the complex frequency
plane: This network will generate a pair
of complex zeros (f,, Q,) which are
positioned to cancel the complex poles
of the driver (f,,Q,). In addition, a pair of
complex poles (f,,Q,) is available which
are placed at the crossover frequency in
the case of the tweeter highpass or at
the lower cut-off point of the woofer in
the case of woofer equalization. The
factor K in the design formulas is

necessary for cancelling a pole-zero pair
(fp1.f2) Which would otherwise be intro-

duced by the network.

The second step in designing the
acoustic high-pass filter is to follow this
network with a standard second-order
Butterworth section to achieve the
overall drive voltage of Fig. 23(d). The
complete circuit of Fig. 26 is only
slightly more elaborate than Fig. 14 but
it achieves the exact fourth-order
acoustic output, Fig. 23(b).
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Crossover frequencies and drivers

The techniquie described could be used
to modify the original T27 high-pass
filter (f, 1.2kHz, Q, 1.1). Instead, I used a
Son-Audax HDI12X9 D25 soft-dome
tweeter with a 1.5kHz crossover
frequency to the B110. At 3kHz, the
previous crossover point, the B110 cone
diameter is about one wavelength, so
that a certain amount of directionality
can be expected, Fig. 1. Further, the
mid-range and tweeter units are
separated by one wavelength at 3kHz so
that the combined radiation patter be-
gins to narrow in the crossover
frequency range, Fig. 3(b). The lower
crossover reduces the acoustical di-
mensions by a factor of two so that a
wider and more uniform dispersion is
obtained over all frequencies in both the
vertical and horizontal planes of radia-
tion, Fig. 2. The loudspeaker then
approaches more closely the acoustical
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(d) Design formulas
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Fig. 25. Useful network for compen-
sating driver resonance at f, and exten-
ding frequency response to f, for woofer
equalization or providing cut-off at fo
for mid-range or tweeter high-pass, res-
ponses. Calculated values should be
checked with the circuit analysis equa-
tions.

point source. While the mid-range unit
has to cover one octave less in
frequency, the tweeter must now have
four times the excursion capability to
maintain the same acoustic output. The
Son-Audax unit works well in this
application and there is no sacrifice in
overall smoothness of response
compared to the T27. The new unit does
not roll off towards the high end. For
most commercial recordings a slight
droop of about 3dB between 2k and
15kHz seems subjectively preferable
and such response can be easily ad-
justed with properly designed treble
controls.

The crossover point between woofer
and mid-range units has been raised
from 70 to 100Hz, thus reducing the
maximum cone excursions for the B110
by a factor of two for constant sound
output. Experience has shown that only
the mid-range power amplifier is
occasionally driven into clipping. If
carefully fused a 100W amplifier might
be considered for driving each B110. The
three-way system is very forgiving to
clipping of the mid-range amplifier. It is
not audible on short transients because
the woofer and tweeter channels still
reproduce their undistorted portion of
the total signal. The reduced frequency
coverage of the B110 at both low and
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Fig. 26. Network for a 1.5kHz 24dB/
octave acoustic highpass filter for a
Son-Audax HD 12 X9 D25 dome tweeter.
The first op-amp stage compensates
exactly for the driver resonance at
800Hz and gives a 12dB/octave 1.5kHz
acoustic high-pass response. The second
op-amp stage is a conventional Butter-
worth section. Design formulas for this

network are from Fig. 25 and Fig. 14.

high frequencies improves the amplifier
power distribution between the drivers.

The crossover frequency between
woofer and mid-range units was not
raised further because the centre
woofer is positioned 0.84m behind the
mid-range unit and the phase shift due
to this path length would become ex-
cessive. Further, the stereo effect might
suffer from the blending of left and
right-channel information for too high a
crossover frequency.

In the future it could become
necessary to have truly full range,
separate speakers for reproducing an
appropriately recorded sound field.
Previously the mid-range resonance at
70Hz was used as one section of the
24dB/octave acoustic high-pass func-
tion. The second section was provided
by an active network. Now, both sec-
tions are implemented electronically
using the circuit of Fig. 25 to compen-
sate for the B110’s resonance in its
enclosure, with f; and Q, determined
from Fig. 18 (f, 73Hz, Q, 0.6). The com-
plete network has therefore a configu-
ration similar to that of the tweeter, Fig.
26.

Woofer equalization

The centre channel woofer covers a
relatively narrow frequency range. Of
particular interest is the lower cut-off
point and cut-off rate. There is some
indication that the low-end phase be-
haviour of a system can have audible
effects. A 5Hz square wave for example,
which sounds like a sequence of clicks,
will change its tonal character when
transmitted through an all-pass net-
work'%, From network theory it is
known that any high-pass filter with a
slope of more than 6dB/octave will
produce some amount of ringing to a
step input!”. It is impractical to roll off
the woofer at a 6dB/octave rate because

68k1

Fig. 27. Shaped toneburst used to
evaluate the audibility of phase distor-
tion.
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Fig. 28. Passive network for 24dB/
octave acoustic slopes and 1.6kRHz
crossover frequency. If constant ter-
minal impedance is assumed for the
drivers then the network and its ele-
ment values can be determined ana-
Iytically? (a). Computer optimized net-
work for actual drivers shown at (b).

it would mean that its cone excursion
has to continue to increase at 6dB/
octave even below the 3dB corner. The
only practical way is to use a 12dB/
octave rate. If the Q of this high-pass
network is kept low at 0.5 then a mini-
mum of overshoot is combined with a
minimum of cone excursion.

The original network Fig. 13 is a good
approximation. The revised crossover
uses the circuit of Fig. 25 with f;19.3Hz
and Q0.5 which gives a 30Hz, 3dB
corner frequency.

The high-pass nature of the woofer
channel introduces phase shift at the
100Hz crossover to the mid-range unit

according to the previous formula for Qg
0.5: o
& =180°-2arctan f_ 220
fo

This amount of the phase shift by itself
is insignificant, but combined with the
phase shift due to the woofer location of
0.84m behind the mid-range it becomes
necessary to add delay to the mid-range
channel. It is implemented with the
network of Fig. 16 which has a phase
shift of

&= —2arctan(2nfRC)

Both the absolute value of the phase
shift and the slope of the phase curve, or
the group delay, can be made to
coincide between woofer and mid-range
channel. The specific network com-
ponent values R and C depend upon the
set-up of the loudspeaker system and no
compensation is needed when mid-
range and woofer radiate from the same
plane.

Audibility of crossover networks
Lowering of the tweeter crossover to
1.5kHz raised some concern over the
audibility of phase distortion. The com-
bined mid-range of tweeter sound
pressure has all-pass characteristic.
Sound pressures from the two drivers
are in phase at all frequencies relative to
each other but the overall sound press-
ure has a frequency-dependent phase
shift relative to the electrical signal at
the input to the crossover network. The
group delay is not constant with
frequency .

A new form of test signal was used
which consists of a five-cycle tone burst
of variable frequency. The tone burst is

www americanradiohistorv com
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Fig. 29. Complete schematic of crossover network and equalization of the author’s system.
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not turned on and off in the usual
abrupt fashion but instead it builds up
and decays gradually, Fig. 27. The en-
velope of the burst follows a raised
cosine function'®. The spectral content
of the shaped tone burst is concentrated
in a narrow frequency range. The ear
appears to be very sensitive to phase
distortion of this signal, while a
square wave or rectangular envelope
burst are almost useless at higher
frequencies for such tests. A system
with 24dB/octave crossover filters has
the phase shift of a second-order all-
pass network with complex poles and
zeroes of Q=0.7. No audible change
could be noticed on insertion of this
network into the test signal path. The Q
had to be increased to 2.4 before any
effect was noticed with the test signal at
1.5kHz. Observation with an
oscilloscope indicated ringing of the
trailing edge of the shaped burst which
became increasingly more audible as Q
was raised above 2.4. It can be con-
cluded safely from these tests and
others with program material that the
phase distortion of a 24dB/octave
crossover is insignificant.

Often, claims are made for the super- '

iority of low-order crossover networks
with 6dB/octave slopes. It should be
obvious from Fig. 24 that a 6dB/octave
acoustic response cannot be realized
with a passive network because the
driver itself introduces a 12dB/octave
slope and the aforementioned
associated phase shift. Merely applying
a terminal voltage which changes with
6dB/octave would guarantee an 18dB/
octave slope below the driver resonance
and 6dB/octave above it, but with ex-
cessive phase shift which defeats the
whole phase argument for this type of
network.

Even a 12dB/octave acoustic high-
pass filter would be extremely difficult
to achieve passively as can be seen from
the required terminal voltage of Fig.
24(c¢).

The lowest-order acoustic high-pass
filter which can be realized with a pass-
ive network has 18dB/octave slope,
sometimes called an acoustic Butter-
worth'®, This filter still suffers from the
phase quadrature between low and
high-frequency driver outputs and the
resulting frequency-dependent irregu-
larity in the radiation pattern'®. Sur-
prisingly then, the 24dB/octave
crossover is the lowest-order function
for which the all-important radiation
pattern has a stable axis. So-called “lin-
ear phase” loudspeakers are based on
wishful thinking and not on physical
realities.

Enclosures
Further investigation into the con-
structon of a well-damped enclosure for
the mid-range and tweeter led to the
following conclusion.

A small box with 20mm thick walls is
too stiff for tar-based damping layers.
The tar has not enough stiffness of its

own to control the motion of the panels
at resonance. A better match between
the two stiffnesses is required®.
Building the enclosures out of 6mm
plywood with a 15mm damping layer
consisting of a 3:1 mixture of water-
based roof patching tar and sand gave
optimum results.

A simple and quite revealing test is to
knock on’any box to hear how dead
acoustically it is.

Passive crossovers
Not everyone is at home with the
electronics and the rather elaborate
op-amp circuits for this loudspeaker
system. A passive crossover seems at-
tractive as it would consist only of in-
ductors, capacitors and resistors in a
relatively simple interconnection. Un-
fortunately it is considerably more dif-
ficult for the home constructor to arrive
at the correct element values for a
passive network than to design active
networks with their great flexibility to
change transfer functions and gain'®.
To design a passive network for a
24dB/octave acoustic crossover
requires a computer optimization
routine unless one is satisfied with the
trial and error procedure on which most
loudspeakér design has been based on
up to today. If a driver could be
represented by a resistor then exact
network values are easily calculated?!,
Fig. 28(a). Real drivers have complex
terminal impedances, Fig. 18. This not
only affects the component values of
the theoretical network but also the
topology as can be seen by comparing
the two networks of Fig. 28. Here a
prototype design is shown for a 1.6kHz
crossover between a 25mm dome
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tweeter and a 100mm woofer/midrange.
Even the computer-optimized network
of Fig. 28(b) has the desired acoustic
amplitude and phase characteristic only
for about two octaves either side of the
crossover frequeney.

The active network in contrast to this
can be exact because the voltage source
at the driver terminals is able to impose
any desired acoustic frequency res-
ponse to the driver, without interaction
between the source’s frequency res-
ponse and the driver impedance.

Note. In addition to the points noted on
page 91 of the October issue, Mr Link-
witz points out that the horizontal scale
for Fig. 6is d/N\.
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Association of audio consultants

IN AN ATTEMPT to improve the standard of
audio equipment reviews, an Association of
Professional Audio and Radio Consultants
has been formed. Acting secretary is James
Moir, 16 Wayside, Chipperfield, Herts WD4
9JJ. The aims are as follows.

Aims of the association
The Association of Professional Audio and Radio
Consultants was formed in July. 1978 to improve
the standard of services offered by consultants,
work towards protecting the interests of their
clients and advance the reputation of the pro-
tession. It recognised that the work of unqualified
consultants sometimes fell below desirable
standards and the membership requirements of the
association ensure that a high level of professional
and technical competence is maintained.

The objects of the Association are:
(a) To maintain and where possible improve the
standards of professional conduct and competence
of consultants concerned with audio and radio
engineering.
(b) To represent and make known the views of its
members upon matters relating to, or affecting the
profession.
(¢) To promote further education and knowledge in
audio, radio and acoustic engineering.

Some consultancies tend to specialise in particu- |

L

www americanradiohistorv com

lar aspects and members of the Association will be
bound by their Code of Ethics to restrict their
activities to areas where their professional exper-
tise is relevant. The range of expertise available is
fully comprehensive. For example, the prospective
client will be able to choose consultants from
within the membership of the Association to give
assistance with:

1. The assessment of the performance of audio and
radio equipment and the associated software.

2. All aspects of the acoustics of concert halls.
studios and theatres. including speech reinforce-
ment, sound recording and associated techniques.
3. Fundamental redesign for development of
improved products.

Membership: (a) Member: An organisation or an
individual offering consulting services with no
significant financial interest in the product of the
service. (b) Conditions of membership: Applicants
for membership shall furnish evidence of pro-
fessional and technical competence.

The ethic which has been adopted by the
Association is basically similar to that of the
existing professional associations. It ensures that
the advice proferred by its members is not in-
fluenced by financial interests in the products and
that any commercial involvement is. in any event,
limited to a small proportion of the member’s
activity. Members will aiways declare the nature of
this involvement when appropriate.
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