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other. This causes the two drive units being
“crossed-over” to radiate their respective
acoustic energies from points in space that are
not only non-coincident but in relative motion
with changes in frequency

• placement of the bass to mid-range crossover
in the 400Hz. region, nearly a standard proce-
dure, presents an almost intractable problem
in terms of passive crossover network design.
The action of the bass unit stimulates the
enclosure walls which form a mechanical
“peaking network” of non-minimum phase
characteristic. This causes the acoustic phase
of the bass unit’s output to be effected so as to
make the correct recombination of the
acoustic phase of the bass and mid-range units
a near impossibility. The results of a research
program carried out by Mssrs. Bang and
Olufsen of Denmark show that in the 200Hz. to
600Hz. region the hearing system has its great-
est sensitivity to phase anomalies of the sort
commonly created by crossover networks.
Seemingly the ear is not distressed by certain
distortion forms but improper phase summa-
tion through this frequency band is not num-
bered among the forgiven. For this reason the
PR Two is a two-way loudspeaker.

• high levels of coloration are produced when
the upper frequency reproduction is handled
by a cone/dome combination crossed over in
the 3kHz. region. Investigation revealed sev-
eral problems. All cone mid-ranges seen to
date operate in an essentially uncontrolled
“cone-breakup” mode above 1.0–1.5kHz. As a
body, the motion of the cone is not under the
direct control of the voice coil assembly. 

Conventional dome tweeters almost univer-
sally employ a sealed rear-cavity loading. Such
methodology provides only minimal rear-wave
damping thereby allowing a considerable
amount of the energy radiated from the back of
the dome to “talk through” the diaphragm for a
period of time determined by the acoustic
transparency of the tweeter dome and the mar-
ginal effectiveness of the small volume of
damping material placed behind the dome. 

• drive units still contribute audible informa-
tion when their outputs have been rolled down
30dB by the action of the crossover. For this
reason, it was decided to consider the effective
operating bandwidth of a drive unit to lie
within the –30dB points of its “crossed-over”
frequency response.

• if a tweeter is mounted so as to vibrate in sym-
pathy with an enclosure panel, significant
amounts of upper-frequency intermodulation

distortion are generated. IM distortion is
among the most fatiguing and amusical of all
distortion forms.

• the creation of a believable stereo image is
severely impaired by the spurious sources of
radiation formed when sound waves encounter
abrupt discontinuities on the surfaces across
which they travel. The most commonly experi-
enced of these discontinuities are sharp cabi-
net-edges or grille-frame recesses.

• output level adjustments on the order of .2dB
(200 millibels) produce marked changes in
musical balance if they appear over a band as
narrow as two octaves. Normal piece-to-piece
drive unit variations produce irregularities in
frequency response that are five to ten times
that amount. This means that the unit-to-unit
sound of untested production speakers can
vary widely and very accurate drive-unit assem-
bly and matching techniques must be imple-
mented to correct for this.

• ultimately, we identified over fifty resonant
mechanisms—acoustical, mechanical and
electrical—that can act in a typical “high-
fidelity” speaker. Some of these are plainly
heard while others are of such a subtle nature
that their contributions are not apparent until
more significant sources of spurious output
are identified and reduced in level. Progress is
always marked by the discovery of new, previ-
ously buried problems.

Although the PR Two embodies several innova-
tive solutions to decades-old problems in loud-
speaker design, discoveries were only sometimes of
the, “My God!, Come and listen to this!” variety.
More usually, our understanding grew in small steps
and as we steadily refined the speaker we found
there was virtually no alteration we could make that
was not audible.

Contrary to what the ad-copy writer would some-
times have you believe, there is no such thing as a
breakthrough technology that works straight off the
design table. Those products embodying genuinely
innovative solutions are invariably the result of much
diligent and expensive developmental effort.

So it is with the present incarnation of the PR
Two. We first invested 5 years in the development of
the basic technology then lavished another decade of
R&D on this exceptional loudspeaker. Every detail,
no matter how small, has been worked and re-
worked until we were satisfied. Our faithful dealers
repeatedly accused us of meddling with a good thing
as we developed one revision after another. The point
being, we knew what we wanted and we weren’t
about to stop short of the mark. The gorgeous wood-
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work is one of the more readily apparent examples of
our thoroughgoing dedication. 

Rather than settle on a conventional hardwood
such as walnut or oak, we chose koa for the standard
finish. A seldom used species from Hawaii, koa’s
figure and color show splendid diversity from log to
log while its density and toughness—koa means
rough and tough in Hawaian—make it ideal for loud-
speaker applications. Being somewhat oily, koa is
very difficult to sand or polish and is easily burned by
normal finishing machines. We designed and built a
multi-speed sander and a special, variable-speed pol-
ishing lathe that enable us to efficently achieve the
silky smooth wood surfaces upon which high-grade
finishing work depends.

Over the years, we developed a lengthy three-
layer finishing process that involves seven separate
stages. The wood surfaces are first oiled with a spe-
cial mixture that brings up their natural color and
depth of figure. The oil is allowed to dry and harden,
then several coats of catalyzed lacquer are applied
and these are likewise given ample time to harden.
These initial stages are succeeded by a series of
machine-aided polishing and hand waxing opera-
tions. Top quality oil, lacquer and carnauba wax are
used and every step in this process has been indul-
gently refined to produce a surface like no other. 

The result is an enduring finish of incredible
beauty. Looking at it, your eye is drawn into the
depths of koa’s luminous, richly varying figure and
fine, gold-auburn colors; running a hand over it, the
woodwork touches back.

SPECIFICS OF THE DESIGN

In the fol lowing sections the PR Two is
described in detail. Our solutions to the problems
described in the introduction are presented along
with much useful information and pertinent sup-
porting data.

1 .  THE STAND
The loudspeaker sits on a pedestal as shown in

Fig. 1. The rectangular foot-platen is made of Koa
and is fixed to a fabric covered, sand-filled riser
block that is 71⁄2″ (18cm.) high. The stand’s con-
struction incorporates a pivot mechanism that
allows the speaker to be tilted slightly forwards or
significantly backwards. This enables the listener
to adjust the plane of correct acoustical summa-
tion of the drive units’ outputs—the listening
plane—to ear level. There is enough range of
adjustment to accommodate a wide range of seated
listening-height and -distance. A single jackscrew,
accessible from the top of the riser block, provides
the means of adjustment. 

The Listening Plane

Four individually adjustable feet allow the
speaker to be placed so that it sits squarely on
slightly uneven floor surfaces. Where they contact
the floor, the feet are approximately 3⁄4″ in diameter
allowing the speaker to be set on finished hardwood
floors without fear of damaging the floor surface. If
the speaker is to be placed on a concrete floor, the
feet can be unscrewed from the bolts that pass
through the foot platen from the top. Those bolts
will then be seen to protrude from the bottom of the
foot platen approximately 1⁄2″.

We do not provide, nor do we recommend the
use of spiked feet for some very good reasons. The
best being that the PR Two—which weighs 95 lbs—
will, if spiked onto a conventional joist-construction
floor, set the the floor and walls of the listening room
into lower-band resonant modes, the negative
effects of which must be heard to be believed.

The use of spiked feet is intended to reduce the
speaker enclosure’s bodily rocking to and fro in
response to the fro and to motions of the bass unit’s
cone/voice coil assembly. While this action/reaction
is real (Newton’s observations) and can have a very
deleterious effect on the sound produced by light-
weight speakers, its effect on the PR Two is minimal.
This is simply because the bass enclosure is so heavy

Fig. 1. The range of adjustment afforded by the PR Two’s unique tilting stand
is shown above. The speaker can be tilted forwards 1° or backwards 5°. By
careful design of the crossover network, a plane of correct summation of the
acoustical outputs of the tweeter and bass drivers is created that “lays”
squarely on top of the bass enclosure and remains in place through the
crossover region.
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and rigid that any reactive motions it is driven to
produce are tiny in comparison with the motion of
the bass unit’s cone/voice coil assembly. Mass and
rigidity however, don’t result in the dissipation of
vibrational energy.

Because of the very tight mechanical coupling of
all parts of the bass enclosure/stand, vibrational
energy sees a very clear path to the feet upon which
the stand sits. If spikes are used for feet then this
energy will be transmitted into the entire structure of
a joist-construction listening room, stimulating all of
its surfaces into motion. The combined area of the
walls of the room being many ft.2, only tiny motions
are required to produce significant sound pressures.† 

Spurious acoustical output from the room’s walls
can seriously impair the perceived performance of
the PR Two. The presented depth of field collapses
from yards to feet, the width and height information,
otherwise so superbly rendered, are heard in spa-
tially truncated form. Dynamics are compressed
while the entire lower half of the spectrum can
become turgid and ill defined with a substantial loss
in low-bass information. The upper octaves can
sound recessed, forward, glassy or “phasey.” In short,
the speaker doesn’t sound very good.

The PR Two is not alone in this regard, any high-
performance speaker weighing more than about 15
lbs. will create a similar set of sonic problems when

spiked onto a suspended, joist-construction floor.
Room-wall problems not withstanding, the

enclosure-rocking issue needed to be addressed by
some means as it can cause a slight but significant
loss in the low bass output from the PR Two. A little
research resulted in the “carpet compressing foot”
now used. See Fig. 2.

Briefly, the interaction between the mass of the
speaker and the compliance (springiness) of the
combination of good carpet and firm underlay pro-
duces a mechanical low-pass filter that allows the
speaker to “sit” solidly on the floor at low frequen-
cies while progressively isolating it from the floor
against increasing frequency.

❦ ❦ ❦

The foregoing is the first part of a complete
rewrite of the original PR Two literature. As time
permits, more information will be added.

†An 8′ x 12′ x 20′ room has 852 ft.2 of combined wall and ceiling area. If this
entire area moves in-phase at 100Hz. over a peak-to-peak distance of .0004″—
1⁄10 the thickness of this page—a sound pressure of 82 dB at 1 meter is pro-
duced into half-space. A peak-to-peak excursion of .000004″—that’s 4 mil-
lionths of an inch—produces a 40dB SPL into half-space at 1 meter. Into the
enclosed volume of a room and/or at higher frequencies these sound pres-
sures are substantially higher for a given excursion.
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Fig. 2. The physical configuration and an idealized frequency response of the  PR Two’s carpet-compressing
foot is shown above. At low frequencies, the stiffness of the compressed portion of carpet/underlay allows the
speaker to effectively couple to the floor, thereby creating a solid footing upon which it can sit in resistance to the
rocking forces applied to it. As the driving frequency rises, the mass of the speaker becomes effective in prevent-
ing rocking motions of any significant amplitude while the “springiness” of the carpet/underlay prevents the
reduced-amplitude vibrations from reaching the floor.



INTR ODUCTI ON 

From our beginning in 1 974 the company goal has been to produce and successfully mar
ket a moving coil loudspeaker which would provide fatigue-free musical enjoyment. The product 
had to be of domestically acceptable proportions, of a construction easily allowing changes 
in the tone of the finish to accommodate differing decor, and sty I ed in a manner pleasing 
to the eye. The speaker had to give exceptional performance and value for money. 

With these basic goals establ ished, serious loudspeaker development began in 1 975. At 
that time we chose as a starting point , a conventional three way design using cone type 
bass and m id-range units in conjunction with a dome tweeter. Much effort produced several 
prototype designs which, although acceptable by the standards of the day, were not musically 
satisfying. 

Embarking on something of an odyssey to discover the reasons for this it was found that: 
- None of the five comm only used methods of bass loading ( sealed box, vented box, 

passive radiator, transm ission line, or horn ,loading) offers accurate bass performance 
within the confines of the typical domestic situation. 

- Bass driver induced excitation of the enclosure walls, however stoutly braced and/or 
damped, produces severe coloration in a two octave band centered on middle C. 

- Placement of the bass to mid-range crossover in the 400hz region, nearly a standard 
procedure, presents an almost intractable problem in terms of passive crossover net
work design. The action of the bass unit stimulates the enclosure walls which form 
a mechanical 'peaking network' of non-minimum phase characteristic. This causes 
the acoustic phase of the bass unit ' s  output to be effected so as to make the cor
rect recombination of the acoustic phase of the bass and m id-range units a near im
possibil ity. 
The results of a research program carried out by Messrs. Bang and Olufsen of Den
mark show that in the 200hz to 600hz region the hearing system has its greatest 
sensitivity to phase anomal ies of the sort common Iy created by crossover networks. 
Although the ear seems to overlook certain distortion forms without undue distress, 
improper phase summation in this frequency band is not numbered among the forgiven. 
There is no crossover in this region in the PR Two. 

- When upper frequency reproduction is handled by a cone-dome combination crossing 
over in the 3khz region, unacceptable levels of coloration are produced. Investigation 
of this difficulty indicat"es two main problems. 
The first is that above 1.0 to 1 .5khz all cone mid-ranges seen to date are operating 
in an essentially uncontrolled 'cone breakup' mode, ie. the motion of the periphery of 
the cone is no longer under the direct control of the voice coil assembly. 
The second is that conventional dome tweeters almost universally employ the sealed 
cavity loading method. This procedure offers minimal rear wave damping allowing a 
considerable amount of energy radiated from the back of the dome to 'talk through' 
the diaphragm for a period of time determined by the acoustic transparency of the 
dome and the effectiv�ness of what damping material is available. 

- The outputs of adjacent ELMAC filters (the acronym denotes the ELectro-Mechano
Acoustic Composite filter formed by. the combination of drive unit and crossover fil
ter) were substantially out of phase with each other. 

- When a tweeter is mounted in such a way as  to vibrate in sympathy with an enclo
sure panel, significant amounts of intermodulation distortion are generated. IM dis
tortion is among the most fatiguing and amusical of all distortion forms. 

- Creation of the phantom stereo image is drastically impaired by the presence of 
second sources of radiation formed when sound waves encounter abrupt discontinuities 
on the surfaces across which they travel. 

As research toward solutions to these problems continued answers gradually app'eared. 
Discoveries were seldom of the 'Eureka' variety, rather understanding grew in small steps. 

One particularly illuminating discovery was that the output of a drive unit which the 
filter network has reduced by 30 to 50db in the crossover region is still contributing audible 
information. It was decided therefore to define the operating bandwidth of a drive unit 
as lying between the frequencies which coincide with the -30db points of the ELMAC 
filter ' s  response . 
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Also discovered was the fact that output level adjustments in the order of 2db (200 
millibels) produce emphatic changes in musical balance when applied over a several octave 
band. 

As the PR Two grew to a state of refinement we found that there was virtually no al
teration we could make which was not audible. The change to the mechanically isolated 
tweeter head was a literal quantum leap, high quality capacitors in the crossover network 
wrought amazing improvements. The change to Signal 'Path Green (a cable developed by us 
specifically for loudspeaker internal wiring runs) showed us once again that the human hear
ing system possesses capabil ities which are seldom appreciated. 

Given the almost unknowable complexity of music and given the ultimate unwillingness 
of a coil of wire, a piece of plastic and a magnet to produce musical sounds it is a wonder 
that we can experience such enjoyment from the audiophile's menage a trois - 8: listener 
and two loudspeakers. 

SPECIF ICS OF T HE DES IGN 

In this section our present loudspeaker is described in detail. Our solutions for the 
problems previously described are presented along with pertinent supporting data. 

In order to dispense with the least important aspects first we shall start from the bot
tom of the speaker and describe our way to the top. 

1. T HE STAN D 

The loudspeaker sits on a pedestal a s  shown in Fig. 1.1. The rectangular platen is fa
bricated from solid hardwood and is fixed to a fabric-covered riser piece 18cm (7") high. 
The stand is unique in that its construction provides the means for tilting the speaker back
wards. This enables the I istener to place the plane of correct drive unit summation, the I is
tening plane, at ear level regardless of seating height or listening distance. Adjustment is 
accomplished by a single screw accessible from the bottom of the stand. 

2. T HE BASS ENCLOS URE 

The low frequency enclosure is shown in Fig 1.1. Constructed of 3/4" Medite, a high 
density composite material, the various panels form an interlocking structure similar to a jig
saw puzzle. After the applicatjon of an adequate amount of high strength glue to all the 
joints, the box is placed on its side and pressed together in a purpose-built pneumatic press 
which exerts a total force on the box of 4550kgs. (10,000 IbsJ. The box is kept under pres
sure for approximatel y 1 hour to provide ample curing time for the glue. 

As shown in Fig. 4.1 the box is well braced using what we call the shelf method. This 
involves the placement of two dividers or shelves in the box which partition it into three 
acoustically definable cavities. As the intention is to break up vibrational modes in the enc
losure walls, the shelves have circular openings cut into them, and are of an area equal to 
the piston area of the bass unit. 

3. T HE BASS UNIT 

The bass driver is a nominal 200mm (8" ) dia. damped bextrene cone unit employing a 
long throw 37mm (H") dia. voice coil wound on a high temperature K APTON former. The 
coil works in a 1.1 Tesla (11,000 gauss) gap energized by a .8kg. (28 oz.) ceramic magnet. 

The unit uses no form of dust excluder cap mounted on the cone for two reasons: 
First, due to the variabilities in the dust cap glueing procedure, unit-to-unit variation 

in frequency response is incr'eased from ±.5db without a cap to ±1.2db with a cap fitted. 
This variation occurs in the 500hz. to 4khz. region. 

— 1982 Original, Page 2 / 30 —



Second, all dust caps tested thus far, introduce coloration in one form or another. 
This applies even to dust caps made of an open weave material. 

4. BASS LOA D ING US ING T HE DAMPS MET HOD 

Of the five common bass loading methods mentioned in the introduction none offers 
any means of effectively lowering back EMF generation in the region of the fundamental 
system resonance. R ather than seeking control of the resonating elements, most of the 

F IG .  1.1 The PR Two 'sans finite Clearly seen in the rear view is the distrubuted 
vent which forms part of the DAMPS bass loading system. Illustrated in the 
front view is an anechoic foam wedge placed so as to prevent reflections 
from the step in the cabinet necessary to 'time align' the output of the 
tweeter with that of the bass unit. 
The mechanical details of the stand tilting mechanism are not shown as the 
exact construction is considered proprietary at this time. 
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F IG 3.1 The 200mm bass unit showing the 
large magnet structure. Note the vent holes 
in the back plate and in the pole piece. 
These vent a cavity in the magnet structure 
and prevent pressure build up from expel I ing 
the FERROFLUID. 

F IG . .4.1 The DAMPS loading method 
is schematically shown. Various 
materials provide the necessary 
acoustically absorbtive characteristics. 

methods endeavor -to exploit the increasing energy storage of the system at resonance by 
converting it to sound pressure with little regard for decay characteristics. This approach 
is at odds with methods employed to generate sound pressure throughout the rest of the 
audio spectrum. Who bas ever seen a deliberately executed tweeter reflex enclosure? 

It was with this in mind that we developed the Distributed Acoustic iMPedanceS bass 
loading technique. 

The basic idea is to closely couple the bass diaphragm to a volume of air whose Q and 
aerodynamic flow impedance are closely controlled. The effect of this is the achievement 
of a worthwhile degree of energy dissipation through Coulomb or friction damping. As the 
enclosure is open to the atmosphere little pressur"e wave energy remains in the enclosed air 
volume. 

Fig. 4.1 shows constructional details of the enclosure while Figs. 4.2, 4.3, and 4.4 
illustrate the degree of control exerted over the resonant system. 

5. THE PANEL RESONANCE PROBLEM 

When a bass unit is rigidl y fixed to the wall of a wooden bass enclosure and driven 
from a sine wave source, measurements taken on the panels themselves reveal the presence 
of a multitude of strong (high Q) resonances. These are due largely to the bending forces 
exerted on the structure by the reaction of the bass unit maqnet and chassis assembly to 
the motion of the cone. Due tb the low internal damping of all commonly used enclosure 
materials, energy is readily stored and slowly released by the enclosure s.tructure. 
sequentl y a substantial amount of acoustic radiation is generated by the reaction of the 
enclosure wall to mechanical stimulation. Investigation reveals that in the two-octave band 
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FIG 4.2 200mm bass unit impedance curves shown with the driver unmounted (measured 
in free air) and mounted in the 42 liter bass enclosure. In the 'termination sealed' curve 
the system is shown operating in the sealed box mode. The 'termination open' curve shows 
the DAMPS system dissipating a substantial portion of the energy otherwise stored in the 
reactive components of the system. 
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FIG 4 .3 200mm bass unit electrical phase angle curves shown with the driver unmounted 
(measured in free air) and mounted in the 42 liter bass enclosure. For accuracy in comp
arsion the exact frequency of system resonance, ie. 0°, is noted for each case. The rate 
at which the phase angle changes from inductive to capacitive is a rei iable indicator of the 
energy storage factor, the Q, of the system. The greater the rate of change the higher the 
Q. It is seen that in the 1 0hz. to 60hz. region, a band 2t octaves wide, the DAMPS system 
shows the least energy storage. 
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FIG 4.4 200mm bass unit frequency response when mounted in the 42 liter enclosure. As 
should be expected from the information given in Figs. 4.1 and 4.2 the DAMPS system shows 
less acoustic output over its region of operation than the sealed enclosure. 

— 1982 Original, Page 5 / 30 —



centered roughly on middle C (1 25hz to 500hz) the acoustic power radiated by the enclosure 
is often equal to that radiated by the bass unit itself. 

This is an exceptionall y difficult problem and one which we have researched in depth. 
Presentl y several British manufacturers attempt to prevent the driver from exciting the 

enclosure walls by the placement of rubber grommets between the drive unit chassis and 
the baffle to which it mounts. Our work shows that while the concept of isolating the drive 
unit from the enclosure .is perfectly valid (and one of the few solutions to the problem) the 
rubber grommet execution does not effectively arrest panel excitation. The compliance 
(springiness) of the grommet reacts with the mass of the drive unit to produce a resonant 
mechanical circuit in the 200hz. to 600hz. re9ion. The exact resonant point is deterr!1ined by the 
degree to which the grommet's 'compliance is effected by the crushing action of the drive 
unit fixing screw passing through its center. The object of the exercise being the elimination 

'of resonances in essentially this region, this method seems almost counter-productive. How
ever, some mechanical filtering action does come into effect above the resonant point, pro
ducing a beneficial reduction in coloration at higher frequencies. 

P;saresult of one of the most determined research projects ever undertaken by this 
company, we have developed a method of virtually eliminating panel excitation. This involves 
the creation of a true 1 2db/octave mechanical filter with a turnover frequency of approxi
mately 1 0hz. While this system is supremely effective, it has been deemed too costly for 
production. 

We have opted instead to place a passive equal izer circuit in the low-pass section of 
the crossover to bring the frequency response into correct balance. This mid-bass correction 
filter does not materially effect the time domain response of the system, it is merely 
an amplitude correction. Fig. 5.1 details the degree of improvement in frequency response 
obtained. 

1 00db _-. L-. - I- CORRECTION FILTER OUT- - , -

I", , \. 

" CORRECTION FILTER IN· 
" 

.,. 

75db 
20 Hz 50 100 200 500 1 kHz 2 5 10 20 

FIG. 5.1 Frequency response of the 200mm bass unit fed via the mid-bass correction filter. 
The three octave wide 1 db dip in response starting at 1 50hz is created to offset the 'hang
over effect I from the uncontrolled panel motion. If the response is left flat the perceived 
frequency balance is adversely effected. 

6. THE TWEETER, THE LOADING METHOD, AND MECHANICAL ISOLATION 

The tweeter is of a construction which at this point in time is unique. Rather than 
being of the common sealed rear cavity type, it is rear vented so as to radiate in a di
polar fashion. 

The unit is mounted in a block of solid hardwood as shown in Fig. 6.1 . Bored into 
this block, called a tweeter head, is a tapered hole which extends the length of the piece. 
At -the tweeter mounting end, this cavity has a cross-sectional area equal to that of the 
hole in the tweeter center pole piece. This area incre.ases exponentially looking down the 
hole from the tweeter end. 
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FIG 6.1 The tweeter head assembly is shown with the removable protection cover. The 
cover is fitted only to prevent mechanical damage to the tweeter and should be removed 
for serious listening. 

The tweeter is a 25mm soft dome unit using a single layer voice coil wound on an 
aluminum former. Mechanical damping and power handl ing are improved through the use of 
FERROFLUID injected into the voice coil gap in the magnet structure. The fundamental 
resonance of the unit is at 750hz and is  extremely well damped as shown in Figs. 6.2 and 6.3. 

A further unusual construction feature is the heavy copper plating appl ied to all the 
mild steel parts of the magnet assembly. This has the effect of reducing impedance rise 
at high frequencies with its attendant impairment of the rise time capabilities of the unit. 
Sonically the copper plating has a sweetening effect on the upper registers. Transient mate
rial is more accurately rendered with percussive sounds taking a very life-like hardness. The 
reduction in impedance rise is shown in Fig. 6.4. 

Mounted on the pole piece directly behind the dome is a piece of selected density felt 
which acts to absorb highly di rectional high frequency rear radiation which otherwise reflects 
off the m ild steel pole piece and talks through the dome. Fitted in the hole through the 
pole piece is  a cyl inder of  acoustical foam which, through aerodynamic drag, helps control 
the motion of the dome around the resonant frequency. Wool is placed in varying density 
down the length of the tapered cavity to provide the necessary match in acoustic impedance 
between the drive unit and the termination line formed by the cavity._ See Fig. 6.5. 

The improvements in performance as a result of these developments are dramatic . There 
is a great reduction in the amount of coloration generated by the unit. Depth information is 
rendered superbly. Instead of the 1 to 3 foot depth of field normally presented, there seems 
to be no limit to the depth of field which may be reproduced. The operating bandwidth is 
some 5.5 octaves compared with barely 4 octaves for a similar sealed back unit. 
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F IG 6.4 25m m t weete r im pedance  c u rves sho wing t h e  i nductance  red u cing eff ect  of coppe r 
plating the po l e  pieces  in t h e  m ag net asse m bly . F o r  the  standard  m il d  s tee l  piece t h e  im pe
dance  rise due  to  i nc reasing- voice co i l  ind u ctance i s  2.8 0 while the copperpl ating red u c es this 
t o  1 .8 n J an  im p rove m e n t  of 3 6% relat i ve to the case of  u n p l ated m i l d  ste el. 

— 1982 Original, Page 8 / 30 —



F IG 6.5 The tweeter assembly is shown in three stages of assembly. Illustration 1 shows 
the magnet assembly only. Note the large hole extending through the center pole piece. 
Illustrations 2 and 3 show the felt damping plug in place. Also seen is the milled recess in 
the magnet front plate. As shown in 4, this recess allows the dome/voice coil assembly 
to be fitted flush with the periphery of the front plate. When mounted in the tweeter . 
head, the assembly presents no discontinuitites in the form of mounting screws or other 
hardware which would act as a 'secondary radiation source' because of diffraction effects. 
In this regard, the complete assembly is representative of the current state-of-the-art. 
Finally, note the vent holes behind the dome's surround. These provide the same sort of benefit 
as the hole though the center pole, and are similarly felt-loaded. 

Whereas the conventional tweeter always presents something of an acoustic 'hot spot' 
the dipolar device is usually sonically invisible. To futher explain: listening to a normal 
tweeter, it is no difficult task to close ones eyes and concentrate on the point in space 
from which the high frequency sounds appear to be emanating. Once this point has been 
clearly established, and still with eyes shut, point to that area in space. c.Usually you will 
find you are pointing directly at the tweeter. This experiment repeated with the PR Two 
positioned in a good I istening spot, nearly always results in pointing everywhere but at the 
tweeter. 

We feel that the development of this tweeter represents a major advance in the low-cost, 
high-quality reproduction of music in the home. Before dome tweeters were introduced, a 
high frequency driver was usually like a small woofer in construction. It used a cone, magnet 
and frame assembly which were simpl y scaled down repl icas of a low frequency unit. Bei ng 
of this construction, radiation from both sides of the cone travelled freely into space. With 
the advent of the sealed back dome tweeter, many enthusiasts complained of a lack of open-
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ness in t h e  t reb l e  p roduced  by t h ese  n e w  u nits desp i t e  t h eir  m u ch touted  im p roved d i sp e rs i on 
pattern  and  potentia l l y  f as t e r  t ransie nt response. 

I t  is  this very openness w e  n u m b e r  a m o ng the m ost m usica l l y  satisfying aspects of the 
p e rf o r m a n c e  of the P R  T w o. 

M e ntioned  in t h e  int rodu ct i on is t h e  p rob l em a rising f rom t h e  m o tion of t h e  e ntire 
t w e e t e r  as a f u nction of b eing m ou nted s o l id l y  to  a vib rating enc l osu re  pane l .  Fig. 6.6 s h o ws 
o u r  s o l ution w hic h is in t h e  f o r m  of a 1 2db/octave m ec h anica l  fil t e r  of 10hz t u rnov e r  f req ueney 
in t h e  ve rtica l  p l a n e . T h e  a r rang e m ent  to sec u re t h e  iso l ated s ystem to t h e  top of t h e  
e n c l osu re  uses l a rge  h e ad ed s c r e w s  t h rough ove rsize ho l es in the  p l atfo rm.  Tightened  for  
t ransit , t h es e  are  m er e l y l oosened  to  f ree  t h e  suspe nsion, and  deco rative p l astic caps supp l ied  
wit h  t h e  speaker  a r e  push fit onto  t h e  s c r e w  h eads. 

F IG 6.6 T h e  t w e et e r  h ead ass e m b l y  is s h o w n  m ou nted on  i t s  iso l ated p l atf o r m .  R esearch  
into  t h e  c auses of phantom ste reo  im age ' d efocusing ' s h o ws that  when  the  t w eeter  m oves as 
a body  wit h  a vib rating pane l , an  e n c l osu re  f ront  b aff l e f o r  instance , sig nificant  int e r m od u l a-

tion disto r tion p rodu cts a r e  g e n e rated. The effect of t h ese  p rodu cts is t h e  appearance of non
'ha rm onical l y  re l ated side bands above and b e l o w  the f requenc y o f  a sing l e  note. T h rough  

t h i s  m echanism a fo rm of "son i c  resolution i nt e rf e rence' is s et-:-up, no  not.e i s  rep ro!.· 

d u c e d  without  t h e  addition of a m usica l  m is-inform atio n. Phantom im age ry suffe rs d u e  to  
,the  m asking eff ect  of  this disto rtion on  t h e  l ow l ev e l  info r m at i o n  p resent  i n  w e l l reco rded 
pieces t h rough  whic h  the ear-mind-b rain rec reates a sens e  of  m usica l  rea lit y u nd e r  a rtificia l 
co nditions. 
Iso l ation of the t w ee t e r  asse m b l y  f rom sou rces of  m ec h a nica l  excitatio n  res u l ts in a g reat 
redu c t i on of  t h i s  pa rticula r  d i st o rt i on fo rm a nd al l o ws w id th and depth i nf o rm ation to be 
p rop e r l y p e rceived .  
T h e  sonic resu l t  is a d y n amic l ou dspeake r capab l e  of d etail reso l ution p r evious l y  encou nte red 
on l y in the b est  e l ect rostatic l ou dspeak e rs .  

7. TJ-E CROSSOVE R 

T h e r e  a r e  s everal p rob l em atic cha racte ristics inherent  in pass ive  c rossover  netwo rks 
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w hic h m ust  b e  k e p t  c l ea rly in mind d u ring t h e  desig n  stages . 
The  first and  m ost  of t e n  ove rlooked of  t h ese  is t h at t h e  passive m u l ti-e l em e nt c ross

ove r is ess e ntia l ly a resonant  circuit w hose p rincipa l dam ping is p rovid ed by the load ie. t h e  
d rive u nit . The  f u n c tion o f  a n y  dam ping device is to  a c t  as  an  ' en e rgy  sink ' .  I n  o r d e r  to  
pe rf o rm t his f u n c tion w e l l ,  it  is  necess a r y  for  the  device to  b e  com p l ete l y non-reactive , a 
p u r e  resistance in oth e r  w o rds . T h e r e  a re  f e w  d rive rs w hich m eet  this specification . As 
a consequence  the desig ne r ,  if  h e  wis h es to  c o n t r o l  the p e rf o r m ance  of his n e t w o rk in  t h e  
tim e dom ain , m ust  be  able to  app l y dam ping i n  t h e  c o r rect  a m o u n t  a n d  l ocatio n .  

T h e  second  is that  g e n e r al l y speaking , filte r n e t w orks a re desig ned t o  ' see ' a constant  
irT)pedance at t h eir  outp ut p o r t. Again , t h e  typica l d y namic d rive r  wit h  its  f l uctuating imp e 
dance does not  satisf y this condition a n d  m easu res m ust  b e  t a k e n  t o  m ak e  the  d rive r  appear  
t o  t h e  fil te r section as i f  i t  w e re a resisto r. A pp roxim ating t his r equirem ent  is not  too 
dif fic u l t  th rough t h e  use of  the w el l  known Zobe l n e t w o r k  p l aced ac ross the d rive r t e r mina ls. 
Figs. 7.1 and 7.2 s h o w  the res u l ts w hich can b e  achieved with  t his sim ple , t w o  com ponent  
n e t w o rk . 

F u r th e r  c o m pl icating t h e  p rob le m  is t h e  fact  that  one  is deating with t h e  com posite 
E L M AC fil te r d esc ribed ear l ie r .  Cu r r e nt l y  in vog ue  am ong c r ossov e r  desig n e rs in N o r th 
A m e rica is the concept  that using a first o rd e r  ( 6db/octave ) n e t w o r k  e l  iminates m ost  of 
t h e  evil s of passive netwo rks and t h e  pitfa l l s  in t h eir  desig n .  
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FIG 7.1 200m m b ass u nit im pedance  s h o w n  wit h  and  without  Zob e l  netwo rk cor rectio n .  
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FIG 72 200m m bass u nit elect rical p h ase  angle wit h  and wit h o u t  Zobel network  c o r r ectio n .  
Sim p l  y stated ,  a + 9 0 0  p h ase  angl e c o r r espo nds t o  p u r e  inductance  a n d  - 9 0 0  c o r responds to 
p u r e  capacitance , w hil e 00 rep resents  p u r e  resistan c e .  
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T h e  basis for this thin king seems  to  b e  t h at because pu re l y  e l ect rica l  first o rd e r  fil t e rs 
wil l s u m  to  u nity in t h e  a m p l itud e and phase  dom ains a l l that  is required to achieve t his 
high l y  d esi reab l e pe rf o r m a nce  using r ea l  w o r l d drive units is t o  u til ize first o rde r n e t w o rks. 
U nf ortu n a te l y ,  this is not  t h e  case . 

The  s ystem w e  are d ea l ing wit h  is a c o m p osite m ade  u p  of t w o  fil te r types. The  
first is t h e  e l e c t rica l f il t e r  rep resented  b y  the  c rossove r and  t h e  secon d ,  rep resented b y  the  
d rive u nit , is  a m uch  m o re com p l ex fi l t e r  wh i ch i s  an  e l ectro-m echano-acoustic c o m p osite . 
I t  is t h e  cha racteristic of t h e  net  output  resulting f r o m  t h e  com bination of t h ese  t w o  w hich 
is the dete rminant of  s u cc ess in d esign. 

To c l a rif y t h e  situation a rising f rom t h e  use of fi rst o r d e r  fil t e r  sectio ns , it m us t  b e  
stated t h at m ost  l ou dspeake rs act  a s  ' minim u m  p hase ' devices. A minimum p hase d evic e is 
one  w h ose  phase response  c l os e l y  m at c h es t hat· of a n  e l ect rica l  n e t w o r k  of fdemtica l  f requen c y  
respons e .  Because p u re l y e l ect rica l  n e t w o rks can  b e  desc ribed m at h e m atica l l y  wit h  good 
accu rac y , w e  sa y that  i f  a non-e l ect rica l fil te r has a m p l itude  and p hase responses w hich a re 
c l ose to those  p redictable f o r  its elect rical analog u e , t h e n  it is acting in a m a n n e r  w hich 
co u l d  b e  desc r i bed  as ' m i nimu m  p h ase d eviatio n '  f rom that  w hich is c alculated . Minim um 
phase  f o r  sho rt .  

T o  use  t h e  exa m p l e of t h e  t y pica l sea l ed back t w eete r ,  a f requency  response  c u rve 
wil l s h o w  t h at at s o m e  p oint b e l o w  its f undam enta l  resonant  f requ e nc y ,  the rate of output  
ro l l - off app roaches 12db/octave. This is  t h e  sam e charac t e ristic of  f requency  response 
s h o w n  by the second  o rde r, or 12db/octave , e l ect rica l  fil t e r. B eing a mini.m u m  phase d evic e ,  
t h e  t w eeter  i n  qu estion wil l s h o w  a n  acoustic phase ' l ead ' o f  9 0° a t  resonance b ecoming 
asy m p t o tic to  180° as f requ e n c y  p ro g r esses do w n w a rds . N o w  w h e n  we f eed t his u nit f rom 
t h e  output  of a first o rder  fil te r with a -3db  point ( and  4 5° of  p h ase  shift) , at, f o r  instance, 
the  f u ndam e nt a l  resonance  of t h e  t w eete r ,  t h e  resu l tant  acoustic p h ase l ead  is equa l  to t h e  
s u m  o f  t h e  p hase s hifts o f  b o t h  fil t e rs ,  o r  135°. This 135° p hase s hift is app roxim at e l y: 
t h e  d eg ree of shift c reated by a third o rde r fil t e r. Thus it becom es appa rent  t h at t h e  use 
of first o r d e r  e l ect rica l  f i l te rs does not  m ake  first o r d e r  E L M AC fil t e rs. 

Sonica l ly t h e  result of p oo r  p h ase pe rform ance  is a l oss in m us i c a l  definition . T ransient  
attacks  a re  b l u r red, decay  i nfo rm atio n  is sm ea red , and m usic is  rende red l if eless b y t h e  l ou d 
speake r .  

With passive c rossove r n e t w o rks f eeding m oving coi l  d rive rs ( a l so ca l l ed cone and d o m e  
o r  d y na mic d rive rs ) t h e r e  is n o  p e rfect  s o l u tion to t h e  p r ob l em o f  achieving f l a w l ess r ecom 
binatio n  of a m usic a l  sig n a l  s p l  it for rep rod uctio n b e t w e e n  t w o  or  m o re  drive u nits. 

T h e re is , in t h e  f o r m  of  t h e  24db/octave fil te r ,  a ve r y  good c o m p romise avail ab l e  to 
t h e  astute  d esig n e r. Fi rst p roposed by Siegf ried Linkwitz , a c hief d esign e nginee r with 
He w l ett - Packard , the fou r th o rde r fi l t e r  a l l ows the o u t p u t  of  c om p l em entary  fil t e r  sections 
to be r ende red in p h ase  b u t  one c yc l e  o u t  of step. A l a rm ing though  this sou nds, the one  
cyc l e  tim e shif t  seems  to  b e  a m o ng t h e  e r rors w hich pass u nnotic ed and  do not  cause I isten
ing f atig u e. , Ou r expe rim entation h as s h o w n  t h at the  p h ase  e r rors  gene rated by oth er  c ross
ove r configurations are far m o re obj ectionab l e  in l ong t e r m  l iste ning. 

A decision m ust  be m ad e  ea r l y in t h e  design stages of any l ou dspeaker  as to  t h e  p l ace
m en t  of  the  c r ossove r p oint ( s ) .  In  o rde r t o  m ake  t his decision inte l l igent l y  i t  is necessa r y  
to estab l ish t h e  range o f  f requency  within w hich t h e  speaker  is expected to ope rate. 

Conside rab l e  resea rch h as s h o w n  t h at t h e  m ajo rity  of m usica l l y  n e c essa ry info r m ation 
l ies within the  nine octave span  f ro m  35hz to 18k hz. F u rt h e r ,  it h as b e e n  s h o w n  that.a 
gent l y  ro l l ing response b eginning as m uc h  as an octave into t h e  operating a rea is m usica l l y  
p refe ra b l e t o  a f l a t  response t o  t h e  f requ e n c y  e x t re m es f o l l o w ed b y  a s h a rp ro l l -off. See  
F ig. 7.3. 

G iven  b ass and hig h  f requ ency  d rive rs capab l e  of good p e rf o r m ance ove r a wide ope rat-
ing  band width ( o/b ) the reasonab l e  app roach is to  s p l it the  t o t a l  o/b of the s ystem equa l l y  
b e t w e e n  t h em . T his p l aces t h e  t ransition point 4.5 octaves u p  f rom 35hz at 790hz . 

T o  get  a c l ea r  idea of t h e  req uired d river  o/b for s u c h  a n  a r range m e nt , it is necessa ry  
to  k n o w  t h e  rate  at w hich e l ect rical  inp u t  to  t h e  d rive rs is va rying th roughout  t h e  c r ossove r 
region . 

D u e  t o  t h e  nat u r e  of t h e  acoustic p h ase  response of t h e  d rive u nits w e  h ave d eve l oped , 
t h e  use  of hig h l y damped  third o r d e r  fil t e r  sections p rovides t h e  required fou r th o r d e r  E L M AC 
r esponse. T hese fil te rs give an  u n us ua l l y  g e nt l e  initial r o l l - of f  w hich becom es 
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asymptotic to 18db/octave. It is this moderate initial slope which yields transient response 
superior to the undamped networks of sim ilar _ design. 

With this information reasonable approximations of the required o/b-s can be made. 
Fig. 7.4 provides details for the ideal crossover point placement. 

In the majority of contemporary two-way loudspeakers, the crossover point is placed 
in the 3khz region. However, such a transition point results in the generation of unacceptable 
levels o f  coloration. It is the inability of the tweeter to provide satisfactory output over a 
wide o/b which dictates this rather poor compromise. See Fig 7.5. 
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G i ven t h at all cone  u n i ts seen  to  date  ope rat e p oo rly above 1 . 5khz and g i ven t h e  un
reasonably wide  olb  expected  o f  any  b ass-mid u nit c r ossed ove r in the 3khz regio n ,  t h e  
obvious s o l ution is t o  l o w e r  t h e  c r ossove r p o i nt a s  c l ose 800hz. as p oss i b l e .  This r equires 
t h e  deve l opm ent  of a t w eeter  capab l e  of an olb of 5 to  6 octaves. Such a u nit h as b e e n  
d evel oped  and a l l ows  t h e  c r ossove r p oint p l a c e m e n t  s h o w n  i n  Fig. 7.6 

F IG. 7.6 l"he c rossove r po i nt and t h e  ope rati ng bandw i dths used i n  t h e  PR T w o  a r e  s h o w n . 
N ot e  t h e  c l ose  app rox i m at i on to  i d eal c rossover p o i nt placem e nt .  

Hav i ng selected a n  app rop r i ate  c rossove r  p o i nt and elect rical f i lt e r  con f i gu rat i on ,  the  
d esig n e r  m ust now su rm o u nt t h e  cons i de rable p rob l em s  o f  ach i ev i ng accu rate p h a s e  su m m at i on 
ove r t h e  c rossove r reg i on i n  c o n c e r t  w i t h  m us i ca l ly accu rate son i c  b a l ance . 

T h i s  req u i res an  i te rat i ve p rocess i nvolv i ng f requenc y response (fIr )  m easu rem ent , a 
round  of l i s tening assessm ent , t h e n  fIr c o r re ct i on fo l lo w ed b y  f u rt h e r  l i s ten i ng to  assess t h e  
va l u e  o f  t h e  changes . Subseq u e n t  lab o rat o ry m easu r e m e n t  and  c o r rec t i o n  o f  t h e  system ' s  
acoust i c  p h ase  response com pletes o n e  cyc l e  of  t h e  p rocess . 

Fo r a g i ven b alan ce  t h e  c rossov e r  ele m e nts a r e  ad j usted to co r rect  phase e r ro rs w i th 
as l i ttle ef fect  on  f requ e n c y  response as p oss i ble . S i nce t h e  phas e  and f requency  response 
of  an  e l ect r i cal n e t w o rk are i next r i cably m eshed , a change in one  response alw ays causes a 
change  i n  t h e  othe r .  Thankfully t h e r e  a re ad j ustm ents w h i ch p r i m ar i ly  effect  phase  response 
as w e l l  as those  w h i ch p r i ncipal l y effect f requ e n c y  respo nse . 

Th rough ad j ust i ng fIr and  c o r rect i ng p h ase  t h e n  readj ust i ng fI r and  re-cor rect i ng phase , 
o n e  eventually a r r i ves at a poin t of opt i m um system p e rf o rm anc e .  

T h i s  requ i res a m ajo r ef f o rt on  t h e  p a rt o f  a n y  des i g n e r  and w e  a r e  j ust i f i ably p roud  of 
t h e  ve ry  good p h ase  cu rv e  w h i ch appea rs i n  F ig .  7 .7 .  T h e  f requ e n c y  response of t h e  PR T w o  
i s  equ ally i m p ress ive w i t h  p a rt i c ula rs h e a d i ng t h e  Spec i f i cat i ons  sect i o n .  

So f a r  d i sc uss i on h a s  cente red on  t h e  outp ut o f  t h e  c rossov e r  to  t h e  d r i ve u n i t , t h e  
o u t p u t  p o rt o f  t h e  netwo rk . T h e re a re h o w eve r  the  cha racte r i st i cs o f  t h e  i nput  p o rt to  be  
cons i d e red as t h ese  determ i ne t h e  load seen  b y  t h e  d r i v i ng ampl i f i e r .  

B est ampl i f i e r  p e rf o rm an c e  i s  real i zed  w h e n  t h e  u n i t i s  te rm i nated i nto a p u re res i stance 
and a goal o f  c rossove r n et w o rk d es i gn i s  to app rox i m at e  t h i s  i deal as  clos e l y as  poss ib le . 
P ract i cal l y stated , t h e  am p l i f i e r should ' see ' a fa i rly constant  i m pedance  of m od e rate phase  
angle va r i at i on . G ene rally spea k i ng, m ost p r ese nt-day  am pl i f i e rs of any  m e r i t  w i ll to l e rate 
p h as e  angles ±60° p rov i d i ng the angle d o es not s w i ng sudd enly f rom one ext rem e t o  the oth e r .  
and  i m pedances w i th i n  t h e  3 .5 n t o  1 00 n reg i on. 

I m pedance  and elect r i cal p h ase  ang l e  c u rves a r e  g i ven  fo r t h e  PR T w o  i n  F i gs .  7 .8 
a nd 7 . 9 .  

F I G  7.7 ( Se e  t o p  o f  f acing p ag e )  T h e  d i f fe rence  in aco ustic p h ase  a ng l e  b e t w e e n  t h e  outp uts 
of t h e  b ass u n i t  and the t w e e t e r  i s show n .  It s h o uld be n oted t h at w h i le t h e  phase  e r ro r  
app roaches 2 0 0  at 1 .1 khz  t h is  is m in o r  i ndeed . T h e  m aj o rity o f  p r esent-day l oudspeak e rs 
s h o w  p h ase  e r ro rs of 500  to  2000  ove r  a simil a rly w i de band  c ente red ab out a c rossover  
freq u eric y .  
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F IG 7.7 See caption on the bottom of the preceedi ng page. 
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F IG 7.8 Input impedance vs. frequency for the PR TWO, Series 'Cl loudspeaker. 
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F IG 7.9 Input phase angle vs. frequency for the PR TWO, Series 'Cl loudspeaker. The 
plot shows the degree of difficulty encountered by the driving ampl ifier. Highly reactive 
loads (those closely approaching + or - 90°) are seen to be the most difficult, while the 
largely resistive load (in the ± 1 5° range) is seen to be the least difficult. 
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MIO BASS CORRECTION FIL.TEP 

F IG 7.,10 T h e  c rossove r  used i n  t h e  PR T w o. Note  t h e  use of la rge a i r  c o r e  indu ctors 
and  m eta l l ised  p olyest e r  f o i l  c ap acito rs th rough o u t . Wiring t o  the  c ross ov e r  f rom t h e  inpu t  
b l oc k  and  t o  t h e  d rive rs f rom t h e  c rossov e r  is  v i a  a specia l  indu c tance  cance l l i ng cab l e  
deve l op ed b y  Pe rkins Acoustics sp ecifically fo r  l oudspeak e r  inte r n a l  wiring r u ns .  

T o  conc l ud e  this section o n  t h e  c r ossove r ,  a f e w  detail s of t h e  p h ys i cal const ruct i on 
of t h e  u n i t  follow :  

a l l  indu c t o rs are  of t h e  air c o r e  t ype w o u nd wit h  # 1 5 o r  l a rg e r  A W G  copp e r  wire 
wit h  winding t o l e rance of ±.5%. 

- a l l capacito rs appea r i ng i n  t h e  s i g na l  path are of a m etal l  i sed f oil t yp e  and s e l f 
h ea l ing i n  the c as e  of m ode rate ove r vo l tage cond i tions . T h ese  a r e  so r ted into ±1% 
b at c h es and all capac i t a n c e  values i n  t h e  n et w o rk m ust f a l l with i n  th i s  limit . 

- each c rossov e r  is individua l l y  adj usted t o  p rovide an  aco ustic out put response va ria
tion of  n o  m o re  t h an ±1 /4db and ±5° var i a t i on as c o m pa red with a reference standard . 
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8. C ROSSOVER/DR I:VE U N IT M ATC H I NG 

T h rough t h e  f o reg o i ng sect i ons , t h e  const ruct i on of a l oudspeak e r  g i V i ng ve ry good m u s i cal  
b alan c e  and p resent i ng an accu rate,  stab l e  stereo i m age has b een  d es c r i b ed . The c reat i on of a 
hand  b u i lt p rototype  h o w ev e r  does not e ns u r e  that  subsequ ent  p roduct i o n  c op i es w i l l  y i eld t h e  
d es i red p e rf o r m anc e .  

T h e e a r  i s  v e r y s e n s i t i v e  t o  s m a l l  e r r o r s  i n  m u s i c a l  b a l a n c e ,  p a r t i c u l a r l y  t h o s e  e x t e n d 

i n g  o v e r a s e v e r a l o c t a v e  b a n d w i d t h . F u r t h e r  c o m p l i c i t i n g  m a t t e r s ,  t h e  e a r  i s  e v e n  m o r e s e n 

s i t i v e  t o  t h e  r e l a t i v e  v a r i a t i o n s  i n  f r e q u e n c y r e s p o n s e  i n v a r i a b l y  e x i s t i n g  b e t w e e n  t h e  l e ft  a n d  

r i g h t s p e a k e r s .  
I f  i t  i s  des i red to  repl i cate  a g i ven balanc e ,  subseq u e nt l oudspeak e rs m ust show f req u e nc y  

r esponse d ev i at i ons f rom t h e  p rototype n o  g reater  than  ± .25db m easu red i n  octave bands . W h i l e  
m a i ntenance of a p a r t i cula r  m us i c al b alance  requ i red  t h e  ± .5db adhe rence  t o  a n  absolut e 
standard , good st e reo  p h a ntom i m age  gene rat i on req u i res t h e  relat i ve  left to r i ght  ( and v i ce 
ve rsa ) f req uenc y responses to l i e w i th i n  ± .25db l i m i ts  m easu red i n  o ne th i rd octave bands . 

I t  i s  necess a r y  t h e refore  that  a l l d r i v e  u n i ts used f o r  h i gh  p e rfo rmance  l ou dspeak e r  p ro
d uc t i o n  be  accu rate l y m easured  f o r  f requency  response . W h i le t h e  u n i t -to-,u n i t  f i r  va r i at i on 
of  P R  T w o  b ass d r i ve rs i s  q u i te sm all ( ± .5db i n  octave bands) , t w eeter  f/ r - s  p resent a w i de r  
va r i at i on .  C onsequ ently i t  i s  necess a r y  t o  m atch c r ossove rs t o  t w eet e rs and t o  adj ust t h e  
c r ossov e r  o u t p u t  s o  as  t o  g ive a t w eete r f i r  fa l l i ng w i th i n  t h e  stated absolute  l i m i ts . T h i s  
acc om p l i shed , a b ass u n i t  o f  s u i table eff i c i e nc y  can  b e  selected t o  g i ve t h e  d es i red tota l  
system f req u e nc y  respons e . and  c o r r espond i ng m us i c al balanc e .  

T o  m ee t  t h e  dem ands o f:  s t e r e o  i m age g ene rat i on  c rossove r/d r i ve  u n i t  com b i nat i ons m ust  
b e  m at c hed i nt o  pa i rs w h i c h  s h o w  a relat i ve dev i at i o n  fal l i ng w i t h i n  ± .25db m easu r ed i n  1 / 3 
octave bands . T h i s  se l ect i on com pletes the  neccessa ry m at c h i ng p roced u res . 

As a f i na l  q u a l i t y  cont r o l  all  PR T w o - s  a r e  sub j ect  to  a l i s ten i ng t est  w he r e i n  any  f u r
ther  f i n e  adj ustm ents ( ±.1 to .25db ) req u i red to ensu re c o r reot m us i cal b a l an c e  a re  concluded . 

F I G  8 .1 T w eete r f requency  response m easu rem ent  i n  t h e  p roduc t i on anec h o i c  cham b e r .  Al l  
d r i ve  u n i ts used i n  P R  Two p ro d u c t i on are  sub j ec t ed to r i g o rous  i nspec t i on and m easu rem e nt .  
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Fig.  8 .2  The free-field measuring l ift shown above was constructed by 
ou rselves in 1 984 and is the o n ly such ded icated l ift k n own to us to exist in  

Canada.  It is  present ly o n  s ite at the U n iversity of Alberta 's Mechan ica l  

Eng ineering Acoustics a n d  N oise U nit. MEAN U ,  i n  Edmonto n ,  Alberta . 
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Fig. 8.3 This curve was run with a BrOel & Kjaer Type 1022 Beat Frequency Oscillator and plotted with a BrOel 

& Kjaer Type 2305 Level Recorder. The signal was old school swept sine with a slow paper speed, a fast writing 

speed and a low averaging time constant. 

Conditions in the PEARL designed and built anechoic chamber seen in Fig. 8.1 were anechoic above approximately 

300Hz, the measuring microphone was a 12mm BrOel & Kjaer Type 4133 with its protective front grille removed. 

The PEARL-developed, dipole-radiating soft dome tweeter was mounted in the solid koa tweeter head seen 

here and was driven full range at low level. 

The dome itself was a mesh-fabric soft dome supplied undoped by Audax in France; I developed a three stage 

coating technique using a heat-cured PVC blend. 

Although the frequency response is remarkable, the later polymer-graphite hard domes far, far surpassed this 

unit in what I came to call "Resolving Power"; both in listening and measurement. Realization of the test signal for this 

unique measurement resulted from careful study of Siegfried Linkwitz 1980 AES paper, "Shaped Tone-Burst Testing". 
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Fig. 8.4 Captured in free-space 25ft. above ground level at 1 M distance using the measuring lift seen in Fig. 8.2. The enclosure 

loading is what I call 'DAMPS', complete information on which is here. The gentle rolloff rate of 8.2dB/oct is noteworthy and is 

due to the DAMPS loading method. The red and green curves are the ±1 dB positions of a correction filter used in earlier models. 
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9. PLAY I NG M U S IC 

To real ize the full capacity of th is exceptional loudspeaker, the following suggestions 
should prove helpful . 

- Correct phono cartridge loading and tone arm/turntable set-up is essential for optimum 
functioning of the disc playback system. It is recommended that due consideration be 
given the numerous parameters involved. 

- With any good loudspeaker the use of extreme tone control or octave band equalizer 
setting is neither necessary nor recommended . Parametric equalizers may be set to 
give sharp (narrow band) notches in frequency response to correct for room resonances 
in the lower registers . 

- The use of pre-ampl ifier low frequency roll-off (sub-sonic) filters is recommended. 
The use of a low inductance type speaker cable such as ' Perkins Signal Path Green' is 
necessary to achieve correct sonic balance. The use of large, parallel conductor ' zip ' 
cords is emphatically not recommended . While improving the bass definition compared 
with smaller wire gauge cables, all zip cables seriously impair resolution at high fre
quencies due to noise generation caused by strand-to-strand copper-oxide rectification effects. 

- Nearly all high performance loudspeakers give their best performance when placed well 
away from the walls of the listening room. Approximately one quarter to one third of 
the way along the room diagonals is a good initial location. 

- The I isteni ng plane should be at ear level at the I istener ' s seated position. To facilitate 
this , there is a screw adjustment on the underside of the base which tilts the listening 
plane upwards when turned clockwise. 

- The speakers should not be pOinted directly at the listener. Rather, their axes should 
cross at a point in space 4 .5 to 1 0  meters behind the listening position. 

- The speakers should be placed approximately 2 meters apart. 

, MAX 
_ 5·4 

-4.. ) j! .D 
� ) 

THE LlSTEN'NG PLANE 

725mm 
28.5 " 

F I G  9 .1 The effect on placement of the I istening plane as a function of operating the 
tilting stand is shown. 
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1 0. SPEC I F ICAT IONS 

FREQ U E NCY R ESPONSE 
M eas ured  in 1 /3 octave bands using pink n o i s e  excitat i o n  - ±1 .5db f rom 63hz to 1 6 .0khz. . 

- m i n us 1 0db at 30h z .  
- m inus 4 d b  a t  21  k h z .  

M eas ured  i n  1 / 1  octave bands using p i nk n o i se excitation - ± .4db 1 00hz t o  1 2 .8khz . 

D ISPERSION 
Vertica l  - ±1db ove r  a ±5° a r c  wit h 0° b eing t h e  ' l istening p l ane ' 
Ho rizonta l  - + Od b , - 2.5db f o r  a ±30 0 a rc  o n  t h e  l istening p l ane wit h  0 °  b eing the  no r

m a l  radiat ing axis 

LOW FREQ UENCY SYSTEM 
D A M PS b ass l oading m et hod wit h  a s ys t em resonance  of approxim ate l y 25hz 

M I D- HIG H FREQUENCY SYSTEM 
Dip o l a r  d o m e  t w ee t e r  with rear  radiation t e rminat ed into a t ap e red  abs o rb tive cavity .  

D R I VE U N IT A R R ANGEMENT 
T h e  d r i ve u n i ts a re placed in a v e rt i cal I i n e .  The  t we e t e r  m o unt i ng plane is set back  
f ro m  t h at of t h e  b ass u n i t  to  p rov i de c o r rect  relat ive  placem e nt of  t h e  acous t i c  cente rs 
of t h e  u n i ts .  

T HE DR IVE U N IT COM PLEMENT 

BASS-M I D  U N IT 
- 200m m nomina l  d i am et e r .  
- Bext rene t h e r m o- p l astic diaph ragm with  u nif o r m  coat i ng o f  visco- e l astic dam ping . 
- Susp ension - hig h  l inearity spide r .  

- PVC s u r r o u n d  ' soft t e r minated ' t o  t h e  d rive unit f ram e .  
- Voic e c o i l - 2 l aye r ,  l ong t h ro w , 37mm dia . coil w ou n d  o n a high t e m p e ratu re 

K A PT O N  f o r m e r .  
- M ag net  s ystem - 2. 1 kg , c e r a m ic .  

- 1 .1 Tes l a  ( 1 1 ,000 gauss ) gap s t rengt h .  

M I D-HIG H F R EQ UENCY U N IT 
- 25m m nom i nal diam ete r .  
- C l ose  w e ave m ono-fi l am ent  fab ric dom e ,  s oft s etting dam ping u nifo r m l y  applied . 
- Suspension - integrated into the  d o m e  st ruc t u r e .  
- Voice coil - 1 l ay e r  w o u n d  on  an  a l uminum f o r m e r .  

Dam ping a n d  h eat  d issipa tion a r e  im p roved th rough t h e  use o f  F E R R OF L U I D  in
j ect ed int o  the  vo i c e  coil g ap in t h e  m agnet  asse m b l y .  

- M ag ne t  s yste m  - .6 5kg , c e ramic .  
- 1 .0 Tes l a  ( 1 0 ,000 gauss)  gap st rength . 
- A l l  m i l d  s tee l  parts  heavil y coppe r p l at ed to reduce  im pedance 

rise d u e  to  voice c o i l ind uctanc e .  
- M oving m ass - 3 1 0 mi l lig ram s .  

I M PE DANCE & I NPUT P HASE ANGLE 
See Figs . 7 .8 and 7 .9 .  

POWER HAN DL I NG 
On p rog ram m ate r i al of w i d e  d y nam i c  rang e ( d i rect d i scs a nd m ost ' se r i ous m us i c ' ) t h e  
PR  T w o  w il l  a c c e p t  the  f u ll u nc l i pp ed o u t p u t  of an am p l i f i e r  rated a t  2 0 0  watts o utput 
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i nto  8 0 . On  e l ec t r on i c  m us i c ,  m ost pop m us i c , and  h eavy rock m u s i c  a l i m i t  of  1 00 watts 
is r e c o m m ended . These l i m i ts ass u m e  that a l l t o n e  cont r o l s a re set  to  t he i r  ' f l at '  p os i t i o ns 
and t h at a sub-so n i c  f i l te r  i s  used � A m i n i m u m  a m p l  i f i e r  p o w e r  of  40  w atts R M S .  i nto  8 0 
i s  suggested . 

EFF IC I E NCY 
At 1 w at t  R M S .  i np u t  p o w e r  the PR T w o  g e n e rates a sou nd p ressu re l eve l  ( S PL )  of 85db 
m easu red at 1 m et e r  f rom t h e  speake r g r i l l e  on  t h e  l i st e n i ng p l ane . 

F I N IS H  
The  s tandard  f i n i s h  f o r  the  PR T w o  i s  a d a rk b ro w n  p o l yest e r  g r i l l e  m at e r i a l  w i t h  a l l h a rd
w ood  p i eces fash i oned f rom so l i d  K oa (a  Hawa i i a n  spec i es ) .  Oth e r  h a r d w ood f i n i s h es can  be  
f u rn i sh e d  at  ext ra cost . Appa l ac h i an red  oak  i s  $65 .00 e x t ra w h i l e  Am e r i c a n  w a l nut  and  
I nd o n es i an teak  a r e  $85 .00 ext ra .  Opt i on a l  f i n i sh es a re  s u b j ect  to  a 6 to  8 week  d e l ay  i n  
d e l  i ve r y . 

• • • • • • 

A l l  p l ots s h o w n  i n  t h i s  b o ok l et w e r e  taken  us i ng BRUEL & KJAER p rec I s i on m i c rophones 
and acoust i c  ana l ys i s  i ns t r u m entat i on .  Th i s  equ i p m e nt i s  recog n i z ed w o r l d- w i de as t h e  aud i o  
i ndust ry  standa rd . 
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P R  T w o  S e r i e s  ' 0 '  A d d e n d u m  

Th e fo reg o i n g  b o okl e t  d e s c r i b e s  t h e  P e rk i n s  P R  Two , S e r i e s  ' C ' ; w e  h a v e  u p g ra d e d  to t h e  Se r i e s  ' D '  
w i t h  t h e  fo l l ow i n g  i m p ro v e m e n t s : 

- po l yprope l ene  capac i t o rs of t h e  I AR tra demar:ked ' Wonder Cap '  va r i ety  are  used 
t h roughout  the t w e et e r  sect i on of the c rossov e r  net w o rk .  

- t h e  bass sect i on of t h e  c rossover  net w o rk h as b e e n  redes i g ned f o r  better  t rans i ent 
respons e ,  f l atte r i nput  i m pedance and m o re res i st i ve i nput  phase ang l e .  

- a l l o f  t h e  i nd uctors i n  the  bass sect i o n  of t h e  n et w o rk a re wound  w i t h  # 1 5 rat h e r  
t h a n  t h e  s m a l l e r  # 1 7 A W G  cop p e r  w i re f o r  l ow e r  pow e r  l oss a t  l ow f requenc i es .  

- t h e  dam p i ng m et h ods and m at e r i a l s  used t o  abso rb t h e  rear  output  f rom t h e  t w eeter  
h ave b ee n  i m p roved y i e l d i ng a yet  m o re open  and spac i ous sound  stag e .  

- t h e  r ise r  pedesta l o f  t h e  b ase  i s  n o w  sand f i l l ed resu l t i ng i n  a l ow e r  c e nte r of 
g rav i t y  and g re at e r  res i s tance  to  t i pp i ng as the resu l t  of be i ng b u m ped by a c h i l d  
o r  pet . 

- a l l  i nt e rna l  s u rfaces of  t h e  bass e nc l os u r e  ha  ... e b e e n  dam ped w i th a d ense ta r b as e d  
com p o u nd i nc reas i ng the  w e i gh t  of t h e  e nc l os u r e  a l on e  f rom 39#  to 54# . 

- a rem ovab l e  f ront  i s  now f i tted t o  f a c i l i tate access t o  both  t h e  b ass u n i t  and t h e  
c rossover  i n  t h e  u n us u a l  c i rcumstance  t h a t  s e rv i c e  i s  req u i red . 

- t h e  h o l d- d o w n  s c r e ws f o r  t h e  s p r i ng i so l at i on system of the  t w eeter  head a re  of 
a m o re e l egant  s ty l e  and p rov i s i on i s  m ade  to  p revent t h e  sc r e ws f rom ratt l i ng 
i n  t h e  t h readed i nse rts w h en backed out t o  f re e  t h e  h ead ass e m b l  y on i ts  suspen
s i on .  
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P R  T w o  S e r i e s  ' 0 '  A d d e n d u m  - c o n ' t  

- a new printed circuit has been designed using the ' star ground ' principal. In this 
application it eliminates the modulation of the tweeter ground by signals from the 
bass section of the network. The result is less IM distortion, greater upper octave 
openess , im proved ) dynam ic I inearity and contrast. 

- the enti re crossover assembl y is covered with a 3/4" layer of damping compound 
applied to the component side of the printed circuit board. This is done to prevent 
the assembly from generating coloration due to its otherwise undamped vibrations 
stimulated by sound waves within the bass enclosure . 

- both the bass and the tweeter are fused and provision is made for ' solder bridging ' 
past the fuses in critical I istening situations. It is recommended that this be done 
onl y by experienced I isteners as the bypassing of the fuses voids all warranty on the 
drive units effected . 

- the tweeter is connected to the crossover with an improved low inductance wire 
developed specifically for tweeter circuitry.  

- a die-cut felt piece now surrounds the tweeter dome on the front of th'e tweeter 
head . This replaces a non-removable plastic piece making field service of the tweeter 
a simple matter . Sonically , there is a reduction in the amount of high frequency 
' splash ' from area immediately adjacent the tweeter dome. 

- a four point foot assem bly has been developed and is fitted to the existing base 
platen of the speaker . This provides direct contact between the four support 
points and the floor below despite the presence of any carpeting up to 3/ 4 "  thick . 
The result is greater clarity in the warmth region (1 00hz . to 400hz.) ,  improved 
low bass response and an overall improvement definition and sound stage accuracy. 

- a maior reduction in enclosure generated coloration has been achieved. The method . 
is str i ctly proprietary. 

- an equal izer ci rcuit has been fitted which allows the frequency response in the two 
octave band centered at 1 00hz . to be tailored to suit va i  ious room acoustics. Three 
switch selectable positions are provided giving reponses · at 1 00hz of +.75db; flat ; 
-.75db. Se e F i g . A . 3  o n  p a g e  2 7  fo r fre e-fi e l d  re s p o n s e  c u rves s h o w i n g  t h e  f i l t e r ' s  effe ct . 
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PREL I M I N AR Y  SET-UP INST R UCT IONS FOR T HE PERK I NS PREC ISION REFERENCE 

LOU DSPEAK E R ;  MODEL TWO , SE R I ES ' 0 ' 

- U nc a rton  t h e  speak e r  and l a y  i t  on  i ts s i de  on  the  f l oo r .  R em ove the  t rans i t  b l ock  
f i xed  between  t h e  t i l t i ng b a s e  and  t h e  e n c l osu r e .  Save  th i s  p i ece  f o r  re-use  w h eneve r 
t h e  speake rs m ust be  sh i pped . A l so save t h e  pack i ng ca rtons . T h e  w a r ranty  i s  v o i d ed b y  
sh i pm ent of  t h e  speake rs i n  a n y  b ut t h ese  ca rt ons . 

- N o t e  t h e  j acksc rew i n  t h e  t op of the  r i s e r  pedesta l  of  t h e  base . T h i s  i s  t h e  t i l t  
adj ustm e nt ab out w h i ch m o re det a i l  i s  p rov i d ed fu rthe r a l ong . 

- Stand t h e  speak e r  u p r i ght  and back  out ( ap p rox . 1 /2 " )  the  fou r l a rge  p l ast i c  
headed sc rews w h i c h  h o l d  t h e  tweete r ass y .  t o  t h e  t op o f  t h e  enc l osu re . H o l d  t h e  head 
d o w n  unt i l  a l l  fou r have been  l oosened and t h e n  re l ease t h e  h ead to  f l oat on  i ts sp r i ng 
susp e ns i on .  T h e  sc rews  sho u l d  now be  adj ust ed f o r  1 / 1 6 " c l earance  r e l at i ve t o  t h e  
t w e e t e r  h ead p l atform . 

- T h e  spe akers can now b e  p l aced i n  t h e i  r i nt e nd ed I i s te n i ng pos i t i ons . T h ese  shou l d  
b e  app rox . 3-4 ' f rom t h e  ( p refe rab l y  abso rb t i v e )  rear  w a l l and  2 -3 ' f rom t h e  s i d e  w a l l s  
o f  t h e  I i s ten i ng room . I n  v e r y  l a rge  rooms t h e  speak·e rs s h ou l d  p rob ab l y  b e  cenfe red l eft  
to  r i g h t  app rox . 7- 8 '  apart . 

- C o n n e x i on to  you r pow e r  amp  sh ou l d  b e  v i a  PE R K  I N S  S I G N A L PAT H  C L E A R  
speak e r  cab l e .  C onnect  t h e  e n d  o f  t h e  cab l e w i t h  t h e  sm a l l p rot r us i o n  b e t w e en t h e  red 
and b l ack te rm i n at i ons to the p o w e r am p the othe r c ab l e  end h as no  such p rot rus i o n  and 
obv i ous l y  connects to  the 5 way b i nd i ng posts on  the speak e r .  Th i s  s h ou l d  be  done  b y  
i nse rt i ng t h e  cab l e  e nd th rough t h e  h o l es d r i l l ed t h rough  t h e  g o l d p l ated post o f  t h e  con
nector  and then t i g h t e n i ng w i th  a n u t  d r i v e r  o r  s m a l l w rench  the  p l ast i c  h ead of the  
b i nd i ng post t o  c rush t h e  w i r e i n to f i  rm contac t .  

- Beh i n d  t h e  b i nd i ng t e rm i na l s  i s  a t h ree pos i t i o n  togg l e sw i tch th rough w h i c h  c on 
t ou r i ng o f  t h e  t w o  octave span  cente red o n  1 25hz i s  ach i eved . T h e  t h ree  pos i t i ons a re as 
f o l l ow s ;  

- l eft , - .75 db 
- cente r ,  + . 7 5 db 
- r ight , f l at 

N ote  that i n  you r room b est s t e r e o  and son i c  b a l ance  a r e  not  necessa r i l y ach i eved 
by i d e n t i c a l  sw i t c h  sett i ngs . T h e  is  due the vaga r i es i n  stan d i ng wave patt e r ns due to 
room as ym m et ry caused d ev i at i ons i n  room p r op o r t i ons f ro m  reg u l a r  rectang u l a r i t y , open  
d oo rways , adj acent  h a l l w a ys and open  spa ces , p l ac em e nt of  l a rge p i eces of f u r n i t u r e , etc  

- Prov is i on h as been  m ad e  for  t h e  f i t m e nt of va r i ous feet  to  the  p l aten  of t h e  
speak e r  s t a n d  b y  w a y  of  fo.u r t h readed p l ast i c  i nse rts p r essed i nto  e a c h  of the  c o r ne rs .  
Tw o foot sty l es a re cu r rent l y  b e i ng deve l oped , a t ru e  c a rpet  p i e rc i ng foot i n tended onl y  
fo r use on  c a rpeted conc r et e  f l oo rs pou red d i rect l y on  M ot h ei E a r t h  and a b a l l type  foot 
for  use on  c onvent i o n a l  f l oo rs of  j o i st and b eam const ruct i on .  Ava i l ab i l i ty shou l d  b e  Dec : 
' 83 

- T h e  speak e r  i s  supp l i ed to a l l ow t h e  l i s ten i n g  p l ane  to b e  va r i ed so as to  l i e  at 
t h e  sam e h e i g h t  as y o u r  ea rs at w h ateve r  d i stance  and e l evat i on you a re seated re l a t i ve 
to the speak e r . An exce rpt f rom the techn i c a l  I i t e ratu re on the PR Two appears ove r l eaf 
and deta i l s  t h e' pos i ti on !  of.  the . l i sten i ng p l ane 
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HOTLIIIE! #24 

CES Winter 1983 

IAR 'Engineering acfiievement awards 

Music reproduction in our homes is chiefly advanced 
by audio products that explore new scientific paths to truly 
better sound - not by new products that merely boast 
more cosmetic gl itter,  fancier con venience gimmicks, or 
slicker ad campaigns than last year's mode ls. 

These prestigious IAR awards, given after each CES , 
are bestowed in recognition of innovative product engin
eering that truly advances the science of the music repro
ducing art. IAR is perhaps uniquely qualified among pub
lications to evaluate the technical merit of new products and 
new design ideas. So give the following award winners 
se rious attentio n ;  even if you don't  buy these products 
now, their pioneering influence will surely affect your sys
tem in the near future. 

SpeciaL Merit awards 
Perkins PR Two D Loudspeaker 

Though i f s  'simply' a two way system ,  the Perkins 
reflects more thorough and complex engineering accom
plishment than most four or five way monster ' refe rence' 
speakers. Many factors explicitly conside red in this design 
were discovered by Perkins' original research ,  and have 
been utterly overlooked by other speaker designe rs. 

The Perkins PR Two D is the first speaker released by 
this company. But it's been under dev!,!lopment for 8 years, 
as B il l  Perkins the designer empirically researched many 
new, subtle mechanical and acoustical factors that can affect 
the final sonic perfonnance of a speaker system.  The PR 
Two D is a medium size floor standing two way system, 
reminiscent in appearance of some B & W models with a 
separate tweeter enclosure on top . It's made in Canada, 
a n d  the U . S .  selling price is $1850 per pair. 

We overheard several people at CES saying that they 
thought the Perkins was the best sounding speaker any
where at the show. We wouldn't go that far based on what " 

we heard - but the exhibit room, listening setup and pro
gram source had shortcomings when we visited the exhibit, 
so we surely didn 't hear the speaker to full advantage. In 
any case , it's noteworthy that others had such a high opin-
ion of the Perkins' sound, and this alone makes it worth 
your while to listen to it for yourself and decide what you 
think. 

. What impresses us as much as the system's sound is the 
care and thoroughness of research that went into its design. 
This is apparent from a comprehensive 21 page booklet you 
can get from Perkins. You should really write to Perk ins to 
get one for yourself, but here are some of the highlights. 

Note that most of these factors haven't  even been thought 
of  by other speaker system designers, much less optimized 
in their products. 

The tweete r enclosure of the Perkins is floated on 
springs, almost as in a turntable suspension. Why? In all 
conventional speaker systems, the tweeter is hard mounted 
to the same enclosure housing the woofer and/or midrange 
driver. Even if the enclosure walls are made very stiff, they 
will still vibrate at the higher frequencies put out by the 
woofe r  and/or midrange ; indeed, the stiffer the wall panels 
and the better they're braced, the higher the frequency of 
this vibration and the longer it will ring (higher Q), unless 
the walls also have been given drastic deadening treatment. 
The amplitude of these panel vibrations might be minute 
compared to the woofer's excursions, but it is significant 
compared to the tweeter's much smaller excursions. If  the 
whole tweeter body is moved by these panel vibrations, the 
acoustic output from the tweeter's diaphragm will be mod
ulated by these panel vibrations. 

The unwanted direct acoustic radiation from vibrating 
enclosure wall panels has been recognized for many years 
as an evil  to be combatted. B ut here we have an additional 
proble m :  modulation distortion of the tweeter's output, if 
the tweeter is hard mounted to these vibrating enclosure 
walls. Perkins has recognized this problem and found a 
solution:  floating the tweeter (and its enclosure) on a sus
pension.  As with a turntable suspension, the idea is to 
make the resonant frequency of this mechanical filter be 
below the frequency of any external vibrational stimuli. 
In this case , Perkins can make his main enclosure walls stiff 
enough so that only higher frequencies of the woofer's out
put reach the top of the main enclosure , and then he can 
merely set the tweeter suspension's filter frequency below 
these stimulating vibration frequencies. 

Perkins has drilled out the back of the tweeter;  this 
e liminates the usual cavity resonance behind the dome. 
Perkins then resistively damps the dome's mechanical res
onance and absorbs its back wave with felt and foam in a 

large tweeter enclosure . The graphs in the product infor
mation booklet show almost complete e limination of the 
tweeter's reactive peak in its impedance curve. This in turn 
has several benefits, including easier control of the tweet
er's  crossover and power handling in the critical lower re
gion of its passband. 

And this in turn helps Perkins to establish a much 
lower than usual crossover freqeuncy for this tweeter, 1 .  1 
kc instead of the usual 3 to 5 kc. Then, as a result of this, 
the Perkins has the advantage of not using the woofer in its 
upper frequencies, where its cone would break up and its 
narrower dispersion would cause a coloration in the sys
tem 's power response (see Hotline 18 for explanation).  
Such a low crossover frequency would impose severe power 
handling stress on the tweeter and hence constraints on the 
whole system, but for the fact that the PR Two D uses 
approximately fourth order (nominally Linkwitz) cross

over fi lter slopes, with approximately third order electrical 
protection of the tweeter. This crossover configuration 
does not, however, offer flat phase (transient perfect) re-
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sponse (see the KEF 105 story in Hotl ine 6 for discussion ) .  
Most of t h e  tweeter asse m b l y  i s  custom constructed o r  

modified b y  Perkins, t o  obtain im provements in other novel 
aspects. There 's a special ly m i l led front plate , with recesses 
to accept the tweeter's  term i n a l s  and mounting plate with 
screws.  This means that  no hardware or discontinuity is  
p rojecting out into the tweeter dome's rad iat ion to the 
side, where i t  m ight cause subt le  diffraction prob lems. All  
the m i ld s t e e l  parts of the tweeter assembly are copper 
p lated by Perkins.  He reports a measured reduction of the 
usual tweete r i m pe dance rise above 6 kc, and a son ic im
p rove m e n t  i n  the sweetness of the trebles and the accuracy 
of  hard transient  attacks. The woofer  of the Perkins has 
had its dust cap removed ; the dust caps of most drivers are 
responsible  for spurious radiat ions that give a ragged upper 
frequency response and peaky colorations (while the rest 
of  the diaphragm has smoothly ro l led off) . Vent holes have 
been dri l led i n  its pole piece too . 

Other worthwhile aspects of Perk ins' design have been 
e m p loyed previously in other speaker syst ems.  Resistive 
d a m ping,  achieved both by padd ing inside the cabinet and 
b y  small holes dr i l led to vent pressure from the cabinet ,  
fl attens the  woofer's  i m pedance peak and phase shift at  
resonanc e ,  thus m a k i n g  the syst em's  bass less  affected by 
v a rying ampl ifi e r  and speaker cable source i m pedance (see 
Hotl ines 8- 1 1 ) .  A Zobe l type ne twork i n  the crossover 
corrects for the ris ing woofe r  voice coi l i m pedance at its 
upper frequencies.  Another correction network pul ls  
down the excess output of the woofer in the lowe r midrange 
(due we t h i n k  to front baffle loading,  though the booklet's 
explanation is d i ffe re n t ) .  And so on. 

The Perk ins PR Two 0 is reasonably efficient,  and 
seems to play reasonably loud. I ts  bass goes impressively 
low for a system with an 8 inch woofer that's highly damped. 
At its price of $ 1850 per pair, ifs not inexpensive for a two 
way syste m .  But the buyer is gett ing  a lot of custom crafted 
refi n e m ents,  which i n  turn should make a diffe rence in 
sonic refi n e m e n t ,  for t hose who can appreciate refinement 
and low coloration i n  their  m usic l istening.  

700 nz 

A :�IJ , ""Oo�� ... 
Low or High Crossover? d" ... : 

Setting a first order crossover at a low 700 hZ or SO ( 
Perk ins) e l iminates the breakup raggedness of the woofer driver 
( region e, which starts around 2000 hZ) from being heard as 
colorations ( notice how far down from the top line this ragged
ness is locate d ) .  But the small tweeter must handle a lot of power 
( region A ) ,  which l im its the loudness capabi lity of the system 

( u n less the tweeter is ruggedized , as in the Perkins) .  

Diffraction c a n  be combatted by : 
1 .  severely rounding the baffle's own contours, so there are no 

sharp edges or corners as discontinuities 
2. radical ly bevell ing the baffle's contours 

3. absorbing the acoustic energy travell ing sideways along the 
baffle surface , before it gets to the edge 

4. using very small  baffle surfaces, so only the highest frequen
cies (smal lest wavelengths) are even supported by the baffle 
in the first place . A small rounding of merely the edges 
then suffices to prevent these small wavelengths from seeing 
a discontinuity. It's sufficient if the arc of the curved edge is of 
the same order as the radius of the f lat baffle section.  

2 

3 • 
• 

I 
4 

LrU-orc of curved edge 
I t I 

roo;us cf flot iedion 

------�) 20 hz 

Rlgid Cabinets 

The woofer is being fed a strong signal at 20 hz, the tweeter 
an equally strong signal at 20 kc. Let's suppose the cabinet is a 
high quality rigid one, and vibrates only .001 %  ( 1 / 100,000) of 
what the woofer cone does. Then the tweeter frame, mounted to 
the same cabinet, is vibrating merely .001 % of the woofer's 
excursions. But the tweeter cone 's excursions for an equal 
strength signal at 20 kc are just 1 / 1 0  of this. 

So the tweeter's frame, which is the reference point for the 
tweeter's own output, is  vibrating 1 0  times the amplitude of the 
tweeter cone's own excursions. That means you're hearing 
1 000% modulation distortion of the tweeter's 20 kc signal by the 
20 hz signal .  Thus, music's treble will be severely blurred by any 
bass. That's why Perkins uses heavy, mechanically isolated 

separate cabinets for the tweeters. 
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PR-2 - PRECISION REFERENCE LOUDSPEAKER; E-SERIES 

The E-series embodies substantial improvements to every aspect 
of the design including: 

- the tweeter is upgraded from the conventionally suspended 
soft dome to an ultra-compliantly suspended polymer-graphite hard 
dome of truly exceptional performance. The magnet structure is a 
non-resonant assembly that provides excellent rear wave damping in 
the large, absorbent filled cavity in the tweeter head. 

Seeking reduce moving mass, we experimented with both 
aluminum and copper clad aluminum wire (CCAW) for the voice coil. 
Aluminum presented solder joint reliability issues, while CCA W is 
the worst sounding conductor ever experienced, unimaginably so ... 

- the bass unit features a post-machined, cast basket, a hard PVC 
Cobex cone with a welded surround and lager and much more linear 
magnet structure. The cast basket is far stiffer than the earlier 
stamped steel basket and being of much more open structure allows 
un impeded rear wave egress into the DAMPS-loaded bass enclosure. 
The acoustic resistance unit (ARU) is improved for better damping 
and flatter complex impedance. 

- the enclosure uses a first-in-industry constrained-layer 
material that essentially eliminates the decades long problem with 
enclosure wall resonances; allowing a 'detuning' of a band-reject mid
bass/bass step filter in the low-pass section of the crossover. 

- the amplifier inputs are now bi-wired and use Cardas 
terminals. The internal wiring is upgraded. 

- the stand is sand-filled with an attendant lowering of the 
speaker's cent er of gravity and an increase in all-up weight to lOOlbs. 
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The solid Koa tweeter head with the tweeter I spent 1 0  years developing, the magnet structure for which is seen in 
the following pages.  Although not seen in this brochure, the cover over the tweeter dome is easily removed, however 
mindfulness regarding replacement is paramount as the shiny, black "tweeter button" is a finger magnet with nearly 
"magical" properties . The need for 95% of tweeter repairs is the result of an inquisitve finger poked through the dome. 

Koa is a remarkbly beautiful wood worthy of its own page, seen here. 

The patented Cardas binding post system 
eliminates the terrible sounding screw threads on 
the current carrying components seen in other 
speaker connection terminals ,  with the result that 
this design sounds better. It is designed to be 
internally direct soldered. The connection posts 
accept 6 .3mm spade lugs and can accommodate 
9mm as well . 

• Base metal: High purity copper 
• Plating : Silver/rhodium 
• Termination : Cardas Quad Eutectic Solder 

Although not seen here, we replace the 
steel , center bolt with one of a non-magnetic,  
non-electrically conductive material . While it 
might seem unlikely to many, this effects a 
plainly audible improvement in sound quality. 

A downside is that the material has a much 
lower tensile strength than steel so the he-men 
must go easy on tightening torque. 
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Reinforcements in all four corners 
behind the bass unit provide solid 
anchoring for the 'T' nuts into which 
the unit's eight, 3" long mounting 
bolts are threaded. 

Embedded within the 2" thick 
enclosure wall brace seen here 
is a barrel nut into which is threaded 
a bolt that passes directly through 
the center pole of the bass unit's 
magnet structure. 

By means of these fasteners the 
bass unit/magnet structure is made 
an integral part of the 65lb. enclosure, 
thereby ensuring a ratio of reactive 
bass unit/enclosure mass to driven
cone mass greater than 1,000:1 or 
60dB. 

Any rocking motion that might 
induced into the entire structure as a 
reaction to driven, cone mass is 
essentially eliminated. 

A cross-section view of the con
trained layer sheet material we custom 
fabricate for use in construction of the 
bass enclosure. Having high density, p, 
high Young's modulus, E, and very 
high internal damping, tan 8, it is the 
supremely effective result of a decade's 
developmental work and in 1986, the 
first such implementation of con
strained-layer enclosure construction. 
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Broel &Kjaer 

Measuring Object 

PEARL 
PR 2 
Tweeter 

Polymer
graphite 
dome 

Tweeter in 
head; 3" 
measuring 
distance; 
anechoic 
chamber 

4133 no 

grille 

Dec 12 
1986 

Signature 

50 

dB 

40 

20 

10 

o 

Potentiometer Range: 50 <El. Rectifier: RMS 

100 Hz 200 500 1 kHz 2 

lower Urn. Freq; 50 

The first major axisymmetric 
resonance is at 39KHz, is 6.5 
dB high and of appromately 
1/3 oct. bandwidth with a 'Q' 
of approximately 6. 
The fundamental resonance is 
285 Hz with a 'Q' of 0.7-ish. 

The all-up moving mass is 
150mg. 

5 10 kHz 20 

Paper speed:J.Q..mmfsec. 

;:t • 

50 100 200 0 A B C LIn. 

This curve was run with a Briiel & Kjaer Type 2010 Hetrodyne Analyzer and plotted with a Briiel & Kjaer 
Type 2307 Level Recorder. The signal was old school swept sine with a slow paper speed, a fast writing speed 
and a low averaging time constant. 

The conditions in the PEARL designed and constructed anechoic chamber seen here were anechoic above 
approximately 300Hz, the measuring microphone was a 12mm Briiel & Kjaer Type 4133 with its protective 
front grille removed. 

The PEARL designed and built dipole radiating tweeter was mounted in the solid koa tweeter head seen 
here and was driven by the high-pass section of the passive crossover seen here. 

The dome itself was formed on the PEARL designed and built hot cavity vacuum former seen here with 
the math to derive the range of blended radii, or torispherical, shapes investigated is here. 

In the late '70s and early '80s scanning laser doppler vibrometers (SLDV) such as seen here and here were 
the province those with deep pockets so I did the development by the simple, empirical expedient of building 
tweeters with different profiles and finding the best performer. 
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• These faces to be machined 

Section through 'A-A' 
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N50 Neo Magnet Dimensions 
#1 -ID = 1.660" OD = 2.010" 

#2 -ID = 2.110" OD = 2.460" 

Both are 1.250" high with 

a 0.175" annular thickness 

and Ni-Cu-Ni plating where: 

Ni = <0.0005" and Cu = >0.002" 

3 

f 

2.287e+OOO : > 2.407e+OOO 
2.167e+OOO : 2.287e+OOO 
2.046e+OOO : 2.167e+OOO 
1.926e+OOO : 2.046e+OOO 
1.806e+OOO : 1.926e+OOO 
1.68Se+OOO : 1.806e+OOO 
1.S6Se+OOO : 1.68Se+OOO 
1.44Se+OOO : 1.S6Se+OOO 
1.324e+OOO : 1.44Se+OOO 
1.204e+OOO : 1.324e+OOO 
1.083e+OOO : 1.204e+OOO 
9.631e-OOl : 1.083e+OOO 
8.427e-OOl : 9.631e-OOl 
7.224e-OOl : 8.427e-OOl 
6.020e-OOl : 7.224e-OOl 
4.816e-OOl : 6.020e-OOl 
3.613e-OOl : 4.816e-OOl 
2.40ge-OOl : 3.613e-OOl 
1.20Se-OOl : 2.40ge-OOl 
<1.766e-004 : 1.20Se-OOl 

Density Plot: I B I, Tesla 
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These drawings are the property of PEARL and may not be reproduced for any purpose not specifica l ly authorized by PEARL.  
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Drawing Date :  N ov 1 2 ,  97 Version N umber: 1 . 3 
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These drawings are the property of PEARL and may not be reproduced for any purpose not specifica l ly authorized by PEARL.  
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Drawing Date :  Oct 8,  97 Version N umber: 1 . 2 . 0  
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These drawings are the property of PEARL and may not be reproduced for any purpose not specifica l ly authorized by PEARL.  
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Drawing N ame: P R  2 . 6 . 0  Tweeter Voice Coi l  Assy Notes : The top plate is p lated . 0009" acid copper a n d  I-------------r------------l . 000 1 "  n ickle.  The center pole is p lated . 00 1 4" acid 
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r 1 steps in geometric progression 'rom .1 r3 
to .4r3 in 11 steps with a step factor equal 
to 5th root 2 
h steps in linear progression from .210" to 
.380" in 10 steps 
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This drawing is the property of PEARL, Inc. and may not be reproduced for any purpose not specifically authorized by PEARL, Inc. 

Seen immediately below is the ceramic magnet assembly for the PR-2 E-series, 

Ver. 1 loudspeakers. DC FEA data on this structure's magnetic performance is seen here. 

Seen below is the updated NeFeB magnet assembly for the PR-2 E-series, 

Ver. 2 loudspeakers. DC FEA data on this structure's magnetic performance is seen here. 

Note in both structures the absence of sealed volumes of air. 

As seen in almost all other similar structures, sealed 

air volumes can and do resonate, with 

deleterious effects on sound quality. 

Drawing Name: PR-2 E-series Tweeter Magnet Assys Notes: Based on the voice coil gap's magnetic energy, the 

output of the Ver. 2 device is expected to be 2-3dB 
Drawing Date: Dec. 7, 2023 Version Number: N/A higher than that of the Ver. 1 device. 
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Loudspeaker Damping 
ALBERT PREISMAN* 

Part 1. A discussion of theoretical considerations of loudspeaker characteristics, together with a 
practical method of determining the constants of the unit as a preliminary step in obtaining satis-

faCtory performance. 

ONE OF THE CONSIDERATIONS in the 
design 'and application of loud-
speakers is the adequate damping 

of their motion. Thus, owing to the 
masses and compliances involved, the 
sudden application or removal of current 
in the voice coil tends to produce a 
transient oscillation of a damped sinu-
soidal naturl'. 

In particular, the sudden cessation of 
current in the voice coil may find the 
loudspeaker continuing to vibrate in the 
manner described, so that the sound 
"hangs over". Anyone who has experi-
enced this unpleasant effect will seek 
ways and means to eliminate it. 

In the case of a horn type loud-
speaker, the horn imposes in general 
sufficient mechanical loading to damp 
out such transient response of "hang-
over", and also serves to limit the ex-
cursions of the voice coil so that it does 
not operate into the nonlinear portion 
of the air-gap magnetic field. The damp-
ing also serves to minimize nonlinear 
compliance of the suspension system by 
limiting the amplitude ot oscillation. 

However, if the horn design is lim-
ited by such considerations as maximum 
permissible mouth area and is operated 
at a frequency not too low to be trans-
mitted by the horn taper yet low enough 
so that appreciable reflections occur at 
the mouth, then the horn may cease to 
act as a mechanical resistance, but in-
stead become predominantly reactive, 
and thereupon cease to damp a reson-
ance in the speaker unit occurring in 
this frequency range. In such an event 
other means of damping will be of value 

* Capitol Radio Engineering Institute, Washing
ton, D.C. 

Responsibility for the contents of this paper rests 
upon the author and statements contained herein are 
not binding upon the Audio Engineering Society. 

to the designer or applications engineer. 
In the case of the direct-radiator 

loudspeaker unit, the air load is small, 
and is mainly reactive at the lower 
frequencies. Hence mechanical damping 
of the unit is small in magnitude, and 
"hangover" effects may be particularly 
noticeable. 

A reflexed cabinet may help to load 
the loudspeaker, or at any rate to pro-
duce a two-mesh mechanical network 
exhibiting two resonance peaks, neither 
of which is as high as that of the unit 
by itself or in a flat baffle. Neverthe-
less, the damping may still not be suffi-
cient to produce "clean" low-frequency 
tones. 

Hence, in general, it is advisable or 
at least desirable to provide sufficient 
damping of the direct-radiator type of 
unit by means of its electrical character-
istics, so that whether it is operated into 
a horn, reflexed cabinet, or simply a flat 
baffle, it will be adequately damped. 

An important point about electrical 
damping is that it represents high 
rather than low efficiency of operation, 
just as a horn does. On the other hand, 
were some material such 'as viscaloid 
employed to provide the required damp-
ing, the electrical input power would in 
part at least be converted into heat en-
ergy in the material instead of into 
acoustic energy, and thus represent a 
decrease in efficiency. It will therefore 
be of interest to examine damping pro-
duced by the electrical characteristics of 
the system. 

Motional Impedance 
When an alternating current flows in 

a voice coil, it reacts with the constant 
magnetic field to produce an alternating 
force which causes the voice coil to 
vibrate at the frequency of the current. 

Me M. 
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Fig. 1. Equivalent circuit of loudspeaker 
unit at low frequencies .. 

In so doing, the voice coil cuts through 
the magnetic lines, and generates a 
cOllntp.r electromotivl' force. c.e.m.f. 

The action is exactly similar to that 
of the rotating armature of a d.c. motor 
- the armature generates a c.e.mJ. by 
its rotation in the magnetic field. Con-

v 

Fig. 2. Mechanical characteristics of 
speaker seen from voice-coil terminals. 

sider the case of the loudspeaker voice 
coil. The electrical c.e.mJ. which is gen-
erated, tends to oppose the flow of cur-
rent in the coil, just as if its impedance 
had gone up. After all, one ohm of im-
pedance simply means a one volt drop in 
the unit for a one-ampere current flow-
ing through it; i.e., volts per ampere. 
In the case of the loudspeaker the force, 
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Loudspeaker Damping 
ALBERT PREISMAN* 

Part 1. A discussion of theoretical considerations of loudspeaker characteristics, together with a 
practical method of determining the constants of the unit as a preliminary step in obtaining satis

faCtory performance. 

O
NE OF THE CONSIDERATIONS in the 

design 'and application of loud
speakers is the adequate damping 

of their motion. Thus, owing to the 
masses and compliances involved, the 
sudden application or removal of current 
in the voice coil tends to produce a 
transient oscillation of a damped sinu
soidal naturl'. 

In particular, the sudden cessation of 
current in the voice coil may find the 
loudspeaker continuing to vibrate in the 
manner described, so that the sound 
"hangs over". Any one who has experi
enced this unpleasant effect will seek 
ways and means to eliminate it. 

In the case of a horn type loud
speaker, the horn imposes in general 
sufficient mechanical loading to damp 
out such transient response of "hang
over", and also serves to limit the ex
cursions of the voice coil so that it does 
not operate into the nonlinear portion 
of the air-gap magnetic field. The damp
ing also serves to minimize norilinear 
compliance of the suspension system by 
limiting the amplitude ot oscillation. 

However, if the horn design is lim
ited by such considerations as maximum 
permissible mouth area and is operated 
at a frequency not too low to be trans
mitted by the horn taper yet low enough 
so that appreciable reflections occur at 
the mouth, then the horn may cease to 
act as a mechanical resistance, but in
stead become predominantly reactive, 
and thereupon cease to damp a reson
ance in the speaker unit occurring in 
this frequency range. In such an event 
other means of damping will be of value 

* Capitol Radio Engineering Institute, Washing
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to the designer or applications engineer. 
In the case of the direct-radiator 
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frequencies. Hence mechanical damping 
of the unit is small in magnitude, and 
"hangover" effects may be particularly 
noticeable. 

A reflexed cabinet may help to load 
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rent in the coil, just as if its impedance 
had gone up. After all, one ohm of im
pedance simply means a one volt drop in 
the unit for a one-ampere current flow
ing through it; i.e., volts per ampere. 
In the case of the loudspeaker the force, 

AUDIO ENGINEERING • MARCH, 1951 



and hence motion and c.e.m.f., are pro-
portional to the voice coil current, so 
that a ratio is involved which is an ap-
parent impedance. 

Hence, when a loudspeaker voice coil 
is permitted to vibrate, its impedance 
apparently goes up. The increase in the 
impedance owing to its motion is known 
as the MOTIONAL IMPEDANCE, and it is 
measured in ohms just as the electrical 
impedance of the voice coil is measured 
in ohms. 

Several characteristics of the motional 
impedance can be readily analyzed quali-
tatively. In the first place, the lower the 
mechanical impedance, the more readily 
does the voice coil vibrate, and the 
higher is the induced c.e.m.f. for a given 
current flowing through it; i.e., the 
higher is its motional impedance. 

A second point to note is that the 
greater the magnetic flux density, the 
greater is the induced c.e.m.f., and the 
higher is the motional impedance of the 
voice coil. Finally; we note that if the 
total length of voice-coil wire is in-
creased, there is more conductor cutting 
the magnetic field, and hence more 
c.e.m.f. induced. Therefore the motional 

2 

Fig. 3. Circuit of Fig. 2 with addition 
of generator. 

impedance increases if the length of voice 
coil wire is increased. 

The actual quantitative relations are 
as follows: 

where Zme is the motional impedance in 
electrical ohms; B is the magnetic flux 
density in gauss; l = length of voice coil 
conductor in cm., and Zm is the mechan-
ical impedance in mechanical ohms, i.e. 
(dynes/cm/sec.). 

Loudspeaker Low-Frequency Resonance 
The mechanical impedance Zm of the 

loud speaker unit varies considerably 
over the frequency range. However, as 
a direct radiator its value and effect on 
the lowest ,!-udio frequencies is of great-
est importance, particularly with regard 
to "hangover' effects, and hence will be 

At the lowest audio frequencies, the 
loudspeaker unit acts mechanically as a 
simple series resonant circuit. This is 
illustrated in Fig. 1. The masses in-
volved are those of the cone, Me' and 
the air set in motion by the cone M a 

The latter is a function of frequency 
but can be assumed fairly constant over 
a narrow frequency range involving the 
resonant frequency of the unit. 

The compliance C 8 represents that of 
the suspension, both of the rim of the 
cone and of the center spider. It is apt 
to be nonlinear, particularly for large 
excursions, but is reasonably constant 
for moderate and small amplitudes of 
vibration. 

The resistive factors are that of the 
suspension R., and that of the air set 
in motion by the cone, Ra. The latter is 
particularly variable with frequency, but 
is usually very small at the low fre-
quency at which resonance occurs, par-
ticularly if the speaker unit is tested by 
itself, or at most in a flat baffle. Values 
for several sizes of cones are given by 
0lson.1 

From Fig. 1, it is apparent that 

Zm = (R, + Ra) + jro(Mo + Ma) + l/jroC, 
(2) 

Substituting this in Eq. (1), we obtain 

(ElF x 10-9 

Zme = (R, + Ra) + jro(Me + Ma) + 1/jroC. 
(3) 

If we divide the numerator and denomi-
nator of the right side of Eq. (3) by 
(Bl) 2 x 10-9 we obtain 

1 
Zmt== 

(R8+ Ra) . (1IIc+ M a) 
(El)2 x 10-9 + Jro (BI)2 x 10-9 

1 
+ -:.---::::---7-==:-:--~. 

JroC,(El)t x 10-9 
(4) 

Let 

(R, + Ra)/(El)2 x 10-9 = Gme = 1/Rme 

=Cm• 

and C8 (BI)2 x 10-9 

where 

Rme is the motional resistance COrres-
ponding to the mechanical damping 
R. and Ra, 

----
I H. F. Olson, "Elements of Acoustical 
Engineering," p. 126. D. Van Nostrand Co. 
New York. 

Cme is the motional capacitance COrres-
ponding to Me and Ma, 

and 

Lme is the motional inductance corres-
ponding to C ,. 

In short, we shall assume that the me-
chanical resistance appears as an elec-
trical conductance G me = 1/ Rme; the me-
chanical compliance appears as an elec-
trical inductance; and the mechanical 
mass appears as an electrical capaci-
tance. The latter transformation has 
been known for a long time in the power 
field; years ago oscillating synchronous 
motors were used in Europe as electrical 
capacitors, since a relatively small arma-
ture mass appeared as a surprisingly 
large electrical capacitance. 

If we substitute Eq. (5) in Eq. (4), 
we obtain: 

The quantities on the right side repre-
sent a resistance, capacitance, and in-
ductance in parallel since the parallel 
impedance is equal to the reciprocal of 
the sum of the reciprocals of the indi-
vidual impedances. 

Hence we finally arri,-:e at the conclu-
sion that the mechanical characteristics 
of the loudspeaker at the lower frequen-
cies appear at the electrical terminals of 
the voiee coil as shown in Fig. 2. Here 
Rvc represents the electrical resistance of 
the voice coil; the electrical (clamped) 
inductance of the voice coil can be dis-
regarded at the lower audio frequencies. 

The mechanical characteristics of the 
speaker appear as a parallel resonant cir-
cuit shunted by a certain amount of re-
sistance; these constitute the motional 
imoedance Zm. of the speaker. and the 
total electrical impedance Zt is Zm. plus 
Rvc· 

We can now analyze the behavior of 
the speaker from its electrical motional 
impedance characteristics. Thus, just as 
Fig. I indicated a certain frequency of 
resonance, so does Fig. 2 indicate this 
fact. Since the two circuits are equiva-
lent, they must have the same resonant 
frequency. This can be readily shown. 
Thus, from Eq. (5) 

L C -C (Bl)2xl0-S (Mo+Ma) 
me m.- 8 (Bl)2xl0-S 

= (Mo+MQ.)C, (7) 

that is, the electrical LC product equals 
the mechanical MC product; either 
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where Zme is the motional impedance in 
electrical ohms; B is the magnetic flux 
density in gauss; l = length of voice coil 
conductor in cm., and Zm is the mechan 
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loud speaker unit varies considerably 
over the frequency range. However, as 
a direct radiator its value and effect on 
the lowest ,!-udio frequencies is of great
est importance, particularly with regard 
to "hangover' effects, and hence will be 

At the lowest audio frequencies, the 
loudspeaker unit acts mechanically as a 
simple series resonant circuit. This is 
illustrated in Fig. 1. The masses in
volved are those of the cone, Mc, and 
the air set in motion by the cone Ma 
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a narrow frequency range involving the 
resonant frequency of the unit. 

The compliance C 8 represents that of 
the suspension, both of the rim of the 
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to be nonlinear, particularly for large 
excursions, but is reasonably constant 
for moderate and small amplitudes of 
vibration. 

The resistive factors are that of the 
suspension R., and that of the air set 
in motion by the cone, Ra. The latter is 
particularly variable with frequency, but 
is usually very small at the low fre
quency at which resonance occurs, par
ticularly if the speaker unit is tested by 
itself, or at most in a flat baffle. Values 
for several sizes of cones are given by 
0lson.1 

From Fig. 1, it is apparent that 

Zm = (R, + Ra) + jro(Mo + Ma) + l/jroC, 
(2) 

Substituting this in Eq. (1), we obtain 

(ElF x 10-9 
Zme = (R, + Ra) + jro(Mc + Ma) + 1/jroC. 

(3) 

If we divide the numerator and denomi
nator of the right side of Eq. (3) by 
(Bl) 2 x 10-9 we obtain 

Zmt== 

Let 

1 
(R8+Ra) . (1IIc+Ma) 

(El)2 x 10-9 + Jro (BI)2 x 10-9 

1 
+ -:.---::::---7-==:-:--�. JroC,(El)t x 10-9 (4) 

(R, + Ra)/(El)2 x 10-9 = Gme = 1/Rme 

= Cm. 

and C8(BI)2 x 10-9 

where 

Rme is the motional resistance COrres
ponding to the mechanical damping 
R. and Ra, 

----
I H. F. 0lson, "Elements of Acoustical 
Engineering," p. 126. D. Van Nostrand Co. 
New York. 

Cme is the motional capacitance COrres
ponding to Mc and Ma' 

and 

Lme is the motional inductance corres
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In short, we shall assume that the me
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field; years ago oscillating synchronous 
motors were used in Europe as electrical 
capacitors, since a relatively small arma
ture mass appeared as a surprisingly 
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If we substitute Eq. (5) in Eq. (4), 
we obtain: 

The quantities on the right side repre
sent a resistance, capacitance, and in
ductance in parallel since the parallel 
impedance is equal to the reciprocal of 
the sum of the reciprocals of the indi
vidual impedances. 

Hence we finally arri,-:e at the conclu
sion that the mechanical characteristics 
of the loudspeaker at the lower frequen
cies appear at the electrical terminals of 
the voiee coil as shown in Fig. 2. Here 
Rvc represents the electrical resistance of 
the voice coil; the electrical (clamped) 
inductance of the voice coil can be dis
regarded at the lower audio frequencies. 

The mechanical characteristics of the 
speaker appear as a parallel resonant cir
cuit shunted by a certain amount of re
sistance; these constitute the motional 
imoedance Zm. of the speaker. and the 
total electrical impedance Zt is Zm. plus 
Rvc· 

We can now analyze the behavior of 
the speaker from its electrical motional 
impedance characteristics. Thus, just as 
Fig. I indicated a certain frequency of 
resonance, so does Fig. 2 indicate this 
fact. Since the two circuits are equiva
lent, they must have the same resonant 
frequency. This can be readily shown. 
Thus, from Eq. (5) 
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= (Mo+MQ.)C, (7) 

that is, the electrical LC product equals 
the mechanical MC product; either 
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therefore represents the· same resonant 
frequency. 

It will be of interest to compare the 
behavior of the electrical circuit of Fig. 
2. For example, at the resonant fre-
quency of the loudspeaker, namely 

(8) 

the mechanical current or velocity 'V is 
a maximum, and is in phase with the 
force F, Fig. 1. 

This in turn means that the electrical 
c.e.m.f. will be a maximum and in phase 
opposition with the force F, which in 
turn is in phase with the current in the 
voice coil. Hence this c.e.m.f. will pro-
duce an in-phase or resistive reaction: 
the generator will view the voice coil as 
having increased in impedance, and that 
this increased impedance is resistive in 
nature. 

Now refer to Fig. 2. At the frequency 
of resonance, Lme and C me act as an 
open circuit shunting Rme, so that the 
electrical impedance is 

Zt = R1JC + Rme (9) 

and is a maximum. Furthermore, if the 
mechanical resistance (R, + R5 ) is 
small, v will be a maximum, as will also 
be the c.e.m.f., whereupon the electrical 
source will see a high resistive impe-
dance Rme' This checks the inverse re-
lation between Rme and (R, + Ra) given 
ill Eq. (5); when (R,+RIl ) is small, 
Rme appears large since (R, + Ra) ap-
pears in the denominator of the expres-
sion for Rme in Eq. (5). 
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loudspeaker Damping 
ALBERT PREISMAN* 

Part 2. A discussion of theoretical considerations of loudspeaker characteristics, together with a 
practical method of determining the constants of the unit as a preliminary step in. obtaining satis-

factory performance. 

WE NOW COMF. to the question of 
damping of the loudspeaker 
mechanism by the electrical 

circuit. In Fig 3 is shown the electrical 
equivalent of a loudspeaker illustrated 
in Fig. 2, with the addition of an elec-
trical source of internal resistance RG 
feeding it. This normally represents the 
Rp of the output tube or tubes as viewed 
from the secondary terminals of the 
output transformer. 

The apparent generated voltage as 
viewed from the secondary terminals is 
ea. The transient solution, however, is 
that current which flows in the network 
when eo is zero, and subject to whatever 
initial conditions we seek to impose. 

This circuit has been solved innumer-
able times; the current flow is oscillatory 
in nature, and of a frequency and decre-
ment determined by the L, C, and R of 
the circuit. In particular, if. 

R = V Lme/C-: 

1 
(10) 

where fr is given by Eq. (8), and R is 
the resistance paralleling Lm. and Cme, 
then the circuit is critically damped. 
This means that the natural frequency is 
zero, or the circuit is no longer oscilla-
tory; physically the loudspeaker has no 
hangover effect. Of course R can be less 
than the value given by Eq. (10); the 
latter merely gives the maximum per-
missible value of R. 

An inspection of Fig. 3. indicates that 
R must represent Rme paralleled by 
(R"c+Ro), hence if Rme is greater than 
the value required by Eq. (10), 
(Rvc+Ro) must be a low enough shunt 
to provide in conjunction with Rme the 
:ritieal damping necessary. 

It will be recalled from Eq. (5) that 
If the mechanical damping (R. + Ra) is 
low, Rme will be correspondingly high. 
An example which is to follow will show 
that usually the mechanical damping 
(R. + Ra) is very low, so that it can be 

* Capitol Radio Engineering Institute, Washing
ton, D.C. 

Responsibility for the contents of this paper rests 
upon the author and statements contained herein are 
not binding upon the Audio Engineering Society. 

2 

Fig. 3. Circuit of Fig. 2 with addition 
of generator. 

expected that Rme will be relatively very 
high; much higher than will provide 
critical damping. 

From this it follows that (Rvc+Ro) 
must be a sufficiently low shunt to satisfy 
the critical damping condition given by 
Eq. (10). However, it is possible that 
the voice coil resistance Rvc is itself so 
high that Eq. (10) cannot be satisfied. 
In the usual case R"c is not too high, 
but the maximum value left for Ra to 
assume can be quite low. In such a case 
a large amount of inverse voltage feed-
back may be necessary to reduce the 
source impedance to the requisite low 
value. 

Numerical Example 
The fotlowing numerical example will 

serve to illustrate the above analysis. 
Suppose we take a 16-inch cone type 
loudspeaker, whose mass is 40 grams, 
plus 4 grams for the voice coil. Assume 
further that the compliance of the sus-
pension is C. = 3.2 X 10-1 cm/dyne, and 
that the mechanical resistance is 2400 
mechanical ohms. 

To the mas$'-<lf the cone and voice coil 
must be added that of the mass of the 
air. In the neighborhood of 25 cps or so, 
Olson 2 gives the reactance of the air 
load as 7500 mechanical ohms. The cor-
respending mass is 

7500 
Ma = ---= 48 grams 

2 7r x 25 

Hence the total mass is 

M t =40+4+48=92 grams 

The resonant frequency is, by Eq. (8) 
2 H. F. Olson, "Elements of Acoustical 
Engineering," p. 126. D. Van Nostrand Co. 
New York. 
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1 
fr = 2 7r 92 x 3.2 x 10-7 = 29.3 eps 

which is close to the value of 25 cps 
initiatly used to calculate the air mass. 

The air also imposes a certain amount 
of damping in the form of radiation re-
sistance. This is a rapidly varying func-
tion of frequency; from Olson's book 
we find it to be 600 mechanical ohms at 
29 cps. Hence the total mechanical 
damping is 

R. + Ra = 2100 + 600 = 3000 meeh. ohms. 

Now suppose the flux density B is 
10,000 gauss, and the length l of voice 
coil conductor is 1500 cm. Assume fur-
ther that the voice coil resistance Rvc is 
10 ohms. 

Then, from Eq. (5), we have 

(1500 x 104 ) 2 X 10-9 

Rme = 3000 -75 ohms 

C - 92 -409 f 
me - (1500 X 10')2 X 10-9 - po 

Lme= (3.2xl0-7) (1500 x 10')2 X 10-9 

= 0.072 henry 

Observe how large C me is even though 
the mass responsible for this capacitive 
effect is only 92 grams. 

For critical damping, the total resist-
ance shunting Lme and Cme must be, by 
Eq. (10): 

I .072 
R = ~ 409 X 10-6 = 13.3 ohms 

Since Rme is one branch in parallel with 
R"o plus the generator resistance, and 
this all totals 13.3 ohms, the voice coil 
branch must be 

R RmexR 75X13.3 
6 = Rme _ R = 75 _ 13.3 -16.18 ohms 

Since the voice coil r~sistance Rvc is 10 
ohms, the generator or source resistance, 
as viewed from the secondary terminals 
of the output transformer, must be 

Ra = 16.18 -10 = 6.18 ohms. 

Although this is a low value, it is by 
no means prohibitively low. For example, 
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hangover effect. Of course R can be less 
than the value given by Eq. (10); the 
latter merely gives the maximum per
missible value of R. 

An inspection of Fig. 3. indicates that 
R must represent Rme paralleled by 
(R"c+Ra), hence if Rme is greater than 
the value required by Eq. (10) , 
(Rvc+ Ra) must be a low enough shunt 
to provide in conjunction with Rme the 
:ritieal damping necessary. 

It will be recalled from Eq. (5) that 
If the mechanical damping (R. + Ra) is 
low, Rme will be correspondingly high. 
An example which is to follow will show 
that usually the mechanical damping 
(R. + Ra) is very low, so that it can be 

* Capitol Radio Engineering Institute, Washing
ton, D.e. 
Responsibility for the contents of this paper rests 
upon the author and statements contained herein are 
not binding upon the Audio Engineering Society. 

2 

Fig. 3. Circuit of Fig. 2 with addition 
of generator. 

expected that Rme will be relatively very 
high; much higher than will provide 
critical damping. 

From this it follows that (Rvc+Ro) 
must be a sufficiently low shunt to satisfy 
the critical damping condition given by 
Eq. (10). However, it is possible that 
the voice coil resistance Rvc is itself so 
high that Eq. (10) cannot be satisfied. 
In the usual case R"c is not too high, 
but the maximum value left for Ra to 
assume can be quite low. In such a case 
a large amount of inverse voltage feed
back may be necessary to reduce the 
source impedance to the requisite low 
value. 

Numerical Example 

The fotlowing numerical example will 
serve to illustrate the above analysis. 
Suppose we take a 16-inch cone type 
loudspeaker, whose mass is 40 grams, 
plus 4 grams for the voice coil. Assume 
further that the compliance of the sus
pension is C. = 3.2 X 10-1 cm/dyne, and 
that the mechanical resistance is 2400 
mechanical ohms. 

To the mas$'-<lf the cone and voice coil 
must be added that of the mass of the 
air. In the neighborhood of 25 cps or so, 
Olson 2 gives the reactance of the air 
load as 7500 mechanical ohms. The cor
respending mass is 

7500 Ma = ---= 48 grams 
2 7r x 25 

Hence the total mass is 

Mt=40+4+48=92 grams 

The resonant frequency is, by Eq. (8) 

2 H. F. 0lson, "Elements of Acoustical 
Engineering," p. 126. D. Van Nostrand Co. 
New York. 
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1 fr = 2 7r 92 x 3.2 x 10-7 = 29.3 eps 

which is close to the value of 25 cps 
initiatly used to calculate the air mass. 

The air also imposes a certain amount 
of damping in the form of radiation re
sistance. This is a rapidly varying func
tion of frequency; from Olson's book 
we find it to be 600 mechanical ohms at 
29 cps. Hence the total mechanical 
damping is 

R. + Ra = 2100 + 600 = 3000 meeh. ohms. 

Now suppose the flux density B is 
10,000 gauss, and the length l of voice 
coil conductor is 1500 cm. Assume fur
ther that the voice coil resistance Rvc is 
10 ohms. 

Then, from Eq. (5), we have 

(1500 x 104 ) 2 X 10-9 
Rme = 3000 -75 ohms 

C - 92 -409 f me - (1500 X 10' ) 2 X 10-9 - po 
Lme= (3.2xl0-7) (1500 x 10')2 X 10-9 

= 0.072 henry 

Observe how large C me is even though 
the mass responsible for this capacitive 
effect is only 92 grams. 

For critical damping, the total resist
ance shunting Lme and Cme must be, by 
Eq. (10): 

I .072 
R = � 409 X 10-6 = 13.3 ohms 

Since Rme is one branch in parallel with 
R"o plus the generator resistance, and 
this all totals 13.3 ohms, the voice coil 
branch must be 

R RmexR 75X13.3 

6 = Rme _ R = 75 _ 13.3 -16.18 ohms 

Since the voice coil r�sistance Rvc is 10 
ohms, the generator or source resistance, 
as viewed from the secondary terminals 
of the output transformer, must be 

Ra = 16.18 -10 = 6.18 ohms. 

Although this is a low value, it is by 
no means prohibitively low. For example, 



if in the case of a single-ended triode 
output stage, RL ~ 2Rp, then at the sec-
ondary terminals Rp should reflect as 
half of the voice coil load, if Rvc is 10 
ohms, the reflected tube resistance Ro 
would be 10/2 = 5 ohms. In short, a 
triode tube may be expected to act as 
critical damping in conjunction with the 
voice coil resistance. 
. In the case of a pentode tube, Rp is so 
high that no damping can be expected 
from it unless inverse voltage feedback 
is employed to an extent sufficient to 
lower the apparent source resistance to 
the required degree. 

However, note that all this depends 
upon how low Rvc is compared to the 
length of wire used, and also how high 
the flux density B is. If the product (Bl) 
is low, both Rme and R may come out so 
low that Rue alone may be in excess of 
that which paralleling Rme, will give the 
required value of R for critical damping. 
This means that even if the source re-
sistance is zero, Rue is too large and 
will not permit critical damping to be 
obtained. 

Experimental Determination of 
Circuit Constants 

It is possible to measure the motional 
impedance by simple electrical means, 
and from these measurements to deter-
mine the critical damping required. Since 
the measurements are to be made at the 
very low audio frequencies, ordinary 
iron vane meters can be used if so de-
sired, and even a d.c. measurement of 
the voice coil resistance should be suf-
ficient to furnish the value of Rue. 

If, however, it is desired to determine 
this quantity at the resonant frequency 
of the cone, or at any rate at some a.c. 
frequency, then the cone should be 
clamped so that it does not vibrate and 
generate a c.e.m.f., thereby furnishing a 
motional impedance value. 

To measure the motional impedance, 
a set-up such as that indicated in Fig. 4 
can be used. The audio oscillator wave 
shape should be reasonably free of har-
monics, and the audio amplifier should 
be capable of furnishing several watts of 
power without distorting. The ammeter 
can be of the iron-vane type, and should 
read one ampere or less at full scale. 
The voltmeter is preferably of a high. 
impedance type. A preliminary run 
should be made to determine the reson· 
ant frequency of the cone and its sus-
pension. This is done by varying the 
frequency upward in steps starting from 
say, 20 cps, and noting E and I at each 
step. Their quotient is the impedance 
seen looking into the voice coil. This 
should be done with the field fully ener-
gized if it is of the electrodynamic type. 

At the mechanical series resonant fre· 
quency of the cone, I will drop to a very 
low value, and E will tend to rise. In 
short, the quotient will be relatively 
large, and will represent (R". + Rme) . 
If the value found previously for R"e is 
subtracted from this reading, Rme is ob-
tained. The resonant peak is normally 
quite sharp for reasons that will be ex-
plained further on. 

Audio 
Oscillator 

Audio 
Amplifier 

Loudspeaker 

Fig. 4. Circuit arrangement used for 
making measurement of motional 

impedance. 

In order to determine the value of 
critical damping R, it would appear 
necessary to measure Lme and C me. How-
ever, R can also be determined by meas-
uring the Q of the circuit; critical damp-
ing is obtained if Q '" 1. To measure Q, 
ordinarily one merely has to plot the 
selectivity curve for the device, whether 
this curve represents transmission, im-
pedance, admittance, or whatever other 
quantity gives this characteristic. 

In the case of the loudspeaker, the 
resonant Q of the circuit is- determined 
by the impedance as measured across 
Rme, Lme, and Cme in Fig. 3, with the 
electrical resistance (Rue + Ra) in paral-
lel with Rm •. In other words, the condi-
tion given by Eq. (to) for critical 
damping is also the condition for the 
resonant Q to be unity, where Qr is in 
general determined by oorCme, and Rme 
and (R"e+RO) in parallel. 

Unfortunately, measurements must be 
made at terminals 1-2 in Fig. 3, since 
there are no accessible terminals across 
Zme. The resulting impedance, Zt, repre-
sents Rue in series with Zme, that is-
with Rme, C me' and Lme all in parallel. 
To find the above-defined resonant Q 
therefore requires some preliminary 
analysis, which will be given below. 

Experimentally, however, all one has 
to do is to measure the impedance Zt at 
and around resonance over a range in-
cluding frequencies at which Zt drops 
to 1/ y2 of its value at resonance 
(where it has the maximum value 
Rue + Rme). Then, knowing the two fre-
quencies at which this occurs, as well as 
the resonant frequency f,., Q can be cal-
culated. Once Q is known, the necessary 
value of R can be found, and then the 
maximum permissable generator resist-
ance Ro. 
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Let us therefore proceed to evaluate 
this impedance. The impedance looking 
to the right into terminals 1-2 of Fig. 3 
can be calculated from the circuit ele-
ments shown. It is: 

where Qr is the resonant Q of the cir-
cuit if terminals 1-2 of Fig. 3 were 
short-circuited; i.e., 

in which R represents Rme and R"c in 
parallel, and 00,. is the resonant angular 
velocity of Lme and eme. Furthermore, 

P =f/f,. (13) 

where f is the frequency at which Zt 
is being measured, and fr is the resonant 
frequency; in short, p represents the 
fractional deviation from the resonant 
frequency. 

In particular, if p=l, (/=f,.), Eq. 
(11) reduces to 

Zt = Rme + Rue (14) 

which is correct from an inspection of 
Fig. 3, since at the resonant frequency 
Lme and eme form a negligibly high 
shunt impedance across Rmel so that Zt 
becomes Rme + R ve, as stated above. 

Furthermore, if p = 0, (1= 0), or 
p = 00, (f = 00), Zt becomes equal to 
Rvc alone, as is also clear from Fig. 3, 
since Lme is a short circuit across Rme 
at f = 0, and eme is the short circuit at 
f = 00. 

If Eq. (11) is solved for Q,. in terms 
of the other variables, there is obtained: 

Now suppose the frequency is varied, 
which is the same a!'; gying p is varied 
until Zt drops to 1/y2 of its maximum 
value; i.e., 

Rme+ Rvc 
Z,:::---=- (16) y2 

If this value is substituted in Eq. (15), 
together with the corresponding specific 
value of p, call it PI, there is obtained: 

(17) 

if in the case of a single-ended triode 
output stage, RL � 2Rp, then at the sec
ondary terminals Rp should reflect as 
half of the voice coil load, if Rvc is 10 
ohms, the reflected tube resistance Ra 
would be 10/2 = 5 ohms. In short, a 
triode tube may be expected to act as 
critical damping in conjunction with the 
voice coil resistance. 
. In the case of a pentode tube, Rp is so 
high that no damping can be expected 
from it unless inverse voltage feedback 
is employed to an extent sufficient to 
lower the apparent source resistance to 
the required degree. 

However, note that all this depends 
upon how low Rvc is compared to the 
length of wire used, and also how high 
the flux density B is. If the product (El) 
is low, both Rme and R may come out so 
low that Rvc alone may be in excess of 
that which paralleling Rme, will give the 
required value of R for critical damping. 
This means that even if the source re
sistance is zero, Ruc is too large and 
will not permit critical damping to be 
obtained. 

Experimental Determination of 

Circuit Constants 
It is possible to measure the motional 

impedance by simple electrical means, 
and from these measurements to deter
mine the critical damping required. Since 
the measurements are to be made at the 
very low audio frequencies, ordinary 
iron vane meters can be used if so de
sired, and even a d.c. measurement of 
the voice coil resistance should be suf
ficient to furnish the value of Ruc. 

If, however, it is desired to determine 
this quantity at the resonant frequency 
of the cone, or at any rate at some a.c. 
frequency, then the cone should be 
clamped so that it does not vibrate and 
generate a c.e.m.f., thereby furnishing a 
motional impedance value. 

To measure the motional impedance, 
a set-up such as that indicated in Fig. 4 
can be used. The audio oscillator wave 
shape should be reasonably free of har
monics, and the audio amplifier should 
be capable of furnishing several watts of 
power without distorting. The ammeter 
can be of the iron-vane type, and should 
read one ampere or less at full scale. 
The voltmeter is preferably of a high. 
impedance type. A preliminary run 
should be made to determine the reson· 
ant frequency of the cone and its sus
pension. This is done by varying the 
frequency upward in steps starting from 
say, 20 cps, and noting E and I at each 
step. Their quotient is the impedance 
seen looking into the voice coil. This 
should be done with the field fully ener
gized if it is of the electrodynamic type. 

At the mechanical series resonant fre· 
quency of the cone, I will drop to a very 
low value, and E will tend to rise. In 
short, the quotient will be relatively 
large, and will represent (Rv. + Rme) . 
If the value found previously for Rvc is 
subtracted from this reading, Rme is ob
tained. The resonant peak is normally 
quite sharp for reasons that will be ex
plained further on. 
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Fig. 4. Circuit arrangement used for 
making measurement of motional 

impedance. 

In order to determine the value of 
critical damping R, it would appear 
necessary to measure Lme and C me. How
ever, R can also be determined by meas
uring the Q of the circuit; critical damp
ing is obtained if Q '" 1. To measure Q, 
ordinarily one merely has to plot the 
selectivity curve for the device, whether 
this curve represents transmission, im
pedance, admittance, or whatever other 
quantity gives this characteristic. 

In the case of the loudspeaker, the 
resonant Q of the circuit is- determined 
by the impedance as measured across 
Rme, Lme, and Cme in Fig. 3, with the 
electrical resistance (Ruc + Ra) in paral
lel with Rm •. In other words, the condi
tion given by Eq. (to) for critical 
damping is also the condition for the 
resonant Q to be unity, where Qr is in 
general determined by oorCme, and Rme 
and (R"c+Ra) in parallel. 

Unfortunately, measurements must be 
made at terminals 1-2 in Fig. 3, since 
there are no accessible terminals across 
Zme. The resulting impedance, Zt, repre
sents Rvc in series with Zme, that is
with Rme, C me' and Lme all in parallel. 
To find the above-defined resonant Q 
therefore requires some preliminary 
analysis, which will be given below. 

Experimentally, however, all one has 
to do is to measure the impedance Zt at 
and around resonance over a range in
cluding frequencies at which Zt drops 
to 1/ y2 of its value at resonance 
(where it has the maximum value 

Ruc + Rme). Then, knowing the two fre
quencies at which this occurs, as well as 
the resonant frequency f,., Q can be cal
culated. Once Q is known, the necessary 
value of R can be found, and then the 
maximum permissable generator resist
ance Ra. 
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Let us therefore proceed to evaluate 
this impedance. The impedance looking 
to the right into terminals 1-2 of Fig. 3 
can be calculated from the circuit ele
ments shown. It is: 

where Qr is the resonant Q of the cir
cuit if terminals 1-2 of Fig. 3 were 
short-circuited; i.e., 

in which R represents Rme and RV" in 
parallel, and 00,. is the resonant angular 
velocity of Lme and Cme. Furthermore, 

P =f/f,. (13) 

where f is the frequency at which Zt 
is being measured, and fr is the resonant 
frequency; in short, p represents the 
fractional deviation from the resonant 
frequency. 

In particular, if p=l, (/=f,.), Eq. 
(11) reduces to 

Zt = Rme + Ruc (14) 

which is correct from an inspection of 
Fig. 3, since at the resonant frequency 
Lme and Cme form a negligibly high 
shunt impedance across Rmel so that Zt 
becomes Rme + Rve, as stated above. 

Furthermore, if p = 0, (1= 0), or 
p = 00, (f = 00), Zt becomes equal to 
Rvc alone, as is also clear from Fig. 3, 
since Lme is a short circuit across Rme 
at f = 0, and Cme is the short circuit at 

f = 00. 
If Eq. (11) is solved for Q,. in terms 

of the other variables, there is obtained: 

Now suppose the frequency is varied, 
which is the same a!'; gying p is varied 
until Zt drops to 1/y2 of its maximum 
value; i.e., 

Rme+ Rv" 
Z,:::---=- (16) 

y2 
If this value is substituted in Eq. (15), 
together with the corresponding specific 
value of p, call it PI, there is obtained: 

(17) 



If ( Rm8 + RvO)2 
R vo ~ 2, say twenty times 

two, then Eq. (17) simplifies to 

Q = (_1 ) ( Rvo ) 
r 1-p/ Rme + i<". 

(18) 

If PI is nearly unity, the difference 
between the actual frequency 11 and the 
resonant frequency Iris small; that is, 

or 
All=fr-fl 

All = II - Ir 

(depending upon whether the excursion 
is below or above the resonant fre-
quency) is small. This is usually the 
case, and under such conditions Eq. 
(18) can be rewritten as 

which can form the basis of our ex-
perimental procedure as well as Eq. 
(18) can. If we re-write Eq. (19) as 
follows: 

we recognize the form to be similar to 
that of the well-known resonance form-
ula, in which the fractional bandwidth 
(2Aflfr) for the half-power points is 
the reciprocal of the resonant Q of the 
circuit. Eq. (20) shows that owing to 
the point ill the circuit at which the 
measuring instruments are introduced, 
the fractional bandwidth is reduced bv 
a factor R"el(Rme+R"o), which would 
not occ~r if the measurements could be 
made across the motional impedance 
component itself. 

The significance of Eq. (20) is that 
even though Qr for a loudspeaker sys-
tem may be less than unity, the frac-
tional bandwidth will nevertheless be 
quite small because of the reducing 
factor Rvel (Rm• + R"c)' This makes the 
measurements somewhat critical and re-
quires a well,calibrated frequency scale 
on the audio oscillator. 

To see how this all fits together, let 
us proceed with an experimental run. 
T~e first measurement is Rile; this is 
found to be 10 ohms. Then the test setup 
of Fig. 4 is connected to the loudspeaker 
and the frequency varied from say 20 
to 50 cps. 

At 29.3 cps the current is found to 
dip to a minimum value of 83.2 rna, and 

the voltmeter reads 7.07 volts. The im-
pedance is resistive, and of a value 

R"o + Rme = 7.07;'0832 = 85 . ohms. 

Hence Z~ = Rm. = 85 -10 = 75 ohms. 

Now the frequency is varied above 
and below 29.3 cps to the point where Zt 
drops to 85 -.../2/2 = 60.1 ohms, as found 
by taking the ratio of the voltmeter to 
ammeter readings in exactly the same 
way as (R"c + R",.) was calculated. 

Suppose the frequency drops from 
29.3 to 26.7 cps before Zt = 60.1, and 
rises to 31.9 cps before this value is 
reached once more. Then Afl = 29.3-
26.7 = 2.6 cps, or Afl = 31.9 -29.3 = 2.6 
cps, and 

2Aidll = 2 x 2.6/29.3 = 0.1776. 

We can now use Eq. (19) to calculate 
Qr. Thus 

Qr = (0.1~76) (~~);: 0.663. 

This is the Q of the loudspeaker cir-
cuit if the source impedance RG were 
zero. Since Qr is less than unity, it can 
be raised to that figure by allowing Ra 
to be greater than zero. It remains to 
calculate this value. 

We have, for a parallel resonant cir-
cuit such as in Fig. 3, that 

where R is the resistance shunting C_ 
and Lm. (Fig. 3), and is therefore R_ 
in parallel with ( Rvo + R a). However, 
in the measuretnent and calculation 
yielding Qr, Ra is essentially zero, and 
R represents simply Rme and R"/1 in 
parallel. 

We seek a value R', such that the 
Q is equal to unity; i.e., 

or 
(22) 

Substituting from Eqs. (21) and (20) 
in Eq. (22), we obtain 

This represents R_ paralleled by (Rvo 
+Ra), hence 
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and 

R R R'R",. 
tI.+ a= R -R' 

me 
(24) 

(25) 

Hence let us finish our experimental 
determination of R(}. From Eq. (23) we 
can find R'. If we use the last form, we 
have 

, 2Afl 
R ;::: T Rme = (0.1776) (75) = 13.31 

ohms and from Eq. (25) we obtain 

R _ (13.31) (85) - (10) (75) 
(J- (75:"'13.31) 

=6.19 ohms 

which of course checks the previous 
computation from the values for the 
mechanical constants, since it is the 
same. loudspeaker that we have. under 
consideration. 

An Altern.tiye Viewpoint 
It is possible to reflect the electrical 

constants into the mechanical side of 
the circuit, and obtain an alternative 
viewpoint of the behavior of the system 
as a whQle. The results, 50 far as the 
low-frequency resonance is concerned, 
are the same, as will be shown. There is, 
however, another advantage of this 
aIternati ve point of view with regard 
to the acoustical design; it permits the 
designer to incorporate the electrical 
constants into the acoustical design with 
a corresponding improvement in the 
performance of the loudspeaker. 

First, the design formulas will have 
to be presented. The electrical impedance 
of the source and the voice coil appears 
in the mechanical side of the system as 
follows: 

Z_=(Bl)2 X1o-9 (26) 
Z, 

where Zem is the mechanical impedance 
equivalent to the actual electrical im-
pedance Z., and Band l have the same 
significance as before. 

The output stage and voice coil in 
series with it exhibit essentially an in-
ductive and resistive impedance at the 
higlier audio frequencies. The induct-
ance is the leakage inductance of the 
output transformer, plus that of the 
voiCe coil, and the resistance is the ap-
parent source resistance Ra as viewed 
from the secondary terminals of the out-
put transformer, plus that of the voice 
coil. 

If ( Rm8 + Rvo)2 
Rv. 

� 2, say twenty 

two, then Eq. (17) simplifies to 

Q = (_1 ) ( Rvo ) r 1- p/ Rme + i<". 

times 

(18) 
If pt is nearly unity, the difference 

between the actual frequency 11 and the 
resonant frequency Iris small ; that is, 

or 
All=fr-fl 

All = 11 - Ir 

(depending upon whether the excursion 
is below or above the resonant fre
quency) is small. This is usually the 
case, and under such conditions Eq. 
(18) can be rewritten as 

which can form the basis of our ex
perimental procedure as well as Eq. (18) can. If we re-write Eq. (19) as 
follows: 

we recognize the form to be s imilar to 
that of the well-known resonance form
ula, in which the fractional bandwidth 
(2Aflfr) for the half-power points is 
the rec iprocal of the resonant Q of the 
circuit. Eq. (20) shows that owing to 
the point ill the circuit at which the 
measuring instruments are introduced, 
the fractional bandwidth is reduced bv 
a factor R"el(Rme+Rv.), which would 
not occ�r if the measurements could be 
made across the motional impedance 
component itself. 

The significance of Eq. (20) is that 
even though Qr for a loudspeaker sys
tem may be less than unity, the frac
tional bandwidth will nevertheless be 
quite small because of the reducing 
factor Rve/ (Rm• + Rv.). This makes the 
measurements somewhat critical and re
quires a well,calibrated frequency scale 
on the audio oscillator. 

To see how this all fits together, let 
us proceed with an experimental run. 
T�e first measurement is Rile; this is 
found to be 10 ohms. Then the test setup 
of Fig. 4 is connected to the loudspeaker 
and the frequency varied from say 20 
to SO cps. 

At 29.3 cps the current is found to 
dip to a minimum value of 83.2 ma, and 

the voltmeter reads 7.07 volts. The im
pedance is resistive, and of a value 

Rv. + Rme = 7.07;'0832 = 85 . ohms. 

Hence Z� = Rm. = 85 -10 = 75 ohms. 

Now the frequency is varied above 
and below 29.3 cps to the point where Zt 
drops to 85 -.../2/2 = 60.1 ohms, as found 
by taking the ratio of the voltmeter to 
ammeter readings in exactly the same 
way as (R"c + R",.) was calculated. 

Suppose the frequency drops from 
29.3 to 26.7 cps before Zt = 60.1, and 
rises to 31.9 cps before this value is 
reached once more. Then Afl = 29.3-
26.7 = 2.6 cps, or Afl = 31.9 -29.3 = 2.6 
cps, and 

2Aidll = 2 x 2.6/29.3 = 0.1776. 
We can now use Eq. (19) to calculate 
Qr. Thus 

Qr = (0.1�76) (��);: 0.663. 
This is the Q of the loudspeaker cir
cuit if the source impedance Ra were 
zero. Since Qr is less than unity, it can 
be raised to that figure by allowing Ra 
to be greater than zero. It remains to 
calculate this value. 

We have, for a parallel resonant cir
cuit such as in Fig. 3, that 

where R is the resistance shunting C_ 
and Lm. (Fig. 3), and is therefore R_ 
in parallel \vi th ( Rv. + Ra). However, 
in the measuretnent and calculation 
yielding Qr, Ra is essentially zero, and 
R represents simply Rme and R"/1 in 
parallel. 

We seek a value R', such that the 
Q is equal to unity ; i.e., 

or 
( 22 ) 

Substituting from Eqs. (21) and (20) 
in Eq. (22), we obtain 

This represents R_ paralleled by (Rvo 
+Ra), hence 
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and 

R R 
R'R",. 

tI.+ a= R -R' me 
(24) 

(25) 

Hence let us finish our experimental 
determination of Ra. From Eq. (23) we 
can find R'. If we use the last form, we 
have 

, 2Afl R ;::: 
T 

Rme = (0.1776) (75) = 13.31 

ohms and from Eq. (25) we obtain 

R _ (13.31) (85) - (10) (75) 
(J- (75:"'13.31) =6.19 ohms 

which of course checks the previous 
computation from the values for the 
mechanical constants, since it is the 
same. loudspeaker that we have. under 
consideration. 

An Altern.tiye Viewpoint 

It is possible to reflect the electrical 
constants into the mechanical side of 
the circuit, and obtain an alternative 
viewpoint of the behavior of the system 
as a whQle. The results, 50 far as the 
low-frequency resonance is concerned, 
are the same, as will be shown. There is, 
however, another advantage of this 
aIternati ve point of view with regard 
to the acoustical design ; it permits the 
designer to incorporate the electrical 
constants into the acoustical design with 
a corresponding improvement in the 
performance of the loudspeaker. 

First, the design formulas will have 
to be presented. The electrical impedance 
of the source and the voice coil appears 
in the mechanical side of the system as 
follows: 

Z_=(Bl)2X1o-9 
(26) 

Z, 

where Zem is the mechanical impedance 
equivalent to the actual electrical im
pedance Z., and B and l have the same 
s ignificance as before. 

The output stage and voice coil in 
series with it exhibit essentially an in
ductive and resistive impedance at the 
higlier audio frequencies. The induct
ance is the leakage inductance of the 
output transformer, plus that of the 
voiCe coil, and the resistance is the ap
parent source resistance Ra as viewed 
from the secondary terminals of the out
put transformer, plus that of the voice 
coil. 



Hence, set 

(27) 

where Re=R1)o+R(J (see Fig. 3), and 
Le is the inductance defined above, and 
which we have not heretofore taKen into 
account. At the lower aUdi'o frequencies 
jroLe can be ignored, whereupon Ze re-
duces to Re. 

However, if Eq. (27) be substituted 
in Eq. (26), and then numerator and 
denominator divided by (Bl) 2 X 10-9, as 
before, there is obtained: 

(28) 

If we consider Re/(Bl)210-9 as a 
mechanical conductance Gem. so that its 
reciprocal Rem' a mechanical resistance. 
is given 

and if we further consider Le/(Bl)210-9 
as a mechanical compliance C em, then 
we can write Eq. (28) as 

Zem= (l/Rem)l + jroCem (30) 

or the electrical resistance and induct-
ance in series appear in the mechanical 
system as a mechanical ,resistance ,and 
compliance in parallel. Hence, the coun-
terpart of Fig. 3 is that shown in Fig. 
S: a constant-velocity mechanical gen-
erator (courtterpart of a constant-volt-
age electrical generator) feeds the me-
chanical resistance Rem equivalent to 
the electrical resistance Re, in parallel 
with the mechanical compliance Cem 
equivalent to the electrical inductance 
L e, and the actual mechanical impedance 

,.-V 

Constant 
Velocity 

Generator 

Fig. 5. Counterpart of Fig. 3, in me-
chanical terminology4 

Zm of the loudspeaker. This circuit has 
interesting implications both at the low-
and a! the high-frequency ends of the 
audio spectrum. 

Consider the low-frequency end first. 
In this range C em can be ignored, and 

~V 

Constant 
Velocity Rem 

Generator 

Fig. 6. Equivalent circuit corresponding 
to Fig. 5, showing damping due to 

electrical resistance. 

Z", consists, in the case of a direct-radi-
ator cone loudspeaker, of the elements 
shown in Fig. 1. Hence Fig. S becomes 
circuit shown in Fig. 6. Here it is ap-
parent how the electrical resistance Re 
introduces in effect damping into the 
mechanical circuit by its transformed 
element Rem. 

From Fig, 6 it is apparent that for 
critical damping, 

or alternatively, that the mechani~l Q 
at resonance is unity: 

(32) 

from which the required electrical re-
sistance must be 

Once Rem is evaluated from Eq. (33), 
the equivalent electrical resistance R. 
can be found from Eq. (29). Then the 
voice coil resistance Ruo is subtracted 
from Re to yield the maximum permis-
sible value of apparent generator re-
sistance R(J. 

Let us tryout these formulas on the 
loudspeaker constants given previously. 
It will be recalled that the tptal mass 
(including that of the voice coil) was 
92 mechanical ohms. This will be the 
value used for (Mo+M,,). The resonant 
fr17quency was 29.3 cps, so that ror = 2'/1' 
29.3 rad.j sec. Also (R. + R,,) came out 
to be 3000 mechanical ohms. 

Hence, if the appropriate values be 
substituted in Eq. (33), there is ob-
tained: ' 

R_ = (2'/1' 29.3)(92) - (3000) 
= 16,98f) - 3,OOO:=: 13,980 mech. ohms 

Now, from Eq. (29), the equivalent 
electrical resistance Re that is required 
to obtain critical damping is 
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R _ (Bl)210-9 _ (10000 X 1500)2 
• - Rem - --13980 

:=:16.13 ohms (electrical). 

Since the voice coil resistance R"c is 
10 ohms, the apparent source resistance 
can be 

R(J=16.13-10=6.13 ohms 

which checks our previous calculations, 
as it should. 

High-Frequency Response 
The same equivalence between circuits 

can be utilized in the analysis of a high-
fr,equency tweeter unit of the horn type. 
This employs a small diaphragm and 
voice coil. which feeds the cavity in 
front of it that leads to an exponential 
horn. The physical arrangement is 
shown in cross-section in Fig. 7. Here 
md represents the mass of the diaphragm 
and associated voice coil; C", the com-
pliance of the air chamber in front of 
the diaphragm, necessary to furnish 

- clearance for the motion of the dia-
phragm and useful in building out the 
mechanical circuit; and finally r" repre-
sents the acoustical resistance of the 
horn throat in the frequency range above 
its low-frequency cutoff point. 

The mechanical circuit has been ana-
lyzed many times in the past; it is 
given in Fig. 8. The resistance rll is 
that of the throat of the horn, and is 
equal to the area of the throat in sq. 
cm. multiplied by 41.4 mech. ohms, 
which is the radiation resistance of air 
per sq. cm. Ad is the area of the dia-

,phragm; in conjunction with All it 
forms a kind of hydraulic press which 
is the mechanical counterpart of an elec-
trical transformer. The step-down ratio 
is Ad to A l ; conv~rsely .YII is reflected 
to the diaphragm as an equivalent re-
sistance r'lI such that 

r\ = (Ad/A,Y (34) 

The reflected resistance r'lI shunts the 
air chamber compliance Ca. This is be-
cause the lower r'1I is. the more readily 
can it relieve the pressure built up in 
the air chamber by the motion of the 
diaphragm. This is exactly analogous to 
the reduction in 'the charge and voltage 
acros~ a capacitor when it is shunted 
by a low resistance. 

From Fig. 8 the loudspeaker unit is 
recognized as forming an L-section low-
pass filter. For proper transmission up 
to the cut-off ft:equency, it is necessary 
that 

r'lI=yMd/Ca (35) 

Hence, set 

(27) 

where Re=R1)o+R(J (see Fig. 3), a nd 
Le is the inductance defined above, and 
which we have no t heretofore taKen into 
account. At the lower aUdi

'
o frequencies 

jroLe can be ignored, whereupon Ze re
duces to Re. 

However, if Eq. (27) be substituted 
in Eq. (26), and then numerator and 
d enominator divided by (El) 2 X 10-9, as 
before, there is obtained : 

(28) 

If we consider Re/(Bl)210-9 as a 
mechanical conductance Gem. so that its 
reciprocal Rem' a mechanical resistance. 
is giv en 

and if we further consider Le/(Bl)210-9 
as a mechanical compliance C """ then 
we can write Eq. (28) as 

Zem= 
(l/Rem)

l 

+ jroC"", 
(30) 

or the electrical resistance and induct
ance in series appear in the mechanical 
system as a mechanical ,resistance ,and 
complia nce in parallel. Hence, the coun
terpart of Fig. 3 is that shown in Fig. 
S: a constant-velocity mechanical gen
erator (courtterpart of a constant-volt
age electrical generator ) feeds the me
chanical resistance Rem equivalent to 
the electrical resistance Re, in parallel 
with the mechanical compliance Cem 
equivalent to the electrical inductance 
Le, and the actual mechanical impedance 

,.-V 

Constant 
Velocity 

Generator 

Fig. 5. Counterpart of Fig. 3, in me
chanical terminology4 

Zm of the loud sp eak er . This circuit has 
interest ing imp lications both at the low
and a! the high-frequency ends of the 
audio spectrum. 

Consider the low-f requency end first. 
In this range C em can be igno red , and 

�V 

Constant 
Velocity Rem Generator 

Fig. 6. Equivalent circuit corresponding 
to Fig. 5, showing damping due to 

electrical resistance. 

Z", consists, in the case of a direct-radi
ator cone loudspeaker, of the elements 
shown in Fig. 1. Hence Fig. S becomes 
circuit shown in Fig. 6. Here it is ap
parent how the electrical resistance Re 
introduces in effect damping into the 
mechanical circuit by its transformed 
element Rem. 

From Fig, 6 it is apparent that for 
critical damping, 

or alternatively, that the mechani�l Q 
at resonance is u nity : 

(32) 

from which the required electrical re
sistanc e must be 

Once Rem is evaluated from Eq. (33), 
the equivalent electrical resistance R. 

can be found from Eq. (29). Then the 
voice co il resistance Ruc is subtracted 
from Re to yield the maximum permis
sible value of apparent generator re
sistance R(J. 

Let us try out these formulas on the 
loudspeaker constants giv en previously. 
It will be r ecalled that the tptal mass 
(including that of the voice co il) was 
92 mechanical ohms. This will be the 
valu e used for (Mo+M,,). Th e resonant 
fr17quency was 29.3 cps, so that ror = 2'/1' 
29.3 rad.j sec. Also (R. + R,,) came out 
to be 3000 mechanical ohms. 

Hence, if the appr opriate values be 
substituted in Eq. (33), there is ob
tained: ' 

R_ = (2'/1' 29.3) (92) - (3000) 
= 16,98f) - 3,OOO:=: 13,980 mech. ohms 

Now, from Eq. (29), the equivalent 
electrical resistance Re that is r equir ed 
to obtain critical damping is 
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R 
_ (Bl) 2 10-9 _ (10000 X 1500)2 

• - Rem - --13980 
:=:16.13 ohms (electrical). 

Since the voice coil resistance R"c is 
10 ohms, the apparent source resistance 
can be 

R(J=16.13-10=6.13 ohms 

which checks our prev ious calculations, 
as it should. 

High-Frequency Response 
The same equivalence between circuits 

can be utilized in the analysis of a hig h
fr,equency tweeter unit of the horn typ e. 
Th is e mp loys a small diaphragm a nd 
voice coil. which feeds the cavity i n 
front of it that leads to an expo nenti al 
horn. The physi cal arrangement is 
shown in cross-section in Fig. 7. Her e 
md r epresen ts the mass of the diaphragm 
and associated voice coil; C", the com
p liance of the air chamber in front of 
the d iaphragm, necessary to furnish 

- clearance for the motion of the dia
phr agm and useful in build ing out the 
mechanical circuit; and fin al ly r" repre 
sents the acoustical resistance of the 
horn throat in the f requenc y range above 
its low-frequency cuto ff point. 

The mechanical c ircu it has been ana
l yzed many times in the past; i t is 
giv en in Fig. 8. The resistance rh is 
that of the throat of the horn, and is 
equ al to the area of the throat in sq. 
cm. multiplied by 41.4 mech. ohms, 
which is the radiation resistance of air 
per sq . cm. Ad is the area of the dia-

, phragm; in conjunction with Ah it 
forms a kind of h ydrauli c press which 
is the mechanical counterpart of an elec
tr ica l transformer . The step -down ratio 
is Ad to Al; conv�rsely rh is reflec ted 
to the diaphragm as an equ ival ent re
sistance ,.' h such that 

r\ = (Ad/A,Y (34) 

The reflected resistance ,.' h shu nts the 
a ir chamber compliance Ca. This is be
cause the lower r'1I is. the more r eadily 
can it relieve the pressure built up in 
the air chamber by the motion of the 
d iap hragm . This is exactly ana log ous to 
the reduction in 'the charge and voltage 
acro s� a capacitor when it is s hunted 
by a low resistance. 

From Fig. 8 the loudspeake r unit is 
recognized as fo rming an L-section low
pass filter. For proper transmission up 
to the cut-off ft:equency, it is n ecessar y 
that 

r'lI=yMd/Ca (35) 



The cutoff frequency is given by 

If twice the mass (2Ma) were employed 
and another compliance C" placed at the 
left end, a 1T-section filter would be ob-
tained, to which Eqs. (35) and (36) 
would apply equally well. In short, the 
same cutoff frequency can be obtained 

Field Magnet 

Fig. 7. Physical arrangement of me· 
chanical elements of a high-
frequency horn and unit. 

for double the mass, if a compliance is 
?laced at the other end of it. 

If only the mass is doubled, then the 
cutoff frequency ,is reduced to 70.7 per 
cent of its original value, as is evident 
by substituting 2Md for M", in Eq. (36). 
(The corresponding changes in r'lI are 
not of importance as they involve merely 
a change in the ratio of Ad to All' 

For a given high-frequency cutoff and 
power-handling ability of the speaker, 
the diaphragm mass M a comes out to 
be a certain amount. If M", can be kept 
the same, and yet a compliance placed 
at the front end, the high-frequency cut-
off can be extended to \/2 or 1.414 times 
its original value without altering the 
speaker's power handling ability. Hence 
it is of interest to see how this can be 
done. 

At the higher audio frequencies, the 
output transformer appears at its sec-
ondary terminals essentially as a series 
inductance LL (its leakage inductance). 
The power amplifier tubes, as reflected 
to the secondary of the transformer ap.-
pear as a resistance Ra in series with 
LL' To this must be added the voice coil 
resistance Rvc and its inductance L~o in 
series with R(J and'LL' Hence finally 
the electrical current appears as 

where 

and 

Figure 5 and Eq. (30) show how 
these appear in the mechanical circuit. 
The mechanical impedance Zm is in this 
case illustrated by Fig. 8, so that finally 
in Fig. 9 is given the complete mechan-
ical circuit including the equivalent elec-
trical circuit parameters. 

Here, in accordance with Eq. (29) 

Fig. 8. Mechanical circuit of high 
frequency speaker. 

and this should match r'1I for maximum 
power transfer, or 

Re"" (Bl)2x1o-9jr',. (38) 

from which the apparent source im-
pedance should equal 

(Bl)2 x 10-9 

RG=R.-Rvc= , -Rvc (39} 
r 11 

The apparent mechanical compliance 
equivalent to -the electrical inductance 
is indicated by Eqs. (28) and (30), 
namely: 

However, in order to convert the 
L-section mechanical low-pass filter of 
Fig. 8 into the 1T-section low-pass filter 
of Fig. 9, it is necessary that 

C C L. 
em = a = (Bl)2 X 10-9 (41) 

If such coordination in electrical and 
mechanical design be accomplished, a 41 
per cent increase in frequency response 
may be expected over the case of no 
electrical inductance at all. Of course, 
in actual practice the electrical system 
inherently has inductance and resist-
ance so that the "building-out" of the 
L-section into a 1l'-section tends to take 
place; all that it is desired to point out 
here is that the electrical and mechanical 
circuit elements can be coordinated so 
as to improve the performance rather 
than to have a haphazard relationship 
to one another, and that furthermore, 
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electrical inductance is not necessarily 
an undesirable characteristic in the out-
put stage, but can -serve a useful purpose. 

Undoubtedly, in most systems the in-
ductance - particularly that of the voice 
coil itself - is too high and produces a 
Cem in excess of Ca. Also, R.m may be 
too low compared to r'1I because of ex-
cessive electrical resistance Ra + Rvc. 
However, this serves to counterbalance 
an excessive value for C em and there-
fore tends to smooth out the response. 

The interested experimenter can cal-
culate the actual response of the net-
work shown in Fig. 9 on the basis that 
it is not a truly terminated low-pass 
filter section, since a resistance such as 
r'lt is but a nominal match over the pass 

Md Ad 

r-v Ah 

R em Cem C. " 0 _h 

Fig. 9. Conversion of Fig. 8 circuit 
to pi-section equivalent. 

band, and is a considerable mismatch 
near the cutoff frequency, where the 
termination should approach zero. He 
can also calculate the response for his 
actual speaker and amplifier output 
stage, in order to see directly the effect 
of varying, for example, the electrical 
circuit constants. 

Conclusion 
A method of coordinating the mo-

tional impedance of a loudspeaker with 
the electrical impedance has been pre-
sented here with the object of reducing 
"hangover" effects and objectionable 
transients in general at the low-fre-
quency resonance of the speaker. 

An experimental method has also 
been presented to enable the necessary 
measurements to be made in order that 
the correct source impedance be ob-
tained for critical damping of the sys
tem. The method requires merely an 
audio oscillator, an a-c voltmeter and 
an a-c ammeter in order to determine 
the impedance over a range of frequen-
cies. From the shape of the impedance 
curve the Q of the system can be deter-
mined, and from the value of voice coil 
and motional impcdance at resonance, 
the requisite source resistance for crit-
ical damping can be calculated. 

An alternative method based on vi.ew-
ing the electrical constants from the 
mechanical side was then presented, and 
it was shown that this method led to the 
same answers as above. Finally, it was 

The cutoff frequency is given by 

If twice the mass (2Ma) were employed 
and another compliance C" placed at the 
left end, a 1T-section filter would be ob
tained, to which Eqs. (35) and (36) 
would apply equally well. In short, the 
same cutoff frequency can be obtained 
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Fig. 7. Physical arrangement of me· 
chanical elements of a high
frequency horn and unit. 

for double the mass, if a compliance is 
?laced at the other end of it. 

If only the mass is doubled, then the 
cutoff frequency ,is reduced to 70.7 per 
cent of its original value, as is evident 
by substituting 2Md for M", in Eq. (36). 
(The corresponding changes in r'lI are 
not of importance as they involve merely 
a change in the ratio of Ad to All' 

For a given high-frequency cutoff and 
power-handling ability of the speaker, 
the diaphragm mass M a comes out to 
be a certain amount. If M", can be kept 
the same, and yet a compliance placed 
at the front end, the high-frequency cut-
off can be extended to \/2 or 1.414 times 
its original value without altering the 
speaker's power handling ability. Hence 
it is of interest to see how this can be 
done. 

At the higher audio frequencies, the 
output transformer appears at its sec
ondary terminals essentially as a series 
inductance LL (its leakage inductance). 
The power amplifier tubes, as reflected 
to the secondary of the transformer ap.
pear as a resistance Ra in series with 
LL' To this must be added the voice coil 
resistance Rvc and its inductance L�o in 
series with Ra and 'LL' Hence finally 
the electrical current appears as 

where 

and 

Figure 5 and Eq. (30) show how 
these appear in the mechanical circuit. 
The mechanical impedance Zm is in this 
case illustrated by Fig. 8, so that finally 
in Fig. 9 is given the complete mechan
ical circuit including the equivalent elec
trical circuit parameters. 

Here, in accordance with Eq. (29) 

Fig. 8. Mechanical circuit of high 
frequency speaker. 

and this should match r'1I for maximum 
power transfer, or 

Re"" (Bl)2x1o-9jr',. (38) 

from which the apparent source im
pedance should equal 

(Bl)2 x 10-9 
RG=R.-Rvc= , -Rvc (39} r 11 

The apparent mechanical compliance 
equivalent to -the electrical inductance 
is indicated by Eqs. (28) and (30), 
namely: 

However, in order to convert the 
L-section mechanical low-pass filter of 
Fig. 8 into the 1T-section low-pass filter 
of Fig. 9, it is necessary that 

C C 
L. 

em = a = (Bl)2 X 10-9 (41) 

If such coordination in electrical and 
mechanical design be accomplished, a 41 
per cent increase in frequency response 
may be expected over the case of no 
electrical inductance at all. Of course, 
in actual practice the electrical system 
inherently has inductance and resist
ance so that the "building-out" of the 
L-section into a 1l'-section tends to take 
place; all that it is desired to point out 
here is that the electrical and mechanical 
circuit elements can be coordinated so 
as to improve the performance rather 
than to have a haphazard relationship 
to one another, and that furthermore, 
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electrical inductance is not necessarily 
an undesirable characteristic in the out
put stage, but can -serve a useful purpose. 

Undoubtedly, in most systems the in
ductance - particularly that of the voice 
coil itself - is too high and produces a 
Com in excess of Ca. Also, R.m may be 
too low compared to r'1I because of ex
cessive electrical resistance Ra + Rvc. 
However, this serves to counterbalance 
an excessive value for C em and there
fore tends to smooth out the response. 

The interested experimenter can cal
culate the actual response of the net
work shown in Fig. 9 on the basis that 
it is not a truly terminated low-pass 
filter section, since a resistance such as 
r'lt is but a nominal match over the pass 
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r-v Ah 

R em Com C. " 0 _h 

Fig. 9. Conversion of Fig. 8 circuit 
to pi-section equivalent. 

band, and is a considerable mismatch 
near the cutoff frequency, where the 
termination should approach zero. He 
can also calculate the response for his 
actual speaker and amplifier output 
stage, in order to see directly the effect 
of varying, for example, the electrical 
circuit constants. 

Conclusion 
A method of coordinating the mo

tional impedance of a loudspeaker with 
the electrical impedance has been pre
sented here with the object of reducing 
"hangover" effects and objectionable 
transients in general at the low-fre
quency resonance of the speaker. 

An experimental method has also 
been presented to enable the necessary 
measurements to be made in order that 
the correct source impedance be ob
tained for critical damping of the sys
tem. The method requires merely an 
audio oscillator, an a-c voltmeter and 
an a-c ammeter in order to determine 
the impedance over a range of frequen
cies. From the shape of the impedance 
curve the Q of the system can be deter
mined, and from the value of voice coil 
and motional impcdance at resonance, 
the requisite source resistance for crit
ical damping can be calculated. 

An alternative method based on vi.ew
ing the electrical constants from the 
mechanical side was then presented, and 
it was shown that this method led to the 
same answers as above. Finally, it was 



shown by this method how inductance 
and even resistance in the electrical 
system could be put to use to obtain a 
coordinated system in the case of a high-
frequency loudspeaker. 
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shown by this method how inductance 
and even resistance in the electrical 
system could be put to use to obtain a 
coordinated system in the case of a high
frequency loudspeaker. 
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ACOUSTIC DAMPING FOR LOUDSPEAKERS* 

Benjamin B. Bauer 
Vice-president & Chief Engineer 

Shure Brothers, Inc. 
Chicago 10, Illinois, USA 

The fundamental resonance of lounspeakers is recognized by many as a 
s,?urce of annoyance.· Usually this resonance can be dampe'd electrically 
by sui table selection of the amplifier impedance .(1) What is less well-
known is that damping can also be achieved by acoustical means incorporated 
into the loudspeaker or the enclosure. This paper deals with the theory 
and methods for providing 6.coustic damping. 

Electrical damping requires the use of a low impedance amplifier. When 
this type of source is not available, and in the absence of ot�er damping 
means, performance of the system may be seriously impaired. For example, . 

a typical home radio or record player has a pentode output stage without 
inverse feedback. This type of output stage is known to provide a source 
of hi3h imredance. L loudspeaker driven from this source vill exhibit 
a resonant condition which may cause poor transient response or "hane-over" 
and it may be responsible for the acoustic feedback in record players. 
Acoustic damping may be found helpful in this instance. 

Another use for acoustic dampinz will be found in the design of high
fidelity systems, where frequent attempts are made to improve damping 
by lowering the amplifier impedance to a value approaching zero. There 
is a limit to the amount of damping which may be obtained in this manner.(2,3) 
Furthermore, electrical damping per se is not very effective in eliminating 
the resonance in cabinets with reflex ports. Acoustic damping can readily 
provide such additional damping as may be required� 

Much effort and circuitry has been devoted to attempts to obtain damping 
from the electrical side. By contrast, the use of acoustic damping has 
been given little att�ntion. In this paper we outline a simplified 
theory of acoustic damping' for loudspeakers and enclosures. To proviae 
a rational basis for the design of acoustic damping the acoustic constants 
of the loudspeaker and the enclosure must be known. Thence, an equivalent 
electrical circuit can be set up and the damping resistance may be 
determined experimentally by adjusting the electrical circuit constants. 
Keeping this approach in mind, first we derive the resonant frequency 
e�uations of a loudspeaker in a flet baffle and in an enclosure. Next, 
from these two equations we determine the acoustic mass and compliance of 
the loudspeaker cone. Thirdly, we set up an eqUivalent electrical circuit 
and determine the required damping resistance. And finally we build the 
acoustic damping into the enclosure and test its acoustic performance. 

*Presented at the Southwestern IRE Conference, February 7, 1953, in San 
Antonio, Texas. Demonstration of transient response damping was 

presented at the Chicago Section IRE meeting September, 1952. 
Manuscript received February 9. 
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Fig.5. Experimental loudspeaker system demonstrating acoustic damping. 

A 

RA B 1400 
(.070) 

A 

LA 
.038H 
(.019mH) 

15!.1F ·3H 
(31 x 103!.1F) (.147mH) 

CAB 
10!.lF 
(20.4 x 103 !.IF) 

100 

RAP 
4000 
(.20) 

Scope 

{]c Stro
botac 

Fig. 6. Equivalent circuit of experimental loudspeaker system. Values in ( )  are acoustical 

values. Electrical values for resistance and inductance are acousticals times 2,000, capacitance 

values are acousticals times 112,000. The GenRad 1531 Strobotac is used as a pulse generator. 
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V'-
(a) (b) (c) 

Fig. 7. Transients obtained with equivalent 

circuit of Fig. 6. 
( a) simulating open box 

(b) simulating closed box 

( c) simulating damped box 

C9 � ____ � 
__ +o
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�==9 
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Fig. 8. Schematic arrangement for studying 

acoustical transients. 
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(a) (b) 

Fig. 9. Transients obtained by 

acoustic measurements: 

(a) open box 

(b) closed box 

(c) damped box 

(c) 
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I 

r-
(a) (b) 

Fig. 10. Transients obtained by 

acoustic measurements: 

(a) closed box w/electric damping 

(b) acoustically damped box 

w/electric damping 

Fig. 11. Setup for frequency response measurements 
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Fig. 12. Frequency responses: 

(a) dashed line - open 

(b) dotted line - closed 

(c) solid line - damped 

500 1K 50 100 200 

Hz 

500 1K 

Fig. 13. Response of acoustically damped loud

speaker as a function of source impedance: 

(a) solid line - high source Z 

(b) dashed line - low source Z 



PART 1 
THE AMPLIFIER DAMPING FACTOR

AND ITS APPLICATION TO
SPEAKER PERFORMANCE

I
N AUDIO REPRODUCTION, a subject of consider-
able importance to the high-fidelity enthusiast is

amplifier damping factor and its effects on speaker
operation. Misconceptions have arisen concerning
this subject, and vague and incomplete answers have
too often been given to the many questions involved. 

Are the high damping factors found in present
high-fidelity amplifiers by-products of high-feed-
back circuits and, as such, unimportant in the oper-
ation of the system? Or is the ultimate, as some
loudly proclaim, to have the highest possible damp-
ing factor built into the amplifier? Why does a par-
ticular speaker sound better with amplifier A than
with amplifier B, although both show identical fre-
quency response and power capabilities under
bench checks? Why does that $2.00 speaker with the
6-ounce magnet (inefficiency and distortion
included) seem in some cases to have more bass
than the high-fidelity unit with the 5-pound magnet?
Why is it that one enthusiast found reproduction
more pleasing when he used a little current feed-
back from the output circuit yet another didn't
when using the same circuitry? 

Some simple laboratory experiments and
straightforward analysis can answer these questions
and clear the air.

SPEAKER MECHANICS
The speaker can be considered, for the moment,

a purely mechanical device. As such, the cone with
its inherent mass and the cone suspension with its
compliance or stiffness make up a resonant system.
Some mechanical damping is present but such a
slight amount that the system can be considered
highly underdamped —if the cone is displaced and
then released, it oscillates about its normal resting
position for several cycles at its natural resonant fre-
quency. This oscillation decreases in amplitude and
finally reaches a state of rest due to the small
amount of damping.

If this underdamped speaker is driven by a volt-
age source having a very high internal impedance so
as to maintain the underdamped condition, the cone
will vibrate at a greater amplitude at frequencies close

Missing Link in Speaker Operation
Parts 1 & 2

by D. J. Tomcik—Chief Electronics Engineer, Electro-Voice, Inc. 

to its natural resonance. (This action is similar to
pushing a swing or pendulum “in time” with its nat-
ural period so as to obtain large amplitudes.) The fre-
quency-response curve of the speaker under these
conditions will show a peaked output near cone reso-
nance, usually between 30 and 80Hz. Operation in
this manner produces high transient distortion and is
undesirable in high-fidelity systems. This can be
shown by pressing and then releasing the cone. The
oscillation which results is all distortion, since the
cone does not follow the applied square waveform of
depressing and releasing it.

THE SPEAKER AS A TRANSDUCER
To reduce the transient distortion as well as the

peaked bass response, it is necessary only to damp
the cone. If the speaker were purely a mechanical
device this would be difficult. But since it is an
electromechanical transducer, damping is obtained
easily. In analyzing the electrical portion of the
speaker we find a coil of wire wound around a form
and attached to the cone. The coil is placed in a mag-
netic field and in this way constitutes a simple motor
or generator.

If a voltage is applied to the coil, it moves in the
magnetic field which in turn moves the cone. If the
cone is mechanically moved, the motion of the coil
in the magnetic field generates a voltage in the coil.
From this it can be seen that cone damping can be
obtained by using the magnetic braking action pre-
sent when the coil terminals are externally closed
through a resistance. The motion of the cone in try-
ing to oscillate generates a voltage in the coil. This
voltage produces a current flow through the coil and
external resistance. The current flow tries to move
the cone by motor action, but opposite in direction
to the motion producing the current. Therefore the
cone is damped in its free motion. 

For a given speaker, the amount of damping can
be varied by changing the value of the external resis-
tance and consequently the value of the braking cur-
rent. There is one value of damping at which the
cone returns to rest in the quickest possible time
without going past the rest position. This condition
is called the critically damped state. Transient dis-
tortion is greatly reduced and the low-frequency
response is more nearly uniform. 

Excessive damping returns the cone slowly to its
rest position. If the speaker is driven by a voltage
source with very low internal resistance, the low-fre-
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quency response lacks intensity. (The action now is
similar to pushing a pendulum while it is sub-
merged in grease or heavy oil.) 

Fig. 1 shows the extent to which a speaker’s out-
put is affected by various damping values. Actual
speaker performance is shown for overdamped, crit-
ically damped and underdamped conditions. To
obtain these curves, the amplifier driving the
speaker had means for varying its internal resis-
tance. The method for accomplishing this will be
discussed later.

SPEAKER-DAMPING VARIABLES
The easiest method for determining these fac-

tors as well as their effect on the damping action is
to resort again to the magnetic brake. First, we know
that the induced voltage in the coil is directly related
to the amount of flux cut by the coil. Therefore a
larger magnet or smaller gap volume will induce a
higher voltage. As a result, a larger external resis-
tance is needed to limit the current so that the
desired braking action is retained. 

Second, the amount of induced voltage is
directly related to the length of conductor cutting
the magnetic field. Since both the coil diameter and
the number of turns are directly proportional to the
length of wire, we may conclude that these factors
also enter into the determination of the critical
damping resistance (RCD). 

Third, the RCD is made up of two components.
The d.c. coil resistance as well as the external resis-
tance limits the amount of braking current. So the
RCD is the sum of the coil resistance and the external,
or amplifier, resistance. Conditions might exist, and
they surely do, where the d.c. coil resistance of a given
speaker itself is greater than the resistance necessary
to critically damp the cone. Nothing can be done
externally to remedy this situation short of using a
negative resistance amplifier output impedance. 

The fourth factor, which is a little more difficult
to explain without mathematical illustration, is the
effect of the cone mass and suspension stiffness on
the value of the RCD. It is logical that to stop a heav-
ier cone from moving in a given time, a greater force
in opposition to the motion is required. To increase
the opposing force, it is necessary to have a larger
braking current, obtainable by lowering the circuit
resistance. Also, the stiffer suspension, when dis-
placed, possesses a greater restoring force. The ten-
dency for the cone to overshoot its rest position is
increased. Therefore, the damping force necessary
to overcome this restoring force must be increased
proportionately and can be obtained by again
decreasing circuit resistance. It must be remem-
bered that the effective mass and stiffness of a
speaker are dependent to some extent on the type of

enclosure in which the speaker is housed. 
To summarize, the factors that determine the

RCD can be mathematically expressed as follows: 

where RCD is the critical damping resistance; B,
flux density; l, length of conductor in the magnetic
field; k, effective stiffness; M, effective mass, and C is
a constant. 

This formula is not given to encourage experi-
mental calculations—the test equipment necessary
is far beyond the means of the average audio enthu-
siast. Rather, it is used to indicate the relationship of
the various factors in determining the critical damp-
ing resistance.

EXPERIMENTAL RESULTS
Figs. 2, 3 and 4 show actual response curves of

three speakers for various values of damping resis-
tance. Infinite baffles were used in obtaining all
curves. The speaker whose curves are shown in Fig.
2 is an inexpensive unit with a 6.8-ounce magnet and
1-inch coil diameter. By referring to the equation we
can expect the RCD to be low because of the low val-
ues of B and l. The curves bear this out since both
show the speaker in an underdamped condition. The
d.c. coil resistance of this speaker is greater than the
RCD and, even though the amplifier resistance is 0.5
ohm for the lower curve, the speaker is still under-
damped. Fig. 3 shows curves for a high-fidelity 12-
inch speaker with a 3-pound magnet and a 21⁄2-inch
voice-coil diameter. As expected, the RCD is much
higher than in the first case. The overdamped, criti-
cally damped and underdamped curves show plainly
that the smoothest response occurs when the
speaker is critically damped. Fig. 4 indicates that this
15-inch speaker with a 5-pound magnet and large
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Fig. 1. The effect on frequency response of various values of
damping
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2,5"  VC dia., RCD - 52Ω , DCR - 12Ω

1 - Res - 170Ω
2 - Res - RCD = 28Ω
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ohm tap! The increase in efficiency by operating this
speaker critically damped instead of overdamped is
9dB or 8 times the acoustic power output.

CONCLUSION
To return to our questions in the early part of

this article, let us now see how many can be
answered. High damping factors should not be con-
sidered by-products of inverse feedback, but should
be controlled. They play a very important part in the
reproducing chain. Neither should an amplifier be
designed with very high damping factors only. A
good high-fidelity amplifier demands that the damp-
ing factor be variable within wide limits. It is impor-
tant not only to present the correct load impedance
to the amplifier, but also to present the correct load
impedance to the speaker. These two load values are
seldom the same. The means of true amplifier-to-
speaker matching is obtained with the aid of correct
amplifier damping factor selection. The answer to
the question of why amplifier A works better than
amplifier B with a given speaker is that the damping
factor of amplifier A more nearly critically damped
the speaker than did amplifier B. During the bench
test with resistive loads, the two performed in an
identical manner. With the variable load of the
speaker, the operation was entirely different. The
inexpensive speaker seemed to have more bass than
the high-fidelity unit because it was working in an
underdamped condition, even with a high amplifier
damping factor, whereas the hi-fi speaker was heav-
ily overdamped. And finally, the man who improved
his speaker performance with current feedback was
merely altering his amplifier damping factor to suit
his speaker combination. Your speaker, being
entirely different, did not perform with that particu-
lar value of damping as it would with critical damp-
ing. It’s all as simple as that. 

From the foregoing we see that speakers vary
greatly in their requirements of source impedances
to critically damp the cone and achieve optimum
speaker performance. It also has been conclusively
shown with laboratory curves that best speaker per-
formance occurs with critical damping. No one value
of amplifier internal impedance can satisfactorily
match all speakers and enclosures. The missing link
has been found in critically damping the speaker.
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Fig. 2.  Frequency response curves for an inexpensive speaker
with different values of “damping resistance.”

Fig. 3.  Frequency response curves for a hi-fi speaker speaker with
different values of “damping resistance.”

Fig. 4.  Frequency response curves for a 15” speaker with different
values of “damping resistance.”

voice coil has still a higher RCD. The overdamped
curve, No. 3, shows what can be expected from the
speaker when the amplifier damping factor is 10 or
greater, commonly considered to be the criterion of a
good high-fidelity amplifier. However, to obtain criti-
cal damping with this particular speaker, the ampli-
fier damping factor had to be adjusted to a value of
0.4—an internal resistance of 40 ohms on the 16-



circuit for all can be considered to be the same as
that in Fig. 1. To measure the damping factor of any
amplifier it is necessary only to measure the output
voltage under no-load and rated-load conditions.
The formula for damping factor then becomes:

where ERL = rated-load voltage and ENL = no-
load voltage.

From this formula we see that the damping factor
is also a measure of the output regulation—how far
the output varies from a constant-voltage source with
changes in load. Amplifiers with high damping factors
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PART 2 
OBTAINING VARIABLE DAMPING FACTORS
IN AMPLIFIERS; DETERMINING CRITICAL

DAMPING FACTORS

P
ART 1 OF THIS ARTICLE (December, 1954) dis-
cussed the effects of various damping factors on

the operation of cone type speakers, particularly in
the region of cone resonance. It was determined that
a given speaker performs best only when critically
damped. The matched reproducing system therefore
requires the speaker as well as the amplifier be termi-
nated in their proper loads. The amplifier is matched
over the greater portion of the frequency spectrum by
proper design, so the speaker should be matched to
its desired load by proper amplifier design.

As was shown, the proper speaker load for criti-
cal damping is the numerical difference between the
critical damping resistance (RCD) and the d.c. resis-
tance of the voice coil. This value should be equal to
the amplifier internal impedance. Of course, the
speaker can be critically damped by using an ampli-
fier of very low internal impedance and putting a
fixed resistor in series with the speaker. However, this
method results in a power loss in the resistor which
may be much greater than that supplied to the
speaker. The correct and efficient method of match-
ing is by controlling the amplifier internal imped-
ance, which does not absorb power. (The amplifier
nominal impedance should not be confused with the
amplifier internal impedance. The nominal imped-
ance, 4, 8 or 16 ohms, is what the amplifier should
work into whereas the amplifier internal impedance
refers to regulation, as explained later in this article.
The two values are seldom the same.)

DAMPING FACTOR
To simplify matters and eliminate the variable of

nominal impedance, the term amplifier damping
factor is often used. The damping factor is equal to
the nominal impedance divided by the internal resis-
tance of the amplifier. For example, an amplifier
whose internal resistance on the 16-ohm tap is 8
ohms has a damping factor of 2. 

For a given speaker there is one value of internal
resistance and consequently one value of damping
factor which results in critical damping. This value
can be called the critical damping factor (CDF). 

To visualize the damping factor concept better,
consider the amplifier output terminals a voltage
source with zero impedance in series with a resistor
equal in value to the internal impedance. Fig. 1
shows this arrangement with the proper amplifier
load. The amplifier may be push-pull, cathode fol-
lower, or any other type, since the equivalent output
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Fig. 1. Equivalent output circuit.

Fig. 2.  Schematic of  the equivalent plate circuit
            of  the output  stage.

Fig. 3. Circuit using variable feedback.

Fig. 4. Circuit for determining CDF.
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act more like constant-voltage sources than those with
lower damping factors. Conversely, amplifiers with
low damping factors act more like constant-current
sources than those with higher damping factors.
Hence a means is provided to vary the damping factor
simply by controlling the regulation. This is easily
done by using feedback in the circuit to obtain more
or less constant-voltage or constant-current ampli-
fiers. But, first, what damping factor requirements are
necessary in a really good high-fidelity amplifier? 

We have seen in Part I that all speakers classed as
high-fidelity units require positive values of amplifier
resistance for critical damping. Only inefficient
speakers in the very low price range require negative
resistances. It is possible to obtain negative-resis-
tance characteristics from an amplifier by using posi-
tive feedback. But since the speaker that requires this
type of damping is mediocre at best, and since posi-
tive feedback may result instability and increased dis-
tortion, negative-resistance amplifiers are unneces-
sary in the present state of the reproducing art. 

The highest practical damping factor is approxi-
mately 10 to 15. Since the d.c. coil resistance of a
speaker generally makes up more than 75% of the
total nominal impedance, amplifier damping factors
greater than 10 or so have no appreciable effect on
speaker damping. For example, a 16-ohm speaker
with a 12-ohm d.c. coil will have a total series resis-
tance of 13.6 ohms with a damping factor of 10, and
a total series resistance of 12.4 ohms with a damping

factor of 40. The difference
in frequency response is not
noticeable to the ear and
hardly measurable. 

The lowest damping fac-
tors found in today’s high-
fidelity speakers range from
around 0.3 or 0.4. A good
low limit for amplifier design
would be 0.1 or 160 ohms on
the 16-ohm tap. 

We have now established
the limits to be between 0.1
and 15 to cover amply the
range in modern-day speak-
ers. The damping control
should be calibrated directly
in damping factor or internal
resistance to simplify adjust-
ment to a given speaker.

OTHER CONSIDER-
ATIONS…
A good high-fidelity

amplifier should also have a
constant sensitivity with

rated load applied, as the damping factor is varied.
This results in a constant negative feedback which
maintains the distortion and hum figures at constant
low levels. In addition, the damping-factor control
system should not be frequency-discriminating. Fre-
quency discrimination will affect sensitivity more at
some frequencies than at others and produce an
undesirable tone-control action in the system. 

An effect which might be noticed in a non-fre-
quency-discriminating system is that of high fre-
quency accentuation at low damping-factor values
where a single wide-range speaker is used. This
high-frequency boost is caused by the speaker
inductive reactance becoming appreciable and
affecting the gain of the amplifier at high frequen-
cies. The effect is not present in multiple-speaker
systems since the reproducing components are
designed to present the nominal impedance over
their working range of frequencies and are then cut
off by the crossover network above their range.
However, in a single-speaker system, the several
decibels of treble boost are not serious and probably
complement the high-end speaker roll-off due to the
single-cone operation. In any event, if desired, the
treble control can nullify this effect.

AMPLIFIER DESIGN
With the requirements mentioned, we can proceed to

design the output circuit of the amplifier, remembering the
criterion that negative voltage feedback lowers the internal

Highly undamped Nearly critically damped Critically damped
Drive unit mounted in a bass reflex enclosure

Highly undamped Nearly critically damped Critically damped

Drive unit mounted on an infinite baffle
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Fig. 5.  Three time responses for differing values of damping. The upper traces were taken with
the drive unit mounted on an “infinite baffle” while the lower ones were taken with the unit mounted
in a bass reflex enclosure.



resistance while negative current feedback raises the resis-
tance. We will probably want to settle on some minimum
value of negative feedback to take care of the frequency
response, distortion and hum. This usually falls between
15 and 20dB of loop feedback. It may turn out that we will
need more than this minimum value, depending on the
circuit and particular constants used. 

The circuit is first considered without loop feed-
back so as to determine the starting-point damping fac-
tor. The equivalent circuit shown in Fig. 2 applies to all
types of circuits as long as rp is considered the effective
plate resistance and RL the load impedance referred to
the primary of the output transformer. For example,
the damping factor for push-pull 6V6’s pentode-con-
nected, with rp = 64,000 ohms and RL = 8,000 ohms, is:

without loop feedback. To obtain the high damp-
ing factor of 10, negative voltage feedback is used
around the loop until that value is obtained, say
18dB. Then if 9dB of negative current feedback is
added while 9dB of negative voltage feedback is
removed, the total negative feedback remains at
18dB; but the damping factor is now 0.125 as with
no feedback. However, the sensitivity, frequency
response, distortion and hum remain constant. This
amplifier covers approximately the desired range of
damping factors while the set requirements are
maintained. The design procedure is applicable to
all types of amplifiers, the only difference being the
initial value of damping factor with no loop feed-
back. The value of rp will vary greatly with the type
of circuit. A cathode-follower output stage results in
a very low value of rp, approximately equal to the
reciprocal of the transconductance. Generally, pen-
todes in push-pull have high values. Triodes fall in
between pentodes and cathode-followers. The ultra-
linear circuit is a combination midway between pen-
tode and triode operation. The Electro-Voice Wig-
gin’s Circlotron circuit using two 6V6s in a bridge
arrangement results in an rp equal to 2kΩ and an RL
equal also to 2kΩ. Under these conditions, no loop
feedback or equal voltage and current feedback
results in a damping factor of 1. Over-all negative
voltage feedback increases the damping factor to
values greater than 1, and over-all negative current
feedback to values less than 1. 

Fig. 3 shows an arrangement in which the cur-
rent and voltage feedback can be varied in any
amount while the total feedback remains a constant.
Resistor Rc permits maximum desired current feed-
back when it is fully in the circuit. The value of Rvf is
such that the total required voltage feedback is
obtained when the slider of Rv is at the cath-
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ode position. The ratio of Rv to Rk is chosen so that
the voltage feedback is equal in value to the maxi-
mum current feedback when the movable arm of Rv
is at the Rk end. The two potentiometers are ganged
in such a way that an increase in voltage feedback
causes a decrease in current feedback. 

DETERMINATION OF CDF
With the Fig. 3 circuit arrangement it is possible

to obtain various damping factors by the turn of a
knob. It is now necessary only to determine the CDF
of the speaker to be used and then adjust the ampli-
fier damping factor to that value. 

The Electro-Voice line of high-fidelity speakers
includes the CDF value in their specifications. For
those who would like to determine the CDF of their
present speaker system, the equipment needed
includes an oscilloscope, a calibrated variable resis-
tance of about 50 ohms maximum, a flashlight bat-
tery, a momentary pushbutton switch, a 0.5-µf
capacitor, a type 1N34 germanium diode and a
100kΩ resistor. The components are arranged as in
Fig. 4. Carefully observe the polarity of the flashlight
cell and the 1N34. Mount the speaker under test in
its permanent enclosure since the baffle has some
influence on the CDF value. The amount of coupling
between the speaker cone and enclosure is not very
great. The cabinet resonances will not be apprecia-
bly affected by changing damping on the speaker,
but the enclosure does contribute to the effective
mass and stiffness of the speaker, which directly
affects the value of CDF. 

The circuit of Fig. 4 operates as follows. When the
switch is closed, the speaker cone is displaced due to
the current flowing through the voice coil. The switch
is then opened and the cone returns to the rest posi-
tion. The voltage it generates in so doing is observed
on the oscilloscope. The external resistance shunting
the speaker is adjusted so that the scope trace indi-
cates critical damping. This value of resistance is then
equal to the necessary amplifier resistance to criti-
cally damp the cone. Thus the CDF is determined.
The capacitor and 100kΩ resistor act as a filter to sta-
bilize the scope trace when the switch is repeatedly
opened and closed. If they weren’t included, the trace
would bob up and down on the screen, making obser-
vation almost impossible. 

This effect is due to the slow charge and discharge
of the input capacitor of the oscilloscope. The 1N34
diode shorts out the positive voltage surge when the
switch is closed so that only the motion of the cone on
opening the switch is analyzed on the scope. 

In performing the test, start with the variable resis-
tance high so the speaker is underdamped. Decrease
resistance slowly until critical damping is obtained. In
so doing, the point where the second and succeeding
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cycles just barely disappear is more easily seen.
Approaching critical damping from the overdamped
state is more difficult to observe. The switch should be
continuously operated several times a second and the
horizontal sweep adjusted to a low sweep rate. 

The upper curves in Fig. 5 show the traces
obtained for a speaker in an infinite baffle for the
underdamped and critically damped states. Notice
the absence of any second cycle when critically
damped. In the lower curves of Fig. 5, the speaker was
mounted in a very large bass-reflex box. Notice how
the enclosure resonance remains even after the
speaker is critically damped. In small bass-reflex
enclosures, the resonant frequency of the port is close
to the cone resonance and does not show distinctly on
the curve. In this case, the patterns appear as in Fig.
5a. The point of critical damping is reached when the
second full cycle is just barely eliminated in all cases.
The wave form for a slightly overdamped condition
looks the same as that for the critical damping, the
only difference being an amplitude decrease in the
overdamped wave.

CONCLUSION
The CDF of any speaker can now be obtained

and the amplifier matched to give optimum perfor-
mance. Errors of ± 50 % in CDF do not appreciably
change the performance of the speaker, so it is
unnecessary to determine the needed amplifier resis-
tance down to the last ohm. In fact, the point at
which critical damping occurs will be rather broad
when the above procedure is followed.

However, great mismatch can result in a very
appreciable loss of bass power—as much as eight or
nine times. It is therefore worth the time and effort to
determine the CDF and match the speaker-amplifier
combination. You will have the satisfaction of know-
ing that the components are performing at their best
and in this way providing more listening pleasure.

Reprinted with permission. Radio Electronics,
December 1954 and January 1955. 

Gernsback Publications, Incorporated.    
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Damping for Lou dspeakers: 

Acoustical and Electromagnetic 
By F. Langford-Smith and A. R. Chester man. 

The most prominent resonance displayed by a 
loudspeaker is the bass resonance which, if lightly 
damped, is most objectionable, givin'g rise to "one 
nOte bass", "hang-over", and poor transient response. 
For any set of conditions and for any one listener, 
there is an optimum amount of damping, to give 
the most pleasing results. It is important to remem
ber that the amount of damping has only a small 
effect outside the region of the bass resOnant fre
quency. Taking a typical case with a bass resonant 
frequency as 85 c/s, the effects of damping would 
be small above 150 c/s. 

Introduction to damping 

Loudspeakers have some damping inherent in the 
speaker, but all additional damping to meet the 
requirements of good musical reproduction must 
come from external electro-magnetic or acoustical 
damping, or both. Most modern amplifiers and 
radio receivers use negative voltage feedback to 
give a low Output resistance, that is, a high "damping 
factor" . Damping factor is defined as RdRoJ where 
RI. is the nominal load impedance and Ro is the 
amplifier Output resistance. High fidelity amplifiers 
are sometimes advertised as having very high damp
ing factors. E.g. 45, or in another case infinity. 
This term "damping factor" is quite misleading, 
since the damping is in no way proportional to 
the damping factor. The writers prefer to express 
this in the alternative inverse form where the output 
resistance is given as a fraction or percentage of the 
load resistance (Ref. 1). Thus an Output resistance 
of zero (corresponding to a "damping factor'� of 
infinity) gives a more accurate impression, particu
larly the non-technical person. However, the use of 
the term "Damping Factor" is so strongly entrenched 
that it cannOt be displaced, and it will therefore 
be used in this article. 

The effects of damping are shown by the equiva
lent circuit of. Fig. 1 (Ref. 2). This may be applied 
to an infinite flat baffle merely by short-circuiting 
Cc. It will be seen that this is a series resonant 
circuit, with an applied voltage Es across RJ Land 
C in series. The Q of the circuit is given by 

2rrf LII 

Q 
Rs + R" 

(1) 

and the acoustical output of the loudspeaker IS 

proportional to ELU• 

B: 
Now Rs er:: at low frequency (2) 

Ro + RI,c 

where B flux density in gap 
Ro output resistance of amplifier referred 

to the voice coil circuit 
and RI,c = resistance of voice coil. 

Two important facts are shown by eqn. (2). 
The first is that, so long as Ro is positive, the damp
ing is limited by RI'cJ and changing Ro from 10 to 
one-tenth of' Rvc to zero (i.e. changing damping 
factor from 10 to infinity) only effects the damping 
resistance by 10%. The damping can only be truly 
infinite if Ro is made negative-ways of accomplish
ing this result will be described later in this article. 

The second important fact shown by eqn. (2) is 
that Rs is directly proportional to the square of the 
flux density and inversely proportional to Ro + 
Rvc. Loudspeakers with low flux density may have 
insufficient damping even when Ro is. made zero, 
whereas those with high flux density may be toO 
heavily damped when Ro is zero. ·It is thus quite 
obvious that it is impracticable to select any value 
of "damping factor" which will give optimum re· 
suIts with any loudspeaker. 
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Fig. 1. Equivalent electrical circuit 0 f loud
speaker in enclosed cabinet at low frequencies. 
RDH Fig. 20.11. 

Effect on frequency response 

Varying the damping on a loudspeaker has a 
second, and very important, effect which is not 
always fully realized. Its effect on frequency re
sponse is shown in Fig. 2 for a particular case with 
a totally enclosed cabinet. A similar effect occurs 
with a flat baffle, but the curves show that values 
of Q below about 1 result in bass attenuation. There 
are two common practices to meet this difficulty. 
The first is to maintain the loudspeaker Q about 1, 
or slightly over, to avoid the attenuation. The 
second is to accept the bass attenuation as a price 

Fig. 2. Theoretical response of enclosed cabinet 
loudspeaker for various values of damping re
sistance R... Resonance frequency 45 c/s. 
RDH Fig. 20.12. 

+ 15 1 

to pay for high damping, and to make it good by 
adding bass boosting - about 7 db at the bass 
resonant frequency. There is absolutely no point 
in reducing Q below 0.5, the value to give critical 
damping. 

Damping controls 

This introduces the desirability, in high fidelity 
amplifiers, of adding a control to alter the "damp
ing factor". Two methods of achieving this result 
are shown in Figs. 3 and 4. Both use a combina
tion of negative voltage feedback and positive 
current feedback. Although these add further con
trol to the already formidable array on many ampli
fiers, it does serve a useful purpose. Normally it 
would be pre-set to suit a particular loudspeaker 
and listener, and not used as a regular control. 

It has been stated above that loudspeakers with 
low flux density may have insufficient damping 
when R" is made zero. What can be done about 
it? Short of changing the loudspeaker for one with 
higher flux density, there are two possible courses 
- to provide a negative output resistance, or to 
add acoustical dam ping. Both of these methods 
are described in this article. 

Negative output resistance 

A negative output resistance is produced by suffi
cient positive current feedback. This must be 
accompanied by an increased negative voltage feed
back to reduce the harmonic distortion to a desir
able level. Only one such commercial amplifier is 

+10 V: ' 
) 

I I I ( 2 'TT ( LU ) l\.. RS SMALL Q:. R +R = 4·5 \. ., S u 

/ � � I 

V "'1"- , 
""'" 

\ \} '"" I ........ r--

� ",��;...-.... q.,e:, ,.\ 

V O� 
-� 

I'�G� V I ........... ....... 

�Cj,�j,b 
J 0" 

+ 5 

rib 0 

-s 

. .,J V 
V -10 

I 
-IS I i 

30 40 50 60 80 roo 200 lOO 400 500 

Radiotronics April, 1955 

38 



VOLTAGE 
FEEDBACK B+ L.S. 

-

• 

CURRENT 
FEEDBACK 

-

• 

Fig. 3. Damping factor control used in Electra-Voice Amplifie1'S A-20C and A-30 . .  Range 0.1 to 15. 

known at the present time - the Bogen Model 
D030A. The circuit is shown in Fig: 5 (Ref. 3). 
It uses 25 db negative voltage feedback, .with current 
feedback controllable from negative to positive. 
When the switch is closed there" is no positive 
feedback and the amplifier operates normally. When 
the switch is opened, with the damping cont�ol at 
the extreme negative current feedback position, the 
dam ping factor is positive and low ( +  2 ) . As the 
damping control is moved towards the positive end 
the damping factor passes through the' �ormal value 
(i.e. with sw itch closed) and then increases to 
infinity and beyond to high negative values, and 
finally low negative values (-2). The 4 ILF con
denser is used to limit the current feedback to low 
frequencies. 

With such a control the amplifier will oscillate 
if the control is turned too far in the negative 
direction. Care is necessary to a void possible damage 
to the loudspeaker. It is doubtful whether such an 
"unlimited" control will be widely used, but it 
would be of great interest in a laboratory or when 
carefully handled by an expert. 

Radiotronics 

Acoustical damping 

Acoustical dam ping has received scant attention 
in the literature, but it is a very.helpful tool, and, 
as will be shown below, it can be used to reduce 
the peak of "loudspeaker impedance at the bass 
resonant frequency -. being the only known method 
of producing this result without horn loading or 
the vented baffle. The latter does not come within 
the scope of the present article; but it may be 
covered at some future date. 

The present subject is limited to open "back 
cabinets, the back of which may be closed by a 
sheet of expanded metal on which is glued a piece 
of suitable cloth (Fig. 6A): However, the same 
principles may be applied to various forms of 
enclosures. Fig. 6B shows the small enclosure 
attached to a large baffle to increase its low fre
quency response. In C, a totally enclosed cabinet 
is damped by th� small enclosure shown. D is 
similar to C, except that a damped POrt is provided 
for a vented baffle. In E, a port has been added 
to the enclosure A, while F shows an arrangement 
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similar to D, in which both the speaker and the 
POrt derive a measure of damping from a single 
acoustical resistance element. Many other combi
nations are possible. 

A detailed treatment of the subject, both theoreti
cal and experimental, has been made by Bauer (Ref. 
4), and tests were carried Out in our laboratory to 
see whether we could obtain the same results on 
damping, and in particular to measure the electrical 
impedance which Bauer only derived indirectly. 

In general, the acoustical resistance element should. 
have an area somewhat greater than the area of 
the cone, to avoid constriction of the air flow. 

Measurements were made on an enclosure as 
Fig. 6A, with a medium-priced 9 in. X 6 in. ellip
tical speaker (M.S.P.) in an enclosure with internal 
dimensions 14 X 14 X 9 inches deep. The enclosure 
has interchangeable backs, one solid, and the other 
provided with an 1 1  in. diameter hole for mounting 
the acoustical dam ping resistance. 

voice coil impedance 

The impedance was measured under various con
ditions, and the most significant results are tabulated 
below. 

f1 = freque�cy at which impedance is a 
maXImum, 

ratio = ratio between impedance 'at f1 and 
that at 400 cls (= 3.5 ohms). 

B+ 

FEEDBACK 

CURRENT 

FEEDBACK 

-
• 

Condition It ratio 

( 1) 3 ft. square baffle ........... . .  120 4.1 
( 2) Back closed (solid back) .... ... 143 4.7 
(3) No back . '. . . . . . . . . . . . . . . . . . .. 105 3.5 
(4) Open back in  position, n o  cloth . . 100 3.1 
( 5) 1 layer of cloth .. ....... ..... . 95 2.5 
(6) 2 layers of cloth . . . . . . . . .. . . . . . 95 2.1 
( 7) 3 layers of cloth . . . . . . . . . . . . . . . 95 1.8 
(8) 5 layers of cloth " . . . . . . . . . . . . . 95 1.5 
(9) 1 layer of /G in. felt . . . . . . . . . .. 150* 1.4 

*a second peak occurred at 95 eis, with ratio 
also 1.4. 

The cloth used was loosely-woven cotton, 12 thou. 
thick, about the thickness of thin sheeting. The 
thickness of both cloth and felt was measured when 
compressed. 

It will be seen from the table that the imped
ance ratio from 400 cl s to the bass' peak is reduced 
from 4.7 with solid back, or 4. 1 with flat baffle, to 
1.4 in the most extreme case. Even with 3 layers 

of cloth the impedance ratio is reduced to 1.8. This 
is a very important feature with pentode power 
valves, which are very sensitive to an increase in 
load resistance and give high distortion under these 
conditions. Thus acoustical damping not only gives 
the desired damping, but also provides better work
ing conditions for pentode power valves. 

Fig. 7 shows curves of voice coil impedance for 
the various conditions set out in the table. The 
impedance at 400 cls is 3.5 ohms. 

IOK 

LINK 

L.S., 

Fig.- 4. Damping factor control used tn Pye Model PF91 and Pamphonic Model 1002. Range up to infinity. 
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VOLTAGE 

FEEDBACK 

3·3K 

68K 

B+ n--� 
L.S.1611 

0·2711 

2511 

22011 CURRENT ' 
-

-

• 

Frequency response 

The low frequency response curves for three 
conditions are shown in Fig. 8. On a listening 
test curve B seems to be the best compromise. 
Curve A was preferred by some untrained listen
ers, apparently owing to the heavier apparent bass, 
particularly when listening to a certain male singer's 
voice. Curve C suffered from some attenuation in 
the bass, but was preferred to Curve A by twO 
trained listeners. 

Transient response 

The transient response was tested using a Cintel 
pulse generator operating with a pulse 0.3 f'Sec. into 
a large amplifier driving the loudspeaker. A micro
phone was placed 1 foot in front of the loudspeaker 
and its output applied to an oscilloscope. Fig, 9 
shows tracings made on the screen under various 
conditions, The increased dam ping is indicated by 
the decreasing height of the upwards peak imme
diately following the pulse. These results sub
stantially agree with those published by Bauer. 

General remarks 

There is no doubt that acoustical damping is an 
effective and cheap way of getting damping, or 
increased dam ping. It has the valuable additional 
feature of reducing the loudspeaker impedance peak 
at low frequencies. It is therefore particularly 
suitable for use in expensive radio receivers and 
radio gramophones using a pentode Output stage. 
This may be used with an unbypassed cathode re
sistor to give negative current feedback with reduc
tion in distortion, and 'the whole of the damping 
will be provided acoustically. This may necessitate 
somewhat heavier damping cloth than that used 
in the tests above, which were all carried out with a 
low output resistance. 

R adiotronics 

Fig. 5. Damping factor control1tsed in Bogen 
D030A Amplifier. Range from la1/) positive 
th"01tgh infinity to low negative. 

In most practical cases it will be found most con
venient to adjust the thickness of the cloth to give 
the desired low frequency response, leaving the 
damping to look after itself. 

Normally, a material wiU be found which will 
give the desired damping in one thickness. In our 
tests multiple thickness of thin cloth were only 
used as a convenient way of increasing the damping 
by known amounts. 

Measuring voice coil impedance 

When carrying Out tests with acoustical damping, 
it is also advisable ,to measure the impedance of 
the voice coil at the low frequency peak to provide 
a measure of the damping. A very simple approxi
mate test is to use a B.F.O. or other form of low 
frequency oscillator, and to connect it to the voice 
coil through a series resistance of at least 40 times 
the nominal voice coil impedance, and to measure 
the voltage across the voice coil by a rectifier type 
voltmeter. 

' 

All that is necessary for the purpose of this article 
is to measure the maximum value of the imped
ance below 400 c/s. 

The series resistance provides nearly constant 
current, and the voltmeter reading is approximately 
proportional to the voice con impedance. It may 
be calibrated by replacing the voice coil by a 
known resistance. Alternatively the impedance of 
the voice coil at 400 els may be taken as unity, 
and the voltmeter will then read the impedance 
ratio from the low frequency peak to 400 els. 
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A c 

o E F 

Fig. 6. Methods of applying acoustical damping to loudspeakers. After Bauer, Ref. 4. 

L" represents cone mass + effect of radiation 
reactance. 

R" represents radiation resistance ( which 
varies with frequency). 
Note that R" is small compared with other 
impedances in the circuit. 

Cc represents acoustical capacitance of cabinet 
volume. 

e" represents equivalent capacitance of cone 
suspension. 

- Radiotronics 

R.. represents effect of electrical circuit of 
loudspeaker and driving amplifier reflected 
into acoustical circuit. The mechanical 
resistance of the cone suspension may be 
taken as being included with Rs. 

Es constant voltage generator. 

11/ alternating air current produced by 
cone, which is proportional to cone 
velocity. 
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Fig. 8. F1'equency response of lottdspeaker - microphone 1 ft. in /font of speake·l'. (A) on 3 ft. baffle; 
(E) in cabinet with 3 layers of cloth; (C) in cabinet with 1 layer of -Ar in. felt. 

(A) solid back; (E) open back, no cloth; 

(D) 2 laye1'S; (E) 3 laye,l's; 

Fig. 9. Transient responses 
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LOUDSPEAKER ENCLOSURE 
DESIGN By f. j. jORDAN* 

I.-Alternative Methods Their Advantages and Disadvantages 

IN the first part of this article the theory under
lying the principal types of loudspeaker enclosure is 
reviewed, and formulce associated with the major 
design factors are given. 

This will be followed later by a discussion of 
some recent developments in which an improved 
low-frequency performance has been achieved in 
cabinets of relatively small volume. 

THE loudspeaker enclosure has the task of doing 
something (useful or otherwise) with the low
frequency radiation from the rear of the loudspeaker 
cone which would otherwise cancel the radiation 
from the front of the cone. 

Before examining various methods of overcoming 
this, let us establish the principles on which our 
future arguments will be based. 

We shall regard the moving parts of a loudspeaker 
as a mechanical system which at low frequencies 
is analogous to an electrical circuit, as shown in its 
simplest form in Fig. 1. 

The complete analogy is revealed by an examina
tion of the electrical and mech�nical equations viz. 

d2S dS 
Force = M - + R - + SK 

dt2 dl 

d2Q dQ Q 
E.m.f. 

= 
Ldt2 + R 'dt + C 

where M = mass, L = inductance, S = displace
ment, Q = charge, C = capacitance, K = stiffness 
and R = resistance. 

There are, of course, other analogies, but the above 
lends itself more readily to discussions of the pro
posed nature. 

Assume for a moment that the loudspeaker is 
mounted on an infinite baffle. It wdl be seen, 
that the power developed in Ra (Fig. 1) is a 
function of the current through it. Comparing 

the above equations it will be seen that i ( = ��) 
is analogous to the cone velocity v (= �:). Hence 

it is the cone velocity and not the displacement, that 
is responsible directly for the radiated output 
power, v2Ra• 

From this it would seem that, if the radiated power 
is to be independent of frequency, the resistive 

WIRELESS WORLD, JANUARY 1956 

components of the circuit should be high relative 
to the reactive components. This is not so in 
practice, since at frequencies where the wavelength 
is longer than twice the cone diameter the value of 
Ra falls as the frequency is lowered. The reactance 
of Mc also falls however, and the increasing velocity 
resulting from this may largely compensate for the 
fall in Ra to the extent that the radiation remains 
substantially constant, down to a frequency where 

1 wMc - -
C 

-+ O. Here the velocity of the cone 
w c 

rises sharply and is limited only by Rd, Rc and Ra. 
This produces an increase in the radiated power and 
is the resonant frequency of the loudspeaker. 

Below this frequency the impedance of the circuit 
rises as the frequency falls due to the reactance of 
Cc, consequently the radiation falls very sharply. 

The resonant frequency may thus set the limit to 
the low-frequency response of the loudspeaker. 

The above may be shown by considering the 
expression for the radiated power at the frequencies 
being discussed: 

Force 2 2 1fpf2 2 • 

22 
• -- • (1Tr2) , where r 15 

the radius of the cone. 
M C 

Above resonance if RM< < XM (mass) 

P Force2 
f2 a X2 . M 

This is the condition of mass control, and since 
XM2 IX 12, P is independent of f. 

Above, at, or below resonance, if R:u > > Xl\[ 

P Force 2 
f2 f

2 
IX Rl\[2 . IX 

This is the condition of constant velocity, and P 
falls withf at the rate of 6dB/octave. 

Below resonance if Rl\[ < < XI>{ (stiffness), 

P Force 2 
f
2 f4 

IX X2 '  IX M 
This is the condition of constant amplitude and P 

falls with f at the rate of 12dB/octave. 
Above resonance if RI\! is comparable to Xu 

P Cl. Force2 • (2 
Zu2 

and P falls with frequency 3t a rate determined by 

f2 the ratio =--::-.'-:--==--::RlII ll + Xu2• 
In all cases the radiation resistance is small 
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relative to the total mechanical impedance of the 
system; its effect on the velocity has therefore been 
neglected. 

So far it has been assumed that the loudspeaker is 
mounted in an infinite baffle. The analogous circuit 
is similar to that of a loudspeaker mounted in free 
air, except that the baffle produces a large increase 
in Ra and a small increase in La. 

It is very important to realize that any baffle or 
enclosure may be represented in the analogy by a 
series impedance Zb which will tend to reduce the 
cone velocity, but, depending upon the nature of 
this additional impedance, partial compensation may 
be effected by resonant phenomena over at least 
part of the low-frequency range. 

The effective mechanical impedance presented to 
the cone due to any acoustical impedance ZA is 
given by: ZM = ZA ('lTr2)2 
where ZA is the vector sum of Zr and the acoustic 
impedance due to the mounting. At low fre
quencies: 

Z R . L 2'ITpj2 + . O.85pw r = r + JW r � .-- .J ---C 'lTr 
Impedance Curves - A very convenient way of 
measuring the effects of the enclosure on the output 
of the loudspeaker is to plot the impedance/frequency 
curve of the loudspeaker when housed in the en
closure. If a base line is drawn at a value equal 
to the clamped impedance of the voice coil then the 
impedance curve relative to this line is directly 
proportional to the velocity of the cone. 

The relationships between the electrical impedance 
(ZE) the mechanical impedance (� and the 
velocity Cv) of a loudspeaker system are as follows: 
where B = flux density in the magnet system, 
I = length ()f voice coil conductor enveloped by 
flux and i = current flowing in coil. 

Back e.m.f. due to the motion of the coil: 

B2J2i EO( Blv = ._-

ZM 
Motional impedance of the coil: 

E B2[2 Zm=-O(-�. ZM 
Total electrical impedance: 

Zx = Zvc + Zm 
where Zvc is the clamped impedance of the voice coil. 

1 
From above v 0( Z 0( Zm M 
If the component parts of � are expressed in c.g.s. 

v 

F Ra 

Mc 

Fig. 1. Simplified electrical analogue of the mechani
cal properties of a moving coil loudspeaker. 

terms then Zm will be in electromagnetic units. 
Impedance curves often give a far more accurate 
assessment of the performance of an enclosure than 

. pressure response curves since the latter depend not 
only on the cone velocity but, in the case of vented 
enclosures, upon the port radiation as well. Pressure 
curves are also greatly affected by diffraction and 
while they are invaluable in demonstrating the overall 
radiation from a loudspeaker system, they do not 
show clearly the action of the various acoustic 
components due to the enclosure on the loud
sPeaker cone. 

Wall Mounting - The nearest practicable approach 
to the infinite baffle condition is by mounting the 
loudspeaker in a wall e.g. a partition wall between 
two rooms. 

This method of baffling a loudspeaker ensures 
complete separation between the front and rear 
radiation of the cone and imposes a relatively low 
mechanical impedance to the cone velocity. The 
extent of the low-frequency response is limited 
by the resonant frequency of the cone. 

For wall mounting it is therefore desirable to use 
a loudspeaker having a low frequency, highly 
damped cone resonance. The damping in this 
case will be mainly electromagnetic, i.e. a high 
value of Rd in the analogy, tending to produce 
constant velocity conditions and resulting in a falling 
low frequency response, as we have shown. Since 
under these conditions the cone displacement at 
resonance does not exceed the level required to 
maintain the velocity constant, a considerable amount 
of bass lift may be applied from the amplifier to 
compensate for this loss at low frequencies. The 
bass lift required commences at the frequency at 
which the wavelength is equal to twice the cone 
diameter and has a slope which may be determined 
either aurally or from the expressions previously 
given, the latter being possible only when the 
necessary loudspeaker parameters are known. 

SYMBOLS 
c = velocity of sound in air Xcb = reactance of air in 
Cb compliance of air in Rc Rr C'lTr2)2 closed cabinet 

closed cabinet Rc resistance due to friction XM = total mechanical reactance 

Cc = compliance of cone in cone ZA tOtal acoustic impedance 

F 
k 

suspension Rd mechanical resistance due Z. acoustic radiation impedance 

force applied to cone to voice coil damping Zb impedance due to 
w/c = wave constant RM = total mechanical resistance loudspeaker mounting 

Lr (l7r2)2 Rr radiation resistance ZM total mechanical impedance 

acoustic radiation mass R, = viscous resistance of vent Zm motional impedance of coil 

mass of cone system R� total resistance component /1 coefficient of shear viscosity 

mass of air in vent of vent = Rr + R, p density of air 

radiated acoustic power v velocity of cone w = 217f 

C.g.s. units for mechanical and acoustical quantities, and e.m. units for electrical, have been assumed throughoul. 
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A consideration which should be borne in mind, 
particularly in the case of wall mounting, is that the 
aperture in which the loudspeaker is mounted will 
behave as a tube of length equal to the thickness 
of the wall or baffle, and in so doing will exhibit 
a number of harmonically related resonances and 
anti-resonances causing irregularities in the treble 
response. There are of course, a number of obvious 
remedies for this, e.g. bevelling the edges of the 
aperture or mounting the loudspeaker on a sub
baffle. 

Finite Baffles - If the baffle is finite, at some 
low frequencies, depending on its size, back-to
front cancellation will occur and. the limiting 
baffle size for a given low-frequency extension is: c 

1=-
2f 

if the baffle is rectangular and I is the length of the 
smallest ·side. 

If the bass response is to extend down to a reason
ably low frequency the necessary baffle size will be 
relatively large, e.g. a square baffle suitable for 
reproduction down to 60 c/s will have a side of 
9.42ft. A loudspeaker acting as a treble unit in a 
crossover system should be mounted on a baffle large 
enough to work down to half the crossover frequency. 

For the sake of convenience baffles often take the 
form of open-backed cabinets. In such cases, in 
addition to the normal baffle action, the cabinet wm 
behave more or less, according to its depth, as a 
tuned pipe and will exhibit a number of harmonically 
relateq resonances, the lowest of which will approxi:::' 
mate to: c 

f = 2 Cl +0.85r) 

where I is the depth of the cabinet, r = v' A/rr if A 
is the area of the open back. 

It is' these resonances that contribute - to the 
unnatural "boomy" quality evident in many 
commercial reproducers. 

Closed Cabinets -Alternatively a method of 
preventing back-to-front cancellation is to completely 
enclose the rear of the loudspeaker cone. Under 
these conditions, however, the enclosed air will 
apply a stiffuess force to the rear face of the cone. 

This may be represented by a mechanical reactance 
Xcb the value of which is given by: 

pc2 (111'2)2 
wV 

where rrr2 = piston area of cone and V = volume 
of enclosure. . 

In the analogy this reactance appears as a series 
capacitance as shown in Fig. 2. 

In order not to raise the cone resonance unduly, 
the value of Cb must be large relative to Cc. Since, for 
a given loudspeaker system, Cb is the only variable, 
it must be large. 

It has been found that, for a 12-in loudspeaker 
having a fundamental cone resonance at 35 c/s, 
the volume of an enclosing box would need to be of 
the order of 12 Cll ft for its reactan,ce to be sufficiently 
low not to impair the low-frequency performance pf 
the speaker. 

There are a number of factors in the design of 
loudspeaker enclosures which should be considered. 

WIRELESS WORLD, }AmJARY 1956 

Fig. 2. Analogue circuit of a moving coil loudspeaker in 
a closed cabinet. 

Fig. 3. Analogue circuit of a moving coil loudspeaker in 
a vented cabinet. 

These are common to most types of enclosure and 
are: 

Shape of the Enclosure - As the frequency is 
lowered the radiated wavefront from the loud
speaker cone tends to become spherical, consequently 
the boundary edges of the loudspeaker enclosure 
constitute obstacles in the path of the wavefront. 
This results in (a) bending of the wavefront (diffrac
tion) and (b) secondary radiation from these edges. 
This secondary radiation will produce interference 
patterns causing irregularities in the frequency 
'response of the system. 

These effects are largely dependent on the shape 
of the enclosure and will be smallest for a spherical 
enclosure and greatest for a cube. Since the cabinet 
has to be a presentable piece of furniture, there are 
certain limitations on its shape. Fortunately however, 
the effects of diffraction are not very serious and it 
is not difficult to reach a compromise. 

Corner Post"tt"on - Consider a source of sound 
that is small compared to a wavelength and situated 
in free space. The radiation from this source will 
be of equal intensity at a given distance in all direc
tions, i.e. spherical. 

If a large flat wall is placed near the sound source 
then the total radiation will be concentrated into a 
hemisphere and its intensity will then be doubled. 
Similarly, if a second wall is placed near the sound 
source at right angles to the first the total radiation 
will be concentrated into one-quarter of a sphere 
and its intensity will be four times greater. A third 
wall at right angles to the other two will increase the 
intensity eight times. 

A loudspeaker standing in the corner of the room 
may at medium -low frequencies, be regarded as 
similar to the second case and approaching the 
third case as the frequency falls to a point where 
the wavelength is much greater than the height ot the 
speaker above the floor. 

Construction - At irequencies where the wave
length is comparable to the internal dimensions of 
the enclosure reflections between inside wall faces 
will occur resulting in standing-wave patterns 
which in tum will produce irregularities in the 
frequency response of the system. 
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These standing waves may be considerably re
duced (a) by lining the enclosure walls with soft 'felt 
or wool thus providing absorption at points of maxi
mum pressure, Cb) by hanging curtains of the �ame 
material near the centre of the enclosure, thereby 
introducing resistance at points of maximum velocity. 

A further point to be considered is that the 
material (usually wood) from wbich the enclosure 
is ma.de, possessing both mass and compliance, will 
be capable of movement and will resonate at one or 
more frequencies and in so doing will (a) behave 
as a radiating diaphragm and (b) modify the air 
loading on the cone, both of wbich will produce 
unwanted coloration in the reproduction. There
fore the enclosure should be made of as thick 
and dense a material as possible. 

Vented Enclosures, Reflex Cabinets -One 
method of overcoming the disadvantage of the 
closed cabinet is to include in the cabinet wall an 
orifice or vent. 

A suitably vented enclosure will apply to the 
rear of the loudspeaker cone an impedance which 
offers the cone a maximum degree of damping at or 
near its resonant frequency and the radiation from 
the vent around this frequency will be more or less 
in phase with the frontal radiation from the cone, i.e., 
the back radiation is inverted. Before we describe 
the nature of this impedance we will describe the 
Helmholtz resonator, the principle on which the 
design of vented and reflex cabinets is based. 

For the benefit of readers not familiar with this 
resonator, it consists simply of a partially enclosed 
air cavity having a communicating duct to the 
outside air. 

An enclosed volume of air will have a stiffness 
reactance equal to pc2/wV. 

The air in the duct will move as a homogeneous 
mass, the reactance of which is given by: 

pI' w 
711'11 2 

where 1I"r 11 2 is the cross-sectional area, and l' is the 
effective length of the duct. 

This system will have a resonant frequency at 
which the mass of air in the duct will move most 
readily, bouncing as it were, on the elasticity of the 
air in the enclosure. This occurs when the sum of 
the reactances, which are opposite in sign, is zero. 

I X (d) X n 
d 
u 
c 

R t 
i 

e v 
a e .... 
c " .... 
t C f " --- I a .... -a 1 n P '// . C a ,'18 I e c 

i /' l 
t l 
v 1 I e 
-x -x 

Fig. 4. Variation of reactance with frequency of the circuit 

elements of Fig. 3: 
a) XL = total mass reactance of the series section, 

Xc = total stiffness reactance of the series section, 

WIRELESS WORLD, JANUARY 1956 

Equating the two expressions and transposing for /, 
we have 

c ,--;;;::t / = 2'IT ,J Vi' 
which is the usual expression for the natural fre
quency of a Helmholtz resonator. 

In actual fact this is only an approximation since 
the full expression for the mass reactance should 
contain a Bessel term for the load on the vent, due 
to the air outside the cabinet, but in practice this is 
small enough to be neglected. 

Some of the air adjacent to the end of the duct 
moves with the air in the duct and thus becomes 
added to it. The effective length of the duct there
fore, is greater than its actual length. Rayleigh shows 
that the increase at each end is: 

8 SI = 311" r., 
where r is the radius of the duct. 

The total effective length is, therefore: 
16 l' = I + 37Tr1) = I + 1.7r1) 

If the duct is not circular, r1) = ..; A/1I", where A is 
the cross-sectional area of the duct. 

Returning now to the subject of loudspeaker 
enclosures, a vented cabinet containing a loudspeaker 
will exhibit a resonance in accordance with the 
above description which will be reasonably inde
pendent of the loudspeaker cone resonance. 

When the cabinet resonance is excited by the 
loudspeaker the motion of the air in the vent will 
reach its maximum velocity and will be in phase 
with the motion of the cone. At this frequency 
therefore, the air in the cabinet will come under the 
double compressive and rarefactive forces of both 
the cone and air in the vent; consequently its effective 
stiffness rises and the resulting impedance applied to 
the rear of the cone becomes much higher at this 
frequency than at any other. 

If the resonant frequency of the enclosure is made 
to coincide with that of the cone, the latter receives 
maximum damping at its resonance and any peak 
in the radiated power at this frequency is removed. 

In addition to this, the reduction in cone displace
ment results in a considerable increase in the 
power-handling capacity of the loudspeaker and 

Cb) 

b) BL and Bc are the mass and compliance suseptances of 

the parallel section and, 

c) Xs and Xp are the total series and parallel reactances, 

respectively. 
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in a reduction of harmonic and intermodulation 
distortion. Although the velocity and therefore the 
power radiated from the cone is reduced around this 
frequency, the overall radiated power from the system 
is increased considerably due to the very high air 
velocity at the vent. Unlike the cone there is no 
physical limitation to the displacement of the air in 
the vent._ 

Below the resonant frequency of the enclosure the 
stiffness reactance becomes high and the system 
behaves as though the air mass in the vent we(e 
coupled directly to the mass of the cone. At some 
frequency the reactance of this combined mass will 
become equal to the stiffness reactance of the sus
pension system of the cone. A resonance will occur 
at this frequency, the amplitude of which will 
be considerably lower than that of the initial cone 
resonance and the radiation from the vent will be 
in anti-phase with that from the cone. 

Above the resonant frequency of the enclosure the 
mass reactance of the vent becomes high, and the 
cabinet behaves as though it were completely 
closed, presenting a purely stiffness reactance to the 
rear of the cone. At some frequency the combined 
stiffness reactaflce of the cone suspension system 
and the enclosure will become equal to the mass 
reactance of the cone. At this frequency a further 
resonance will occur, and again the amplitude will be 
considerablY less than the cone resonance. 

Now let us consider the nature of the impedance 
presented to the rear of the cone by a vented en
closure. Since this impedance rises to a maximum 
value, a parallel tuned circuit is indicated in the 
analogy Fig. 3, where Rv and Mv are the vent 
components. 

By drawing the reactance sketches for the complete 
system, we are able to see clearly the derivation of 
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Fig. 5. Impedance/frequency response of a loudspeaker 

on an infitite baffle and in a vented enclosure. 
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the resonant frequencies described above Fig. 4. 
Figs. 4(a) and 4 (b) show the well-known reactance 

sketches for the series and parallel sections of the 
circuit respectively. When these are added, we have 
Fig. 4(c) which exhibits three critical frequencies 
f1>fo andf2' It will be noticed that atft andf2 the 
reactance falls to zero, and at fo rises to infinity. 
The corresponding impedance curve, together with 
the impedance curve, taken with a loudspeaker 
mounted on an infinite baffle is shown in Fig. 5. 

Whilst a reflex (vented) enclosure is much smaller 
than a completely closed cabinet for a given bass 
extension, the reduction in size is limited by the 
mechanical impedance it imposes on the cone, at 
frequencies away from its resonance (f.). In the 
design of these enclosures it is important therefore 
to calculate the impedance over a wide range of 
frequencies, to ensure that this does not become 
excessive. 

To accomplish this, the various components of 
the enclosure are expressed as follow!>: 
Referring to Fig. 3. 

V 
CII= pc2 
Rv = R .. + Rr 

M =L 
v 1Trv 2 

Rs is resistance due to air viscosity in vent 

V2PP'!1 
= I 

1Tr v3 

R ·  d" . f 
pck2 

r IS ra latlon reSIstance 0 port = --
21T 

Having already met the first two expressions, the 
new symbols appearing in the second two expres
sions are: p., the coefficient of shear viscosity and 
k = w/c, _ the so-called - wave number or wave con
stant. 
It is convenient to express all dimensions in c.g.s. 
terms. 

The acoustical impedance of the enclosure Zab may 
be obtained from the usual expression for an L C R 
circuit of this type, i.e. 

Z _ Rv - jW[CbRv2 + Mv (w2MvCb - 1)] 
ab - w2 Cb2Rv2 + (wMv� - 1)2 

where all terms are in acoustical units. 
Expressing this as the modulus of the mechanical 

impedance, we have: 

Iz - [ Rv 2 + w 2Mv 2 ] 2 2 bl - w2Cb2 Rv2 + (wMvCb-1)2 (1Tr) 
At the resonance of the enclosure, the right-hand 

expression in the denominator becomes zero, the 

Z approximates to c�iu (1l'r2)2. 

This is the dynamic impedance of the circuit and 
is the value of a purely resistive component which 
may replace the parallel circuit at a resonance in 
the analogy . 

The "Q" of the enclosure is given by W ::u 
and 

is normally much higher than that of the cone 
system and is therefore not critical. It has been 
found that an optimum performance is given by the 
reflex enclosure if the cross-sectional area of the vent 
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Fig. 6. Equivalent circuit of a moving coil 
loudspeaker mounted in a labyrinth. 
M1 and C1 are the labyrinth dis
tributed mass and compliance res
pectively while R1 and R2 are vis
cous and absorbtion resistances. 

Mc 

is made approximately equal to the piston area of 
the cone. 

The required enclosure volume for coincident 
resonance is then obtained from a derivation of the 
formula for a Helmholtz resonator and is given 
by: 

V=7TT2 [::'1 \.7r + I ] 
In this equation 1 is the length of the duct or 

twmel which usually extends into the enclosure, 
and the volume of the duct has therefore been 
added to the expression. Broadly speaking, in
creasing the tunnel length decreases the overall 
volume until a point is reached where the increase 
in toral volume due to the increased twmel length 
is exceeding the reduction in the volume required 
to correctly tune the enclosure. The tunnel length 
for minimum volume is: 

c 1=--1.7r 
w 

Another limitation on the length of the tunnel is 
that it must not exceed 1/12th of a wavelength at 
the resonant frequency of the enclosure, otherwise 
the contained air would not behave purely as a mass. 

We have seen that the reduction in size of a reflex 
cabinet is limited by the increase in. mechanical 
impedance presented to the cone. 

There are however, marketed enclosure desi�s 
which are based on the foregoing principle. These 
are extremely small, yet appear to have a substantial 
bass response. 

It i� evident from the expression for the resQnant 
frequency of a vented enclosure that the enclosed 
air volume may become as small as we like, and 
the resonant frequency made low by havrng a very 
small vent and tunnel area. Such an enclosure has 
a very high mechanical impedance, thereby limiting 
the cone velocity at very low frequencies. Also, 
owing to the very resistive nature of the vent, the 
two lower resonances shown for a loudspeaker in 
a vented enclosure are highly damped and the 
upper resonance is prominent, resulting in an accen
tuated bass radiation around this frequency, hence 
the apparent bass "efficiency." 

The amplitude and frequency. of this upper 
resonance may both be reduced by facing the cone 
into·a restricted aperture such as a slit, but this in
troduces serious irregularities in· the response and 
will be discussed in a subsequent article. 

. 

The Tuned Pipe - This is based. on the well
known organ pipe principle. In order to exclude 
modes of resonance other than the air column 
resonance the end of the pipe remote from the 
speaker should be either fully open or fully closed. 

In the case of the open pipe resonances will 
occur at frequencies corresponding to all even 
numbers of quarter wavelengths and anti-resonances 
will occur at all odd nwnbers of quarter wavelengths. 
For the closed pipe the reverse is true. 
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One method of applying these properties tu 
loudspeaker mounting, is to use an open pipe with 
the loudspeaker mounted at one end, the length of 
the pipe being such that its fundamental anti
resonance coincides with the cone resonance thus 
securing some of the advantages of a reflex enclosure. 

A closed pipe may also be used in the same manner, 
in which case the length of the pipe need only be 
about half that of the open pipe. However, the 
impedance presented to the cone by this method 
is high, and a serious reduction in cone velocity may 
result at low frequencies. The radiation from 
the open end of the open pipe increases the radiation 
efficiency of this system to some extent. 

The length of an open pipe for a given frequency 
of anti-resonance f is: 

1= ;/-1.7 If 
where A is the cross-sectional area of the pipe. 

The length of a closed pipe for a given anti
resonance frequency f is: 

,=�- 0.85 lA 
4/ � -;-

Whilst these pipes are a little more simple to con
struct than reflex enclosures, their overriding dis
advantage is the presence of all resonances and 
anti-resonances occurring at every quarter wave 
length, and it is virtually impossible to damp the 
enclosure and to absorb all the resonances without 
severely attenuating the required fundamental. A 
way of partially overcoming this is described in a 
patent by Voigt. This is to mount the speaker 
in the wall of a pipe which is closed at one end and 
open at the other, the position of the loudspeaker 
being 1/3rd of the pipe length away from the closed 
end. By this means, the first resonance above the 
fundamental (3rd harmonic) will be cancelled 
The Labyrinth - The labyrinth consists of 
a very long tube, usually folded and heavily lined 
with absorbing material with the loudspeaker 
mounted at one end. The labyrinth is probably 
the cleanest way of disposing of unwanted back 
radiation, which, having left the rear of the loud 
speaker cone at one end of the tube does not re
appear at the other. It does not really matter 
therefore whether this far end is open or closed. 

The analogous circuit is that of a transmission 
line and is shown in Fig. 6. The sound energy 
due to the back radiation from the cone is largely 
dissipated in the resistive components Ri and R2, 
where Rl is due to the viscous losses between the 
air in motion and the lining on the internal surfaces 
of the labyrinth, and R2 is due to the absorption 
of sound energy at these surfaces. 

As the frequency is increased, Ri increases and 
R2 decreases. Therefore if the labyrinth is to be 
effective at the lower frequencies the lining must 
be fairly thick. If however, this begins to take 
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Fig. 7. Electrical analogue of a moving coil loudspeaker 
with horn loading. Ral and Lal represent the air 
load on the side of the diaphragm not coupled 
to the horn. Ra2 and La2 constitute the air load at 
the mouth of the horn. 

up an appreciable part of the cross-sectional area of 
the labyrinth, the air loading on the rear of the 
cone, which is normally quite high in this type of 
enclosure, will become excessive, resulting in a 
severe reduction in the radiated power at these 
frequencies. The cross-sectional area should 
therefore be at least equal to the piston area of the 
cone, and to achieve the necessary dissipation of 
sound energy from the rear of the cone, the effective 
path length of the labyrinth should be as great as 
possible, the minimum length being set empirically 
at a quarter wavelength equivalent to the lowest 
frequency to be reproduced. 

Under these conditions the impedance presented 
to the rear of the cone is quite high and mainly 
resistive so that the cone approaches constant
velocity operation and behaves in the manner 
previously described for this condition. 

The Horn -Horn loading is the most efficient 
form of loudspeaker mounting and, if the horn 
were large enough, it would give a performance 
superior in every respect to any other form of 
loudspeaker mounting. 

The action of the horn can be most readily 
grasped by consideration of the analogous circuit. 

The major problem in all the systems so far 
discussed has been to compensate for the fall in 
Ra at low frequencies. The use of a transformer 
would be an obvious answer if this problem were 
an electrical one, and, applying this to the analogy, 
we have Fig. 7. Acoustically, such a transformer is 
analogous to the horn, which may be used to match 
the relatively high mechanical impedance of the 
loudspeaker cone to the radiation resistance, and, 
by making the mouth of the horn large, this resistance 
does not become so low at low frequencies. 
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From the analogy, since the effective radiation 
resistance reflected back to the primary of the 
transformer is very high, the cone operates under 
constant velocity conditions and no resonance is 
evident. 

Below a certain frequency the acoustic resistance 
of a horn falls sharply and its reactance (mass) 
rises. This cut-off frequency is determined by the 
dimensions of the horn and, since size-for-size 
an exponential horn maintains its efficiency to a 
lower frequency than a conical horn, the former is 
more often used. The cross-sectional area (Ax) 
of the exponential horn at any distance x from the 
throat is given by: 

where Ao is the throat area and m the flair constant. 

ff f 
. ,  

b 
f. me 

The cut-o requency IS given y: c = � 
The diameter of the mouth should not be less 

than a quarter wavelength at fe' otherwise the horn 
will tend to exhibit the resonances similar to a tuned 
pipe. 

Most text books on electro-acoustics deal very 
fully with the horn, and there is little point in our 
doing so here, especially since, due to its size, an 
adequately large horn is rarely encountered. Although 
many small folded horn designs are capable of 
impressive (if not accurate) reproduction, let it 
suffice to say that a horn capable of presenting 
a constant radiation resistance down to 30 c/s to 
the cone of a 12-in loudspeaker would be over 
12ft long and have a mouth diameter of about 9Ft. 

Conclusion -The different types of loudspeaker 
enclosures number as many as the possible com
binations of L C R in series with the analogous 
cone circuit. 

Some time ago, the thought arose that an excellent 
method of designing a loudspeaker enclosure would 
be to state the ideal velocity characteristics, and then 
determine an electrical impedance which, when 
placed in series with the analogous cone circuit, 
would produce these characteristics. It would 
then remain to transpose this impedance into 
acoustical terms and to evolve an enclosure having 
the required component values. 

. This line of development has been followed to a 
successful conclusion and will be described in the 
second part of this article. 
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LOUDSPEAKER 
DESIGN 

ENCLOSURE 
By f. j. jORDAN* 

2.-A Cabinet of Reduced Size vVith Better Low-frequency Performance 

I N the first part of this article the features of per
form:mce and design of the principal methods of 
momlting a loudspeaker were reviewed. These may 
be briefly summarized in order (If merit, as follows. 
Fun Horn - Acoustically this is the ideal method 
of loudspeaker mounting. It provides excellent air 
loading on the cone, is devoid of self-resonance and 
possesses n high radiation efficiency down tu· any 
desired frequency being limited only' by the horn 
dimensions. The disadvantage of the horn is the 
\'ery great size required for effective operation down 
to very low frequencies. 
Absorbing Labyrinth - This again presents excel
lenr reSOI!:lnce· free air loading on the loudspeaker cone 
MId in this respect is comparable to the horn. It is 
effective down to any desirerl frequency, being 
lklited, like the horn, by its dimen sions. Unlike 
the horn however, the disadvantage of this system 
is the fa!ling efficiency at low frequencies due to the 
ap�'roach to c.:onstant-velocity c'Jllditions although 
this may be partially compensated for in the 
amplifier. A labyrinth capable of good absorption 
down to very lew frequencies is sti!l rather big. 
Reflex Endosul'e - The advantage of the reft.ex 
cabinet is that excellent damping is applied to the 
loudspeaker cone at its resonmlce where it is most 
Tl!quired. A fuLt.ltcr point in its favour is that it is 
relatively simple TO construct. The bass response 
ir()!Jl a reflex enclosure· will have an efficiency some
what higher than that from a labyrinth and for' a 
given bass extension, will be smaller, although it still 
�akes a rather dominating piece of furniture in the 
drawing room. The response will not be so smooth 
as for a labyrinth due principally to the upper of the 
rn'o resonances common to this type of mounting. 
If vel'V much bass boost is applied the reflex enclosure 
will tend to sound boomy, also port radiation at the 
lower of the two rcson:,mces will tend to cancel that 
from the cone. 
Wall Mounting or Large Flat Baffle - This type of 
loudspeaker mounting presents a lower impedance to 
the rear of the loudspeaker cone than any other. 

*Goodmans Industries Ltd. 

Cone Air Load 

RV} Vented 
Cabinet 

M 

Fig. 8. Electrical analogue of a loudspeaker/cabinet 
system incorporating an additional restricted aperture in 
front of the cone. Ms and Rs are the mass and compliance 
associated with the slit and Cs is the compliance formed 
between the cone and the inside face of the orifice. 

Therefore, with the exception of horn loading, this 
system has the highest efficiency amoung direct 
radiators. The low acoustic damping to the cone 
however makes necessary the use of a loudspeaker 
with a high degree of electromagnetic damping if 
excessive cone velocity is to be avoided, in which 
case the relative efficiency of the system at low 
frequencies is lost and its performance will be similar 
to that of a labyrinth. 
Recent Trends - It has for years been the ambition of 
designers to produce a loudspeaker system having the 
performance of a horn and the dimensions of an 
orange crate. Many audio designers have examined the 
possibilities of small, compromise horn-type enclo
sures since these may be capable of very impressive 
reproduction. The writer however prefers to aim for 
accuracy. The horn cannot be effectively compro
mised and good reproduction from, say, 50 c/s to 30 
c/s demands an enormous horn. In any case it is 
questionable whether such high efficiency is neces
sary from a given loudspeaker unit. The labyrinth will 

SYMBOLS 
Cb = compliance of air in 

closed cabinet M = mass of air in slit s 
M = mass of air in vent or orifice v C = compliance of cone c 

suspension R = R (1[r2)2 a r C = compliance of air between R = resistance due to resistance in S c 
cone and front baffle slit cone 

R = viscous resistance of vent s 
R v = total resistance component 

of vent=R + R r S V = velocity of cone 

L = L (nr2)2 Rd = mechanical resistance due to 
( = a�oustic radiation mass voice coil damping Zr 

Zb = impedance due to loudspeaker 
mounting 

= acoustic radiation impedance 
= 21[/ M = mass of cone system R = radiation resistance (0 c r 

C. G.S. units for mechanical and acoustical quantities, and E.M units for electrical, have been assumed throughout. 
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secLlre the same downward extension of hass and 
fr�dom from resonance as a hom many times its 
si Ze:. Admittedly the amplifier is caned upon to 
supply a few mon: low-frequency watts, but for 
n ·  . rmal r\!qvirl!ments this is ,vell within the capa
li i ! i r j (, s  of a n y  of th� well-kno\'\n 10 or l S-W ampli
fiers . Even if an additional bass boost circuit has to 
be flU,xl, the cost and trouble is still hardly compar
able to (hut of horn constntction. 

Spolcc-saving considerations give the reflex cn
c!(I.�e a \'cry great advantage over the other systems 
m . .:nt.ioncd; in addition the acoustic characteristics 
ar e very good, and the principle suggests itself as 
be:.ng more amenable to compromise than that of the 
horn. A great de a! of experimental work has be�n 
directed therefore to reducing still further the size of a 
reflex end051.lre and improving its performance. 

\""'e SJW in the pn: �'ioJus article that, if its size is 
redu.:ed, the reflex enclosure will present a higher 
irnpr:dance to the rear face of the cone at aB fre
quencies, and, due to the increased imped?nce of a 
smaller port, the upper resonant frequency \'Iill 
become unduly prominent. We mentioned also that 
facing th� cone into a restricted aperture or slit 
would reduce the resonance. This may now be 
explained by considering the analogous circuit (Fig. 
8). Here the impedance due to the mass and resist
ance components of the slit appears as the series 
�i, and Rs shawn. Now the lower resonant frequency 

20 C/S f _  
Fig. 9. General form of the velocity/frequency res
ponse of the cone required at very low frequencies. 

wiU be substantially due to RcM,CcR"M4RsM�R,. in 
serks :md the upper resonant frequency due to 
RcM.GCI;Rn�1sRsCb in series. Since the impedance of 
�\ .. and RJ forms a greater proportion of the total 
n130lS reactance and resistance in the second case the 
upper resrmance /2 will be lowered both in frequency 
and amplitude to a greater extent that f-. (see Fig. 
1 1 ). A vertical slit also has the ad\'antage of diffusing 
the higher frequencies horizontally due to its 
appr0aching a line source. 

The condemning fearure of the slit (or any other 
reduced orif.cc in front of the loudspeaker cone) 
is that in c0njunction with thl: cavity (Cs) formed 
between the cone and the inside face of the material 
forming :h,: slit, it .::onstitutes a Helmholz resonator 
which mak.:s itself heard very forcibly somewhere 
in the middle frequency (300 c/s-700 c/s) range. 
Standing waves also occur between the cone and 
the inside fac':, causing irregularities noticeable in 
thl! treble ( 1 ,000 c/s-5,000 c/s). Therefore, we may 
frown upon slits . : -) 

It is bettcr to form the impedance M .• and R ,  behind 
(he cOlle by fit,ing, for example, a ccwlingt over the 
re:tr of the 10!.ldspcaker which has an ou tlet of 
restricted area, .or, as is de�cribed in a patent h'!ld 
by Murphy Radio, a corrugated cardboard cylinder 
is ' fittcd ovt:r the rl!ar of the speaker, so that the 
tPotcm app!ied for by Gocdl:l�n$ Induslri� 
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rear rad.iation must pass through the small tub!s 
so formed. 

These systems represent a very consi(�crable 
improvement over the slit, although they stili tend 
to introduce slight irregularities in the respor:�'! 
It is surprising, how etliciently even a cardbo.L ":  
drum can behave as a tubed pipe. Nevertheless it 
must be said the performance of these enclosures is 
very good for their size and at low frequencies is 
comparable to that of a full-sized labyrinth. Like 
the labyrinth they present a high resistive impedance 
to the rear of the loudspeaker cone; their efficiency 
is therefore low. It will be seen that M.J and R, in 
the analogous circuit will tend to rec 'ce the cone 
velocity at all frequencies . These compon(!nts 
do therefore constitute a further 10SS (.f effici('ncv. 

The r�ader should now be well acquainted wit.� 
the principles involved in the dcsign of the basic 
type of loudspeaker mounting and with the problems 
encountered if these designs are comprised. The 
question of size is a very important one; there is a 
demand for a really high-quality sound-reproducing 
syst�m that is small enough to be unobtrusive in a 
small lounge or flat. 

A good approach tl \ the design of such a system 
would be to state exac.ty what was meant by " really 
high quality " and to define the acoustic propertie" 
of the system in terms of cone velocity. This can be 
expressed as a function of mechanical impedance, 
which in turn may be translat\!d into an analogous 
electrical impedance. The problem then resolves 
itself into the solving of the electrical circuitry. 
This approach led to the design of an enclosur� 
having the desired perfornlance and, proceeding as 
above, we shall endeavour to show the derivation 
of this design. 

Enumerating the principal qualities of an " ideal ' .' 
enclosur� we have: 

(1)  Frequency response extended down to at 
least 20 c/s. 

(2) Complete absence of resonances above this 
frequency. 

(3) Small size. 
(4) Efficiency as high as possible in keeping with 

(2) and (5). 
(5) Low distortion. 
In order to satisfy requirements ( I ), (2) and 

(4) the cone velocity must increase progressively as 
the frequ�ncy is lowered to 20 c/s. Therefore, the 
enclosure: must load the cone in such a "..'ay as to 
bring the effective cone resonance down to this 
frequency. There must be also a sufficiently high 
resi:;tance component in order to satisfy requirement. 

(5) By limiting exce�sive increase of cone velocity 
due to resonant conditions. 

In the analogy, these conditions are fulfilled by 
the velocity curve shov.n in Fig. 9, and the corres
ponding analogous circuit sho"ll\"'!l in Fig. 10, where 
inductive and resistiv� elements are added to the 
cone circuit. 

As we have seen, a convenient way of adding mass 
to the Joudspeaker cone is to load it by means of 
restricted orifice or vent. It is preferahle t.o couple 
this air mass to the rear face of the cone, and since, 
at the resonance of the system (neglecting here 
any compliance existing between this air mass and 
the cone) the radiatiur: from the vent will be in 
antiphase with that from the front of the cone, in 
order to produce ne;ligible cancellation, the vent 
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Cone and Air  Load 

M 

R 

Fig. 1 0. Analogue circuit elements added to cone 
to produce the response seen in Fig. 9. 

t 
V 

, _  
Fig. 1 1. Velocity/frequency response resulting from 

the addition of 'C ' in Fig. 1 0. 

an�a must be considerably less than the effective 
piston ar.ea of the cone. Therefore, for a given 
mass reactance a small vent is preferable to a larger 
,'ent with a tunnel. As the orifice is reduced, how
ever, the resistance due to viscosity at its edges is 
increased relatively to the mass reactance, and, ' 
whilst to some extent this is desirable for require
ment (5) above, a point is rP.ached where the rise 
in velocity down to the required frequency due to 
rhe action of the added mass js severely reduced, 
re::.ulting in an undue loss of radiated power at 
these frequencies. This conflicts with requirement 
(4) above. These considerations therefore fix the 
port dimemions within fairly narrow limits, quite 
irrespective of whether the mass reactance from 
these dimensions is sufficient to reduce the loud
speaker cone resonance from whert:.ver it is down 
to the required low-frequency limit. Since the mass 
reactance of the orifice will increase with frequency, 
it will be necessary to decouple this mass from the 
cone at the higher frequencies. This requires a 
shunt capacitance C in the analogy, which may 
be of such value, that in combination wi"th the 
mass reactance cuM will produce an effective 
mass reactance cuM' having the value required to 
luwer the effective resonance of the seric!s circuit, 
i.e., the effective cone resonance by the desired 
r.ffiount. Since the capacitance C performs two 
functions, its value must be determined with both 
these in mind. For " decoupling " purposes the 
circuit must become capacitive as soon as possible 
above /1 (Fig. 1 1 ) which indicates that the resonance 
of the parallel section 10 should occur a little above 
!-his frequency. We shall see later, however, that 
It is desirable for f 0 to occur above the free-air 
resonant frequency of the loud:>peaker cone. The 
effect ot C on the effective cone resonance may be 
seen by considering the susceptance of the parallel 
stct:cn) which is: 

D = w tCM - I  
wM 

find provided this expression is  negative the circuit 
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will behave as an eft'e�jve inductive reactance of 
magnitude 

cuM' cu M  
1 - w 2CM 

To lower the effective cone resonance to ::. frequency 
/, the sum of the above expression, and the efft!ctiyc 
reactance of the cone must be zero at thi!; frequency. 

• I (:) zM;Cc- 1 
Effcctlve reactance of cone, X cor.e = -_·_-C·_ . .  (.t.' t 

By implication tuM' is positive <It ("I and X' cunr. 
negative at WI' 

w2M C - · 1 wM 
Equating we have e c .. -

wCe -- i�t- ",2CM 
Transposing for C we have 

C = Cc _ _ . t_ 
cu2McCe - 1 cu �M 

Although a v&lue of C may be fo:md from this 
expression a lower limit is set to its value by jts 
decoupHng function. It is vital that the impedance 
of the parallel section be wen dec'Jupled at fre
quencies above about 50 c/s. 

I t is evident that the dreWt we now have_ is 
analogous to a vented enclosure whel'e the com
ponent values have been specially cho�cn w m.nn
tain the radiation efficiency down to 20 e/s. In 
the previllus article we f.howed how a circuit of 
this type had three critical frequencies f H fo and 
f 2 which resulted in a velocity curve as shown in 
Fig. 1 1 . In the present case 11 is our required low 
frequency resonance and in respect of cur second 
requirement for the " i�eal " enclosure the res.)o
ances at 10 and f, must be eliminated. U" in the 
pre&ent case is not coiucident with the cone res()n
ance.) 

We have seen that the resonance at fo is due 

Cc "4 
--�������� 

M 
Rf 

R 

Fig. 1 2. Complete analogue of the final design. Rf is 
an added acoustic resistance. 

to the parallel section where its impedance rises 
to some high value reducing the cone velocity 
at this frequency. This impedance rise may, 01 
course, be limited by shunting this circuit ,\"irh 
a low resi!>tance RI' Fig, I 2, the low limit of R, 
being set by its damping effect at /I' 

It has been found iX)ssib1e to choose \'alu('S of 
M, C and R, that are compatible with all the pre
vious considerations and at the �ame time are 
such as to reduce the resonances at fo and f! to 
negligible proportions. 

Let M and C have values producing a reactance 
characteristic which, relative to that of series com
ponents Mc and Cc will be as shown in Fig. 1 3. 
The three critical frequencies are shown, and ' it 
will be noticed that the reactance of the individual 
circuits at /2 is much higher than at fl • If the effec
tive reactance of M and C in parallel is Xp and 
this is �hunted by R" then we may replace this 
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Fig. 13. Reactance characteristic of a loudspeaker in a 
vented enclosure with the resonant frequency of the 
enclosure adjusted to be higher than that of the speaker. 

r ---y---r--�---'r---r---�---r---.---' 
I 

R ,  
Fig. 14. Variation o f  Xes and Res with R f  for two values of 

Xp when XP1 < Xp2 '  

arrangement b y  3:1 equivalent series circuit con
s isting of a re!iistli.."1ce Re3 and reactance Xu which 
obey tht> well-known rclationships:--

.R/XP 2 R/Xl' 2 
Re .• = it 2 _:'::-x" :Z Xe s = R'-2--:L-x 2 

/ . � P I ' l' 
The effect on R" and Xes of varying R, is shown 
i..'"1 Fig. 14 .  The curves have been plotted for two 
values of Xp, i . e. XPI ' and Xp2 corresponding to 
['ilc�e ShO\'iIl at jl and 12' It will be seen that the 
cm:-;c Res� rea<;h es a maximum at Rf := Xp2 where 
its value is R,/2. At this point it will be seen that 
Xcs-, and R,,[. �  are equal and the Q of the circuit 
under these condit ions is therefore 1 .  

I f  wt: now consider a lower value 0 f Xp corres
ponding to XI'I at 11 we see from the curves that 
for the value R, = Xp� the Q clearly greater than l .  
I t  i s  t:vident from the curves that R, has a range 
of ,"dues that will produce higher damping at 
/1 than at /2 (and also some values that will produce 
the opposite effect). The action of the enclosure 
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vector may be summarized · by considering the 
l oem of its· impedance, which is part of a spiral 
and is shown in Fig. 15 .  The presence of RI wil ! "  
o f  course alter the actual \'alues o f  the frequendc� 
I1 and /2' but again careful choice of component 
values enable us to hold fl at 20 c/s. We care not 
for the predicament of f2• 

It \vas decided that the first prototype enclosure 
based on these princip!es should be designed for 
use in conjunction with the Goodmans Axiom 1 50 
Mk. II loudspeaker. Accordingly the values of 
Rd, Rc, Cc, Mc and Ra in the analogy were deter
mined from the physical constants ' of this loud
speaker and trlUlslated into acoustical terms. From 
this the dimensions of the enclosure and vent were 
determined, and an enclosure was constructed 
accordingly, the resistance being an210gous to a 
resistive air leak in the enclusure walls. The im
pedance curves for this enclosure are compa red 
in Fig. 16 with those of the reflex cabinet and a 
true infinite baffle when hUUSL."1.g speakers identical 
to the above. The evidence is fairly conclusive. ' 
The effect of closing the air leak (removing Rj) 
is also shown. 

There are a number of methods of forming the 
resistive air leak, all uf them possessing varyiug 
degrees of manufacturing difficulty. One method 
is to make a number of very narrow slits in one or 
more of the enclosure walls. Another is to cover 
a relatively large aperture in an enclosure wall 
with a material of suitable porosity. In any event 
the resistance is due to the frictional component 
of the air leak and one of the principal pr8 cticul 
difficulties ha3 been to make this fr!ctiona� com
ponent high relative to the rrlliSS component which 
is present in any aperture. In the analogous circuit 
this mass component appears as an inductance in 
series with R" 

From the foregoing principles formulre have 
been derived expressing the various cabinet dimen4 

One of a range of acoustical resistance/mass units 
designed to match Goodmans loudspeakers in cabi
nets of specified volume. 
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Fig. 15. Locus diagram showing the variation with frequency of 
the magnitude and direction of the enclosure's impedance vector. 

sions in terms of the loudspeaker constlLTlt lL'ld the 
desired frequency characteristics. The applica
tion of these formula!, however, demands a com
plete knowledge of the conditions under which 
they were being used, otherwise the :-esults can be 
laughable. In acoustics all sorts of nasty things 
happen; resistance varies with frequency (but 
only sometimes) and component values vary with 
the weather. One is almost tempted to suggest 
that guesswork would yield as geod results. 

Fortunately this is not quite true, and in order 
to simplify the design of enclosures for their various 
loudspeaker systems Goodmans Industries have 
worked out the optimum enclosure volume for 
each system and have designed and marketed 
for· each system a panel containing the acoustic 
components corresponding to R, and M in the 
foregoing analogies. These fJanels are slightly 
inaccurately known as acoustIc resistance wlits 
(lr ARUs but in fact the required mass component 
is also included so that all the home constructor 
needs to do is to make a box of the prescribed in
ternal volume and cut two holes, one for the loud
speaker and orie for the appro�'rjate AR U, and 
luving lined the enclosure and screwed these items 
into place, the enclosure will exhibit all the pro
perties originally stated. The manufacturers have 
produced this unit, since they feel that in view of 
the foregoing discussions it is not possible to offer 
any simple formula! or design that could be used 
by persons not familiar with this type of work to 
produce the required acoustic components with 
any degree of accuracy. 

The performance of Axiom enclosures has been 
comp::;rcd with that of other types. Listening tests 
have shown that the bass radiation is somewhat 

. better than that from the reflex type cabinet at 
middle bass frequencies and considerably b(:;[ter 

. at the low frequencies, thereby imparting a warm, 
well-b�lanced quality to the reproduction. Tests 
with an oscillator showed that a strong, pure 20-c/$ 
fwldamental note could be radiated without exces
sive cone movement. Transient curves raken showed 
a very short decay time, characteristic €If non
resonant conditions. This is the more interesting 
when one realizes that the volume of this type 
of enclosure is about half that of a correctly designed 
reflex cahinet for the same speaker. 
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Fig. 16. Voice coil impedance curves of the Axiom 150 unit 
in an Axiom 172 enclosure, and the same speaker in 
various conventional mountings. 

In addition to the qualIties mentioned this type 
of enclosure has the fullowing ad\'antages: 

(1) It is simple ,md cheap to construct. 
. (2) The dimemions of the enclosure (correspond
mg to C in the analogous circuit) are not extremely 
critical and may be varied up to -1- 10%, if necessary 
for" styling." 

(3) The enclosure can be of any shape and the 
acoustic resistance unit can be placed in any position 
relative to the speaker. 

(4) The resonant frequency of the loudspeaker 
is not critical, although, if highe. !i1a..'l the value 
for which the enclosure was designed, the bass 
e·xtension v.-ill be reduced. 

Theoretically the bass response of �y enclosed 
loudspeaker will tend to fall, due to the damping 
applied to the cone reducing the condition of mass 
control. In the enclosure we have described how
ever, the impedance applied to the cone governs 
its ve�ocity in a predetermined manner there?y 
securing a higher efficiency which in practlce 
made bass boosting wmecessary even when used 
in conjW1ction with loudspeakers having high electro
magnetic damping. 

This enclosure design has been nam�d " Axiom " 
after the range of high-fidelity loudspeakers manu
factured by Goodmans Industries. Patent applica
tions have been made. 
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Loudspeakers on Damped Pipes' 

G. L. AUGSPURGER, AES Fellow 

Perception Inc., Los Angeles, CA 90039, USA 

First Locanlhj's horn analog is shown to be well suited for modeling transmj�sioo-linc 
loudspeaker systems. The circuit can accommodate arbitrary flare shapes and allows "damping 
to be included as any combination of series and parallel losses. Four empirical parameters 
are then developed to simulate the effects of lini ng or stuffing. Finally three optiniized 
transmission-line geometries are �senled, which can be described in tenus of generalized 
alignments using familiar Thiele�Small parameters. Using one of these new alignments, a 
transmission line can match the frequency response and efficiency of a comparable closed 
boll, but with reduced cone excursion. 

o INTRODUCTION 

The Acoustic Labyrinth loudspeaker enclosure WOJS 

patented> by Olney in 1936 and analyzed in a paper pub
lished the same year [I J. Olney proposed to correct the 
defects of simple open-back loudspeaker cabinets by 
taking a different approach altogether: ". , . the major 
problem was taken to be the elimination of cavity reso
nance, and the course pursued was the direct but drastic 
one of abolishing the· troublesome cavity." The loud
speaker was to be mounted at one end of a folded tube 
lined with a material whose absorption coefficient in
creased with frequency. In theory this would provide 
useful summation of front�and rear radiation at low fre
quencies while attenuating higher order resonances, 

Y:ersions of the labyrinth were produced by, Stromberg
Carlson and others as late as 1950. Interest in the design 
as a high-quality loudspeaker enclosure was revived by 
Bailey in 1965, who used fibrous stuffing instead of 
absorptive lining [2]. It remains a favorite�of loud
speaker experimenters and audio enthusiasts, To its dev
otees, the damped transmiSsion line delivers a neutral, 
uncolored performance that cannot be matched by vented 
or closed boxes. 

The length and shape of the pipe, the density and 
kind of material used for damping, and the optimum 
loudspeaker characteristics have been debated for more 
than 30 years, However, objective information is rare 
and is confined mostly to the fre;quency response mea
surements of a few successful designs, Th'e goals of this 
project were to develop cl computer analog capl\ble of 

� 
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modeling transmission-line systems, t2 validate' the 
model by testing a variety of designs, and to develop 
basic performance relationships similar to the Thiele
Small analysis of vented boxes. 

1 SYMBOLS USED 

Is - - 3-dB corner frequency of low-frequency 
rolloff 

I, - nominal quarter-wave pipe resonance fre-
quency 

I. - actual pipe fundamental resonance frequency 
j, - lo,-!dspeaker resonance frequency 
le - frequency of lower impedance peak 
IH f�equency of first upper impedance 'peak 
BI - loudspeaker force factor, N/ A 
QMS - Q of loudspeaker mechimicahsystem 
Q" - total Q of loudspeaker 
R", - dc resistance of voice coil 
RMS - resistive component of loudspeaker mechani-

cal system 

lES - inductance of voice coil 
LMS =� inductive component of loudspeaker mechim-

ical system 
·eMS - capacitive component of loudspeaker me-

chanical system 
V" - volume of air having compliance equivalent 

to loudspeaker cone suspension 
V, ""� internal volume of pipe (including' coupling 

chamber) 
p = density of air, = 1.2 kg/m3 
c = velocity of sound, = 344 mls, 

These are familiar symbols, in most cases identical 
to those used for vented-box analysis. The symbolfp is 
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a reference' frequency based on the physical length of 
the air path, such as "a nominal lOO-Hz pipe." The 
pipe's actual fundamental rcsonance/o is affected by a 
number of additional factors, including end correction, 
pipe geometry, and stuffing material. 

2 BASIC ANALOG CIRCUIT MODEL 

A damped pipe can be analyzed as a horn with losses. 
At least three earlier papers describe one-dimensional 
horn analogs capable of modeling arbitrary flare shapes. 
In one study [31 the flare is approximated as a series of 
exponential sections. In another, conical sections are 
used [4]. A third approach, originated by Locanthi, pre
dates the others and was originally built as an analog 
transmission-line model using real inductors and capaci
tors 15]. 

Locanthi's analog includes the familiar mobility 
model of the loudspeaker itself, followed by an LC lad
der in which series inductors represent air compliance 
and 'shunt capacitors represent mass. Each LC section is 
equivalent to a cylindrical element of specified diameter 
and length. If the lengths of individual elements arc 
very small in relation to wavelength, then the analog is 
surprisingly accurate. 

Fig. I shows the circuit as modified to model 
transmission-line loudspeaker systems. The model uses 
32 sections so that arbitrary flares can be entered element 
by element in a fairly short time, yet there are enough 
sections to handle a reasonable bandwidth. The usable 
upper frequency limit for a 32-element transmission line 
is roughly 800 divided by its length in meters. 

Three modifications were made to Locanthi's circui(. 
First, -shunt resistances were added to model damping 
losses. These are shown as variable resistors because 
damping may be frequency dependent. Series resistances 
could be included to represent leakage losses, but their 
effect is negligible. 

Second, since the loudspeaker may not be mounted 
at the end of the pipe but at some intermediate location, 
an optional 16-element closed stub was inserted at the 
pipe throat. 

Third, a transfonner between the loudspeaker and the 
homiyrr.oat ha$ been omitted. The transformer was there 
to explIcitly match the throat area to a larger or sma.Her 
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LOUDSPEAKERS ON O>\MPED PIPES 

driver cone area. Irs:effect can be duplicated by scaling 
the circuit va'rues for eitherthe horn or the loudspeaker. 
If there is a co�pl!ng chamber between the cone and the 
pipe throat, it can be represented by an additional series 
inductor. In practice, the coupling chamber compliance 
is simply included in the value of L1• 

The easje§� way 1'0' calculate loudspeaker circuit values 
is first to di.jjde RES and LES by (BI)2. Then CMS in farads 
is numerically c.qual to t�e moving mass in kilograms, 
and LMS can be derived from/so With this information 
plus QMS' the value of RMS can be found. 

Calculating transmission-line values is not much more 
complicated. Let 

" = driver cone area, m2 
S, = throat area, m2 
S. section area, m1 
K, = SnlSO 
x = section length, m. 

Then, . 

C = pSoX 
� K, ' 

If necessary, these values can then be impedance scaled 
to the ratio (Sr/Sd)l. Detailed infonnation about the deri
vation of the analog and the calculation of acoustic loads 
can be found in Locanthi [5J. 

Following Thiele-Small loudspeaker system analysis 
we assume that radiation loading is negligible in the 
(bass) frequency range of interest. In this range, how
ever, acoustic loads for cone and pipe radiation can be 
accurately included as simple RC shunts if desired [6]. 

As with a vented-box analog, the net system output 
is equivalent to the complex sum (including phase rever
sal) of cone output and pipe output. In most practical 
transmission-line systems any effects of mutual coupling 
betwee;n the two are small enough to be ignored. The 
effects of pipe bends and folds are also ignored. In a 
typical transmission line. they can be expected to'occur 
above the frequency range of useful pipe output. 

The ability of this circuit to model a fairly compli-
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Fig. 1. Tranmission�line analog circuit. 

425 



cated, undamped transmission line is impressive. One of 
the test systems consists of a small loudspeaker mounted 
0.14 m from the end of a O.71-m tapered pipe. The 
measured cone output and pipe output are graphed, in 
Fig. 2(a), and 'the corresponding analog circuit curves 
in Fig. 2(b). 

Locanthi's horn analog has not received much attention, 
presumably because it is more complicated and less accu
rate than alternative computer models. However, a simple 
RLC ladder is easy to set up with any circuit modeling 
program and calculations are"very fast. Moreover, using 
an electrical transmission line to model an acoustical trans
mission line seems particularly appropriate. 

3 TEST PROCEDURE 

The simplest transmission line is a straight pipe with 
a loudspeaker on one end. To check the accuracy of the 
analog and to study the behavior of damping materials, 
a number of these were built and tested. Four were cylin
drical pipes varying in length from 0.6 to 1.8 m. The 
fifth was a reversible rectangular pipe with two slanted 
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sides: a parabolic horn. Additional variants were built 
as the project went along. 

To make response measurements, a given pipe was 
set horizontally on a trestle about I m above the floor. 
A calibrated Bruel & Kjaer 4134 microphone was con
nected to a TEF20 analyzer. Sweeps were run from 20 
Hz to 1 kHz with a frequency resolution of 10 Hz, giving 
accurate readings down to about 25 Hz. Impedance 
curves were also run. Each test was saved to disk. The 
TEF system stores all measurements as sets of complex 
data points, preserving both magnitude and phase. 

Frequency response measurements were made using 
near-field microphone placement [71 so that loudspeaker 
and pipe outputs could be measured separately with neg
ligible flanking effects. By blocking the end of the pipe 
it was possible 10 measure leakage from the �oudspeaker 
atlhe other end. Crosstalk in the 0.6-m pipe was about 
- 25 dB. It was down more than 30 dB in the longer 
pipes. 

Postprocessing allows the system response to be cal
culated as the complex sum of loudspeaker and pipe 
outputs. However, when a microphone is located very 

" 

" 

Fig. 2. (a) Measured response of undamped test system. (b) Response of analog circuit model. Cone output (bold) and pipe output. 
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near a small sound source, a movement of only 1 or 2 
mm can shift the measured sound level by more than 1 
dB. A number of preliminary runs were made to be sure 
that the test setup delivered repeatable results. To verify 
that the cone and pipe data could indeed be summed, 
several response measurements were made with the mi
crophone equidistant from both loudspeaker and. pipe, 
at one apex of an equilateral triangle. 

. It was later learned that this test setup closely parallels 
that of Letts' 1975 study [8]. To the extent that the tests 
overlap, results are in close agreement. 

4 BEHAVIOR OF DAMPING MATERIALS 

The available technical literature includes a great deal 
of information about the acoustical performance of ab
sorptive materials. However, Bradbury's 1976 paper [9] 
is one of the few relating directly to transmission-line 
design. His study postulates that fibers are set in motion 
as sound waves pass through the line. Aerodynamic drag 
analysis is then used to predict resistive and reactive 
effects from fiber size, mass, and packing density. The 
concept was later expanded by Leach and applied to 
closed-box loudspeaker systems [10]. 

In the 1980s Bullock developed a transmission-line 
computer simulation based on Bradbury's model, but 
comparisons with measured performance proved to be 
". . . not satisfactory" [ 1 1]. The conclusions put forth 
in Bradbury's paper are also at odds with some of the 
test results to be described here. One reason may be 
that his formula for computing the drag coefficient was 
admittedly tentative. Also, it is not certain that fiber 
motion is really that important. For example, Hersh and' 
Walker [ 12] reported excellent predictions of measured 
behavior, yet their analysis makes the simplifying as
sumption that fibers are stationary. 

For practical loudspeaker system design, our concern 
is not with the composition of the damping material but 
rather its actual performance. Moreover, we are only 
interested in the low-frequency response of a limited 
range of pipe lengths. On that basis, tests were made 
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with various tinds .Qflining and stuffing. 
Most of 'th�' te�ts used varying densities of four 

stuffing materials: 
1) Ordinary fiberglass thermal blanket. This is readily 

available with paper backing, which can be removed. 
2) Polyes�er fiber stuffing, "Poly Fluff," a product of 

Western Sypthetic Fiber Inc., Carson, CA. 
3) Microfiher stuffing, Celanese "Microfill." 
4) "Acousta-Stuf." This is a Nylon polyamide fiber 

sold for use in loudspeaker enclosures. It is available 
from Mahogany Sound, Box 9044, Mobile, AL 

. �669 1-0044. 
These materials are easy to buy, easy to use" and 

perform well for this application. Numerous other sub
stances were tested, including cotton puffs, steel wool, 
packihg pellets, and plastic foam. 

It seems prudent to focus on inert, nonorganic mate
rials. However, long-fiber wool was chosen by Bailey 
as the ideal stuffing for transmissi�:m lines, and his pref
erence was supported by Bradbury. Unfortunately bulk 
wool is not easy to find in the United States, so fluffy 
wool yam was tested instead. It displayed no unusual 
properties, performing roughly the same as Acousta
Stuf, which is advertised as a superior substitute for 
wool. A similar comparison was observed between cot
ton puffs and microfiber. 

Microfiber is light and fluffy. Acousta-Stuf is ropy 
and fairly heavy. For roughly equivalent damping, the 
packing densities of these two materials must differ by 
a factor of 2 or more. When this is taken into account, 
the behavior of all four materials is similar. 

Even so, there are some differences in attenuation 
characteristics. For example, at higher packing densities 
fiberglass displays a somewhat sharper knee and more 
rapid high�frequency attenuation than the other mate
rials. On the other hand, it seems to be more prone to 
unexpected response irregularities at low densities. 

Fig. 3 compares the measured pipe output of a test 
system stuffed with 8 g/L of fiberglass and 16 g/L of 
Acousta-Stuf. The Acousta-Stuf curve is nicely 
rounded. In comparison, the fiberglass has a sag around 

tk 

Frequency - Hz 

Fig. 3. Pipe output. 8-g fiberglass (bold) and 16-g Acousta-Stuf. 
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80 Hz, and a broad bump centered at 180 Hz. The re
maining peaks and dips are characteristic of the test 
setup. 

This is it typical example. The pipe output is always 
a little lumpy, and different materials have their own 
characteristic signatures. In transmission-line systems, 
if the pipe output is appreciable, then these small differ
ences may be audible. 

Most transmission-line' literature recommends some 
optimum stuffing density regardless of pipe length. 
Common sense suggests that a 100-Hz short pipe should 
have the same stuffing density as a 50-Hz pipe twice as 
long. In reality, test results clearly demonstrate that the 
shorter pipe requires greater packing density for equiva
lent performance. Moreover, this is apparent from an 
examination of the analog circuit. 

Consider a single transmission-line section. The val
ues of Land C are proportional to the section length x. 

If the length of the pipe is doubled without changing its 
cross-sectional area, then L and C must also double. 
Viewing the section as a low-pass filter, its cutoff fre
quency has shifted down one octave with no change in 
impedance. Therefore, since R remains constant but x 

has doubled, damping per unit length must be halved. 
A few tests were run using lining instead of stuffing. 

However, it became obvious that in pipes of small diam
eterh even highly absorptive lining cannot pr<}vide 
enough midfrequency attenuation to control pass band 
ripple. Moreover, predicting the performance of lining 
involves the cross-sectional area and perimeter as well 
as the length, adding unwanted complications to a basic 
computer model. 

5 MODELING DAMPING MATERIALS 

The re.sistive component of damping is represented 
by shunt resistance .. A frequency-related resistance is 
required even thoughCfixed losses produce greater attenu
ation at higher frequencies. Fig. 4 shows analog circuit 
pipe output with fixed relative damping ranging from 0 
to 10. The I-m pipe is driven by a constant-velocity 
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piston and terminated in its characteristic ilJlpedance. 
Typical absorptive materials exhibit somewhat steeper 
slopes, and a reactive component is also present. 

It is well established that sound wave propagation 
through tangled fibers is slower than in free air, and is 
roughly proportional to some power of frequency. In a 
lightly damped pipe this shows up as a lowering of the 
nominal quarter-wave resonance frequency plus a 
smaller shift of the upper harmonics. In a nonresonant 
transmission-line system, however, damping has a much 
greater effect on low-frequency performance than propa
gation velocity. If velocity is set at a fixed value deter
mined by pass band ripple frequencies, then any re
maining errors mostly affect the response below cutoff. 

Four empirical parameters seem to be sufficient to 
model typical stuffing materials: 

1) Fixed losses 
2) Variable losses, corner frequency 
3) Variable losses, slope 
4) Relative sound speed. 
The first three are used to calculate the values of shunt 

resistors at each frequency to be plotted. The last simply 
sets a scaling factor for capacitance values. 

It can be argued that these are unscientific twiddle 
factors, but they enable the analog circuit described to 
deliver good approximations of transmission-line behav
ior. As an example, Fig. 5 shows the system of Fig. 
2(b) with the addition of moderate damping. In this case, 
measured response curves have been omitted because 
they essentially duplicate the analog response. 

6 BASIC SYSTEM BEHAVIOR 

With no stuffing, a pipe resonates at odd multiples of 
its fundamental quarter-wave resonance. The loud
speaker cone is heavily loaded at these frequencies so 
that loudspeaker output is attenuated and pipe output 
is accentuated. To complicate the picture, the two are 
alternately in and out of phase at even multiples of the 
fundamental, resulting in a highly irregular system 
response. 

. . . . . , 

� . 

100 

F;requenc:y - Hz 

500 

Fig. 4. Terminated pipe output for fixed damping. Relative damping from 0 (top) to 10. 
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This is clearly shown in Fig. 6, which is the analog 
response of a small automotive loudspeaker on a 0.78-
m pipe. This is nominally a 109-Hz pipe, but it actually 
resonates at 100 Hz, which is also the loudspeaker's 
cone resonance. The light solid line represents cone out
put,the dashed line is pipe output, and the heavY,solid 
line is the combined system response. Note that the up
per resonances and antiresonances fall at exact 100-Hz 
intervals. 

The dotted line at the bottom shows voice-coil imped
ance relative to dc resistance, plotted logarithmieally. 
The impedance curVe of this undamped transmission line 
is obviously similar to that of a vented box. The imped
ance minimum at 100 Hz is flanked by two peaks at 
about 64 Hz and 150 Hz. Additional peaks at higher 
frequencies will disappear as damping is added. 

Fig. 7 illustrates what happens when the pipe is stuffed 
with light, medium, and heavy damping. Like Fig. 6, 
these are computer analog response curves, but they are 
all confirmed by actual test data. 

When a small amount of damping is introduced, cone 
and pipe outputs still show resonances, and pipe attenua-
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tion is miniiiull [fig.' 7(a)). The cone outpuJ suggests 
that quarter�wave.loading has moved down to about 80 
Hz. However, the fundamental resonance has all but 
disappeared from the impedance curve. The lower im
pedance peak no longer �xists, and fH has become a 
gentle bUlllP. The,eone and pipe outputs are a�ditive 
down to about 85Hz, and the low-frequency slope is 
reduced from 24 dB to about 18 dB per octave. 

Moderate stuffing density, as shown in Fig. 7(b), re
sults in a well-behaved transmission-line system with a 
sag of perhaps 2 dB around 300 Hz and gentle,rolloff 

, below 150 Hz. Below 100 Hz the slope is about 12 dB 
per octave. Although pipe output is well below cone 
output, the two are additive over more than two octaves. 
The <mly identifiable resonance in the impedance curve 
is/H. The system is starting to behave very much like a 
closed box. 

Still more stuffing results in a purist's transmission 
line, \Yhich effectively swallows up back radiation 
through the passband, as in Fig. }(c). Going beyond this 
point is self-defeating since the output of the loudspeaker 
cone is progressively reduced by excessive damping. 

1k 

Frequency - H2 

Fig. 5. System of Fig. 2(b) with medium-density stuffing. 

20 100 1k 

Frequency - Hz 

Fig. 6. Response of loudspeaker on undamped straight pipe. Impedance (bottom), cone output, pipe output,and system re
sponse (bold). 
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7 TRANSMISSION-LINE DESIGN 
FUNDAMENTALS 

PAPERS 

For highest possible efficiency with minimal passband 
ripple, it is apparent that damping should be negligible 

up through the second harmonic yet provide more than 
20 dB of attenuation at the fourth harmonic. None of 
the materials tested even comes close. Rather than 
searching for a new kind of damping material, it seems 
more reasonable to look at the behavior of Fig. 7(b) and 

20 100 1k 
Frequency - Hz 
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(b) 
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(c) 

Fig. 7. Response of loudspeaker on st(aighC'
pipe. (a) Light damping. (b) Moderate damping. (c) Heavy damping. Impedance, 

cone output, pipe output, and systemiesponse';(bold). 
. '  
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see what changes might be made to flatten the response. 
First QTS could be increased to lessen midrange sensi

tivity and thus level the response above 150 Hz. Also, 
as in a closed-box system, it appears that Is should be 
substantially lower than 13' Finally, to keep passband 
ripple within ± 1 dB, the stuffing density must be in-
creased slightly. 

' 

With some trial-and-error tweaking of the loudspeaker 
parameters, the response of Fig. 8(a) was achieved. Now 
13 matches Ip while Is is an octave lower. QTS is about 
0.5 and the pipe volume is one-half V AS' Apart from 
selecting the right stuffing density, this is sufficient in
formation to duplicate the response curve for<any des:ired 
low-frequency cutoff. Notice that the pipe diameter is 
determined by the pipe length and Vp• The cone diameter 
per se is nota factor in low-frequency enclosure design, 
as Small proved more than 25 years ago [13]. 

In Fig. 8(a) the pipe output and cone output add con
structively down to 40 Hz or lower. Therefore it might 
be possible to set 13 as much as an octave below Ip by 
specifying the proper loudspeaker parameters, with no 
change in stuffing density. With the benefit of hindsight, 
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this is a logicalassumpfion. It is confirmed by computer 
modeling and te'st results. Fig. 8(b) shows how a nominal 
109-Hz pipe can be "tuned" to 65 Hz. Efficiency goes 
down as well, just as one would expect from 
Thiele-Small analysis of box-type systems. 

Some experimenters have reported a miraculous ex
tension of the.)ow-frequency response by using high
density stuffing in very short pipes. This is wishful think
ing. In the real world, as the packing density is increased 
beyond its optimum value the system behaves more and 
more like an overdamped infinite pipe. For maximum 
efficiency it appears that lilp should be between 0. 7 
and 1. 4. 

The following simple alignment table summarizes the 
Thiele-Small relationships of Fig. 8: 

Fig. 8(a) 
Fig. 8(b) 

b fi 
Jp Jp 
1.0 0.50 
0. 6 0. 33 

2. 0 
1. 0 

0. 46 
0.36 

For a nominal 100-Hz pipe the alignments shown can 
be realized with 32-g/L polyester stuffing. However, 

.k 

F,-eCluen� - Hz 

(a) 
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(b) 
Fig. 8. (a) Response of straight pipe with improved alignment. (b) Response of extended low-frequency alignment. Cone output, 
pipe output, and system response (bold). 
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they can also serve as mUltipurpose alignments. The 
classic low-frequency rolloff of Fig. 7 (b) can be approxi
mated by halving QTS' To simulate an infinite pipe, the 
stuffing density should be increased by about 50%. 

These examples show what can be done with tradi
tional transmission-line design, but they are lossy. Effi
ciency is 2-5 dB less than for a comparable closed box. 
Fortunately the situation can be improved by considering 
something other than a simple straight pipe. 

8 ALTERNATE GEOMETRIES 

The computer analog made it easy to experiment with 
all sorts of geometrical modifications, including tuned 
stubs, abrupt discontinuities, tapered pipes, coupling 
chambers, and tricks with damping placement. Promis
ing designs were built and tested. Five of these managed 
to deliver greater efficiency without sacrificing the ttadi
'tional transmission-line performance. Fig. 9 shows these 
variant geometries: 

• Tapering the pipe (reverse flare) lowers the fundamen
tal resonance frequency without affecting the upper 
harmonics. The frequency range of constructive pipe 
output is broadened [Fig. 9(a)]. 

• Constricting the pipe exit (a vented pipe) has a similar 
effect [Fig. 9(b)]. 

• A coupling chamber lowers the fundamental resonance' 
and increases the high-frequency attenuation of damp
ing materials [Fig. 9(c)]. 

• An abrupt change in pipe diameter at one-third its 
length produces a reflection that offsets cancellation 
in the troublesome fourth-harmonic region [Fig. 9(d)]. 

• Mounting the loudspeaker at one-fifth the length of 
the pipe is even more effective in attenuating the pipe 
output near the fourth harmonic [Fig. 9(e)]. 

Of these, the tapered pipe, coupling chamber, and 
offset loudspeaker were cnosen for additional analysis. 

8.1 Tapered Pipe 

Tapered tranmission lines go back to Bailey's design 
[2]. The reasoning seems to be that since energy de
creases along the length of the pipe, space can be saved 
without making any difference in performance. In fact, 
tapering makes a big difference. 

Tapering an undamped pipe can lower/o by more than 
one-third octave. Upper harmonics are almost un
changed. In a transmission-line loudspeaker system 13 
shifts down, giving a useful extension of the low
frequency bandwidth. 

An area reduction between 1:3 and 1:4 seems to work 
best. If the pipe throat is too large, �.r9ss modes can 
be a problem. If the mouth is tqQsmail,' excessive air 
turbulence may result. The tapetcan be iinear or conic, 
or approximated by cylindrical sections. These variants 
influence the pipe output, but not enough to appreciably 
affect the overall system respons�. F:ig. 10 shows the 
performap.ce of an optimized system(gormalized to a 
low-frequency cutoff of 100 Hz. 

. 
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8.2 Pipe with Coupling Chamber 

Coupling chambers have also been used in many trans
mission lines. The idea seems to have evolved empiri
cally. Technical explanations range from better imped
ance matching to suppression of pipe resonances. The 
latter is close to the truth. 

The loudspeaker cone is coupled to the pipe throat by 
the springiness of the air in the chamber. At mid and high 
frequencies the throat impedance is largely resistive, 
and the resulting low-pass action adds another 6 dB per 
octave of high-frequency ro11off. This can easily be seen 
by comparing Figs. 10 and 1 1. Both systems are 9-L 
nominal 125-Hz pipes stuffed with the same packing 
density. The coupling chamber is also stuffed. In Fig. 
1 1  the coupling chamber accounts for 3 L and a slimmer 
pipe contains the remaining 6 L. 

The system response of Fig. 11 closely matches that 
of Fig. 10 .. Above 200 Hz, however, the pipe output 
rolls off more rapidly and passband ripple is reduced 
even though the ripple frequencies have moved down. 
Also, in the 100-Hz region the cone excursion is 
slightly less. 

For the system to function as modeled there must be 
a clear demarcation between pipe and coupling chamber. 
On the other hand, if the chamber is too large, then we 
have restored the cavity that the transmission line was 
supposed to eliminate. A good compromise is to make 
the chamber volume one-third of the total volume. 

8.3 Offset Loudspeaker 

Quarter-wave stubs are sometimes used in duct si
lencers to suppress specific frequencies. In a damped 
transmission line the effect is more akin to a shelving 
filter. Fig. 12 shows how this geometry can be used to 

(a) kTI k::::�--'----:----

(b) I'---kD ____ -----l� 

(c) · QC __ --'---__ 

(d) 

(e) 

Fig. 9. Alternate pipe geometries. (a) Tapered. (b) Vented. 
(c) Chamber. (d) Stepped. (e) Offset loudspeaker. 
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achieve performance at least as good as in the previous 
examples. A straight pipe is used with the loudspeaker 
located at one-fifth the length of the pipe. 

This system has the same volume, the same stuffing 

LOUDSPEAKERS ON ClAA4PED PIPES 

density, and the same low-frequency cutoff as the previ
ous two examples·. However'!3 is now higher thanfp. 
A longer, thinner pipe is required for comparable 
performance. 

.. 

Fig. 10. Tapered pipe transmission-line response. Cone output, pipe output, and system response (bold). 

:.i ....... , 

.. 

Fig. 11. Coupling chamber transmission-line response. Cone output, pipe output, and system response (bold). 
, 

, 

,� .. 
Fr� - Itz 

Fig. 12. Offset loudspeaker transmission-line response. Cone output, pipe output, and system response (bold). 
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8.4 Alignment Table 

Alignments based on the Thiele-Small parameters are 
listed in Table I for all three systems. Three sets of 
values for each

-
design offer a reasonable spread of loud

speaker choices. In reality, all three alternates represent 
the same loudspeaker mechanism with different cone 
suspension compliances. 

8.5 Combinations 

It is possible to combine various pipe geometries. As 
a case in point, a coupling chamber can drive a tapered 
pipe. Although it has been used in at least two commer
cial transmission-line designs. this combination provides 
no reduction in pipe volume and slightly degrades the 
low-frequency perfonnance. 

Other combinations are similarly disappointing. For 
example, a tapered pipe with an offset loudspeaker pan 
be'made to squeeze out another decibel of efficiency, 
but at the cost of greater cone excursion. The net result 
is a decrease in the maximum low-frequency output. 

8.6 General Comments 

The optimized transmission lines described are char
acterized by second-order "low-frequency rolloff with 
minimal passband ripple. The efficiency dm match that 
of an equivalent closed-box system, however the pipe 
output contri!>utes 2-3 dB in the low-frequency region. 
Since loudspeakers are displacement limited at low fre
quencies, the net result is a corresponding increase in 
maximum output. 

9 STUFFING SPECIFICATIONS 

In theory, separate system alignments would be re
quired for different stuffing materials, different packing 
densities, and different pipe lengths. However, the gen-
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eral trend for all materials is an increase in sound attenu
ation with an increase in frequency. As previously noted, 
if appropriate packing densities are chosen for the four 
materials studied, then their damping characteristics are 
similar over a moderate range of frequencies. 

There is little concern about the pipe output at frequen
. cies well below /3 because this region is out of the pass

band. For acceptable pass band ripple. the pipe output 
must be at least 15 dB below the cone output at frequen
cies well above /3 and will continue to drop at higher 
frequencies. It follows that for a specified cutoff fre
quency, the damping characteristics must be matched 
only over a range of two octaves or less. However, 
densities for pipes of various lengths must be specified 
separately. 

Table 2 is a cross reference chart to be used in combi
nation with Table I. It shows the equivalent densities 
of four stuffing materials over a range of useful pipe 
lengths. The information is derived from several sets of 
measurements for each material and should be reasona
bly accurate for fiberglass, Acousta-Stuf. and polyester. 
Fewer tests were made with microfiber and a fair amount 
of interpolation is included. Also, tests made with very 
low packing densities show appreciable variations. 

Which material.is best? Each material has its own 
damping characteristics, and even with close matching 
the differences may be audible. On this basis the choice 

�is arbitrary, but there are other factors to consider. Prob
ably the most important is consistency. 

Polyester pillow stuffing seems to be fairly generic, 
but there is no guarantee that a batch from another manu
facturer wil! be the same as Poly Fluff. Fiberglass ther
mal blanket delivers consistent performance at packing 
densities greater than 15 g/L. Its unpacked density is 
about 10 glL (0.6 Ib/ft3), and its physical properties are 
held to close tolerances. On the debit side, it is nasty 
stuff to work with. 

Table I. Oplimized alignments for three practical systems. 

Design Nls NIp !.If, VAslVp Q� 
Tapered I 2.0 0.8 0.40 3.10 0.36 
(nom. 4;1) 11 I.. 0.8 0.50 2.00 0.46 

III 1.3 0.8 0.63 1.20 0.58 

Coupling chamber I 2.0 0.8 0.4<) 2.14 0.31 
II I.. 0.8 0.50 1.35 0.39 
III 1.3 0.8 0.63 0.84 0.50 

Offset loudspeaker I 2.0. 1.2 0.60 3.10 0.36 
11 I.. 1.2 0.74 2.00 0.46 
III 1.3 1.2 0.94 1.20 0.58 

Table 2. Packing densities (glL) for various pipe lengths for tapered, offset, 
and coupling chamber alignments. 

Length 
(m) 

0.61 
0.91 
1.22 
1.83 
2.44 

I, 
(Hz:) 
14<) 

94 
71 
48 
3. 

Acousta-
Sluf 

27.0 
21.0 
16.0 
12.0 

8.0 

Polyester Fiberglass Microfiber 

29.0 14.5 10.5 
22.5 11.0 9.0 
17.5 9.-5 7.5 
13.5 5.5 
10.5 4.3 
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Acousta-Stuf is more expensive than fiberglass or 
polyester but its characteristics are closely specified. As 
delivered, it is lumpy and must be thoroughly teased, 
especially for low packing densities. Otherwise, it is 
easy to use and delivers predictable results. 

Micrpfiber is very light and Ouffy. Once packed to 
the desired density it seems to stay in place, but loose 
wisps· will drift around for days. If the brand name Cel
anese Microfill is used, Ihen its acoustical properties 

should be as predictable as those of fiberglass or 
Acousta-Stuf. 

All of these materials can be tricky to use in long, 
large pipes requiring low packing densities. Partitioning 
a fat pipe into two or more tbin pipes will belp keep the 
stuffing in place and make the structure more rigid. Us
ing thick lining instead of stuffing is another alternative, 
but is outside the scope of tbis study. 

10 DIRECTIONAL EFFECTS 

Letts [8] seems to be tbe only researcher to have no
ticed the unusual directional properties of transmission 
lines. 

If the dimensions of a sound radiator are very small in 
comparison with the wavelength, then it is assumed to 
behave like a point source. Its coverage pattern is omnidi
rectional, constrained only by large adjacent s·urfaces. A 
small sealed or vented loudspeaker system is essentially 
omnidirectional at frequencies below 200 Hz or so. 

In contrast, a loudspeaker on a lightly damped straight 
pipe is a unidirectional gradient source ai low frequen
cies. Its coverage pattern is the same as tbat of a cardioid 
microphone. If the pipe output is less than the cone· 
output, the directional effects are less pronounced but 
still in evidence. The pipe output must be at least 15 dB 
below tbe cone output for the directivity to be deter
mined by the loudspeaker alone. 

All of the system response curves in this paper are 
on-axis curves, that is, they represent a response at some 
point equidistant from the loudspeaker and the pipe 
mouth. If the pipe output is appreciable, then the off
axis response and the total power response may both be 
quite different from the on-axis curve. Such differences 
are minimized if the loudspeaker and the pipe mouth are 
very close together. 

_ Since the Iqw-frequency tonal balance heard in a typi
cal listening room is dominated by generally reflected 
sound, it follows that a loudspeaker on a straight pipe 
may indeed sound different than one on an otherwise 
identical folded pipe. -

11 CONCLUSION 

This study has attempted to demystify the nonresonant 
transmission-line design pioneered by Bailey; a loud
speaker is mounted on a Ripe stuffed with tangled fibrous 
material of unifonn density, providing sufficient damp
ing to control the passband ripple yet allow useful re
inforcement of the cone output at low frequencies. 

With a few small modifications, Locanthi) horn ana-
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log was shown to be an excellent tool for modeling 
transmission-�ine loudspeaker systems. However, to de
rive usable parameters for real-world damping material 
it was necessary to test a number of pipes with different 
materials of varying del)sities. 

Based on:test results, four empirical parameters were 
found sufficient to apprnximate the perfonnarice of 
damped transmission lines. Three of these define a 
frequency-depenCient resistive component. Surprisingly, 

the relative propagation velocity can then be set to a 
constant value even though, in reality, it is also fre

. quency dependent. 
For a pipe of given length, different materials require 

different packing densities to achieve desired damping. 
Once this is done, the passband performance is essen
tially the same for any of the materials tested. 

The pipe length establishes a usable range of cutoff 
frequencies, typically a one-octave band centered at/I'. 
Within that range, /3 is controlled by the loudspeaker 
parameters in relation to pipe length and volume. Damp
ing remains unchanged. � 

In contrast to a basic cylindrical pipe, at least four 
other geometries allow lighter damping, which results 
in higher efficiency. Systems can be scaled to any cutoff 
frequency and any practical efficiency by using simple 
alignment tables. Optimized alignments were developed 
for three alternate geometries. Allowing for ± I-dB pass
band ripple, these new alignments approximate the re
sponse of an equal-volume closed box, but with reduced 
cone excursion and correspondingly greater maximum 
low-frequency output. . 
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THE LIGHTNING EMPIRICIST 
Advocating electronic models, at least until livelier instrumentalities emerge 
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Analog Installation at Hercules Powder Co., Magna, Utah, .U.S.A ..... 

INTENTIONALLY UNCONVENTIONAL ANALOGUERY 

Y
OUR orthodox present-day analog computing ma
chine is a thing of pots and patches. That is to say 

it presents to the viewer a pattern made up of one or 
more patch bays and a large number of ten-tum poten
tiometers. Patch cords, generally plugged into boards 
which occupy the patch bays, establish the sequence of 
operations comprising the system to be simulated and 
solved. The settings of the potentiometers are made in 
accord with parameters which determine the quantita
tive nature of the system under study. 

Perhaps the most striking feature of this Hercules 
installation is the absence of pots and patches, both 
being replaced in a uniform way by rotary, manual 
switches. The switch settings, which may be recorded 
in a perfectly natural way, embody and define the 
interconnections as well as the parameters of the system 
being investigated. A number of advantages follow 
from this pervasive application of switching throughout 
the machine, as we shall explain in a moment. 

Other features include: a conceptual framework 
which is mathematical, rather than electronic; provision 
for panceleric performance, whereby the same appara
tus operates periodically or aperiodically with a com
puting time ranging from below 0.05 seconds up to 
50 seconds or beyond; and a large-screen electronically 
calibrated display which permits direct comparison of 
many variables and convenient photography. 

Machemacical Framework 

We love operational amplifiers as much as the next 
analog enthusiast. Many are involved in this installa
tion. The fact is we have probably manufactured most 
of the operational amplifiers now being used on this 
planet. But we deprecate the practice of asking the user 
of computing machines to think in terms of such ampli
fiers. In this machine, for example, the user deals only 
with mathematical concepts and operations. His basic 
such operations comprise: linear combinations of one 
to four terms; time integrals of such combinations; 
multiplication and division; bounds; and functions of 
variables. These, and certain other minor operations, 
are collected into three principal operational modules, 
described elsewhere in these pages. Note in particular 
that the concept of linear combination includes, as 
special cases, the ideas of adding, subtracting, invert
ing, and averaging. 

The user, in dealing with his differential equations, 
or functional block diagrams, or signal flow charts, has 
enough to worry about without electronic folklore. To 
him such facts as the habitual minus sign involved in 
one-amplifier transformations must appear as an irrele
vant trick of fate. By offering a simple environment 
for the user's deliberations, his attention may center on 
the important matters of normalising, scaling, ranges 
of parameters, etc. 



Switched Coefficients 

Multi·turn potenliometers belong to our culture. They 
are available from many makers, with knobs and scales 
of surpassing cleverness. We like them. We have used 
them in certain instruments. We do not advocate them, 
however, for a general purpose machine such as this. 
Among other reasons are the following: 

(a) They are hard to set. 
(b) They are hard to read, especially from over two 

feet away. 
(c) They are subject to loading errors. 
(d) They waste power. 
(e) They do not lend themselves to convenienlly 

calibrated conductance settings. 
The usual procedures in which potentiometers are 

manipulated to establish coefficients do not involve the 
dial calibration except as an approximate guide or as 
means whereby one can return to previously held posi
lions. Since the fractional rotation itself is unusable as 
an accurate coefficient measure, other means are used 
to measure the fractional transmission of signal through 
the potentiometer, the latter being manipulated man
ually or automatically until the desired transmission 
results. Conversely, an experimental setting must be 
followed by such a measurement to formalize a coeffi
cient value. This seems too bad, and inferior to a 
means of coefficient setting wherein the numerical value 
may be established or read out directly. 

The preferred method of handling coefficients in 
this machine, covering in fact substantially all the com
puting parameters, involves switch setting by decades 
for numerical value and switch setting for algebraic 
sign. The settings as made have validity independently 
of load. They are easily and quickly made and readable 
from a distance. They are economical as to electrical 
power. This is nol the place for a detailed account of 
the means employed to accomplish this end, which is 
simple if mildly subtle. A three-terminal network is 
involved. whose transfer conducia_nce progresses arith
metically through as many decades as are required for 
precision. 

Voltages also may be incorporated by the same 
switching structures, both for sign and for numerical 
value, as fractions of reference voltages, in decades of 
conductance switches. Such voltages, indeed, may be 
looked upon as parameters of the mathematical 
description. 

Switched Interconnections 

Patch cords are simply replaceable lengths of covered 
wires which connect the outputs of selected computing 
sections to the inputs of others, and which thus deter
mine the order of internal operations, or "program." 
Patch boards are traditionally provided into which 
these cords can be plugged, and which in turn are 
bodily inserted - as gigantic multiple plugs - into 
patch bays which communicate electrically with all 
relevant elements of the machine. 

The idea of the patch board, of course, is to enable 
st.orage of the program, or pattern of interconnections. 
While it does this indeed, it fails to store the param
eters, which still must be estabHshed by setting po
tentiometers. As all initiates will agree, however, the 
dominant feature of patch boards is the wild and vermi
form tangle of cords which proliferate on them in the 
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case of problems which are more than trivial. These 
tangles are picturesque but not particularly efficient, 
and there is evidence that they conduce errors and that 
such errors are hard to track down. 

In the present installation, and in some earlier ex
perimental structures, all wires are removed from the 
front of the machine. Instead, every interconnection is 
made by a system of switches very much like that 
applied for parameters. A pair of decade switches locat
ed near each input on each' modular panel allows 
choice, as the variable to be applied to that input, of 
any output variable in the machine. Each such pair 
of switches may be said to embody an "inverse ad
dress," for evident reasons. Experience has borne out 
that this technique of switch' programming is resistant 
to errors and easy to operate. It looks like the intercon
nection method of the future. 

Problems for solution are set up on standard tabu
lar sheets, which formally resemble the modular panels 
of the machine itself. The entries are simply the switch 
settings and are uniform in style for interconnections 
and coefficients. These tables naturally serve for storage 
of problem embodiments for future reference. 

Accessories, Including Display 
At a central point, thoughtfully arranged about and 
upon an operator's desk, are instrwnents attending con
trol of and access to the computing machine proper. 
Included are: timing apparatus for determining the 
speed of operation of the machine, relating to the set
run-hold cycle of computation; recorders such as Visi
corders and fm tape machines; generators of standard 
time functions; and, of course, one or more human 
operators of appropriate sort. 

We are pleased that a role of importance was 
gi.ven to our electronically calibrated, large-screen, dis
play system. Hercules put this system into cabinetry 
of their own choosing. From the central desk, switches 
select any of the variables on the machine for plotting 
on the cathode ray display. Advantages of our display 
include, along with voltage and time calibration to 
good accuracy, the ability to compare solutions by 
superimposing them on the same coordinates, monitor
ing up to eight solutions, and cross-plotting of one such 
solution against up to seven others. 



Appreciation 
The Hercules installation is called by them the 
UNI-VERSE COMPUTER, presumably to reflect its 
universality of application. It is our policy not to 
judge the spelling of customers. The fact is we are very 
proud to have our apparatus chosen for this ambitious 
and fOfward·!ooking installation. While we natUJally 
have heard of some of the computing applications, we 
cannot describe them here without impropriety. We 
can say that the machine is in use on a full schedule 
and that some of the problems being solved are those 
formerly submitted to the digital facilities at Hercules. 
For problems of the latter type, the analog equipment 
permits the user more intimate contact for changes in 
solution conditions - changes which could not have 
been foretold before solution was attempted. This 
points up the superiority in general of analog methods 
for exploratory studies. 

The following indi
viduals among others, at 
Hercules, have contribut
ed to making successful 
the installation and its 
s u b s equ e n t  a p p l i c a 
tions: Messrs. D. J. Chol
ley, F. M. Wan lass, K. S. 
Cook, and L. Godfrey. We 
want especially to thank 
Mr. David J. Cholley, An
alog Analyst at Hercules, 
with whom we have had 
the closest contact. His 
courage and faith supported our efforts in more ways 
than we like to admit. It is hard to see how the project 
would have tumed out so well without him. This is how 
he looks when not displeased. He prepared for his 
present activities at Mount Union College, Alliance, 
Ohio, t2.king the degree of Bachelor of Science. 

Incidentally, we have reprinted, and have avail
able for interested readers, a pamphlet written by Mr. 
Cholley in connection with this installation, having the 
title "A Particular Application of FM Tape Used With 
An Analog Computor." 

Complement of Philbrick Equipment 
in Hercules Installation 

as Shown in Photographs 

48 Model SK5-U Universal Linear Operators 
16 Model SK5-M Multiplier-Dividers 

5 Model SK5-F Arbitrary Function Generators 
3 Model SK5-R Relay Control Components 
1 Model 6009 Operational Manifold 
9 Model R-600 Regulated Power Supplies 
3 Model R-500 Regulated Power Supplies 
1 CS2 Central Signal Component 
1 CRM Central Response Component 
1 5934 Multi-Channel Calibrated Display System 
1 Camera Accessory for Display System 
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Selected Additional Installations 

Since this issue is principally devoted to the nature 
and applicability of the SK5 modules concept, 
there is included below a group of photographs 
and brief descripcions which cover representative 
computing facilities in which the SK5 devices are 
given central ro les. 

The new installation in the Physiology Department of 
Western Reserve University Medical School in Cleve
land is to be used for various research problems prin
cipaJ1y in the field of endocrinology. The computor 
will model transient diffusion, mixing, and reaction 
kinetic phenomena to help detennine the mechanisms 
involved i n  the biosynthesis of honnones. In charge 
of the computor is Dr. Thomas Hoshiko, Assistant 
Professor, whose research is concerned with ion trans
port through membranes. Others concerned with the 
computor include Dr. George Sayers, Head of the 
Department of Physiology; Dr. Howard Sachs, whose 
research concerns the biosynthesis of Basopressin; Mr. 
Gerald Lower, Electronics Technician; and Mr. Barry 
Lindley, Graduate Student. 

The system shown consists of six SK5-U's, three 
SK5-M's, two SK5-F's, and a 5934 Calibrated Display. 



The SK5 Computor at the Portsmouth Naval Shipyard. 
New Hampshire. is in the Computing Branch of the 
Design Division which is in the Planning Department 
under the guidance of Richard Wade. the Supervisory 
Engineer. and Robert Perkins. the Electronic Engineer. 

This facility is made available to all engineers and 
scientists connected with the yard on an "open shop" 
basis. Typical problems solved include torpedo firing. me
chanical shock, emergency surfacing & emergency Hooding 
of submarines. vibration and design of dash-pots. 

The Dow Chemical Company installation at the Process 
Control Laboratory, Freeport, Texas, is used for the study 
of process control systems. Engineered by the Project 
Engineering Department of The Foxboro Company, it 
consists of K5-U computing modules and twenty-four 
Foxboro electronic controllers and pen recorders. 

The Texas Division of Dow Chemical Company had 
spent two years developing analog techniques, and pro
cured this computor built to fill their needs. The processes 
are modeled with the. K5 computor and controlled with 

4 

Or. Heinz W. Kasemir. shown in photo above, is the 
scientist in charge of t.he U. S. Army Electronics Research 
and Development Laboratory. Fort Monmouth. New Jer
sey, Oakhurst Field Station. 

This installation is used for such typical pu rposes 
as solving complex differential equations bearing on prob
lems of atmospheric electricity, and in the development 
of sophisticated electronic systems for making frequency 
analyses of the speed of lightni.ng strokes and altitudinal 
variations of air-earth electrical currents. 

hardware similar to that used in actual processes. This 
enables the engineer or process man to test and evaluate 
the design of a plant before it is built and to train operat
ing personnel. 

This controller/simulator is under the supervision 
of Porter Hart, Director of the Process Control Labora
tories, and Bernard Poettker, Senior Research Physicist. 
The K5 portion of this installation consists of 32 K5-U's, 
13 K5-M's, 5 K7-A10's, 5 RC's, 4 FF's, and a 5934 Dis
play System. 
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The Analog Computing Facility at the Massachusetts 
Institute of Technology is located in the Engineering 
Projects Laboratory. Conceived and promoted into 
tangible form by Professor Henry M. Paynter of the 
Mechanical Engineering Department.· it may be used 
by staff and students of all departments. I t  is available 
on an open-shop basis and is in active use on a twenty
four hour. seven-day-a-week schedule. Because it is 
modular in assembly. the computor has been used suc
cessfully dUIing peak load periods. even in the midst 
of the bi-weekly. three-hour period reserved for main
tenance and calibration. Since the computor was in· 
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Shown at the left is an 
installation at the Latter 
Day Saints Hospital in 
Salt Lake City which is 
used for the reduction of 
biological data and the 
simulation of biological 
s y s t e ms. Dr.  H o m e r  
Warner, who is in charge 
of this area has devel· 
oped many novel tech
n i q u e s  f o r  s o l v i n g  
physiological problems. 
His plans for the future 
include coupling the K5 
computor to a digital 
system in order to per
form convolution and 
correlation. He is ably 
a s s i s t e d  by San ford 
Topham and W a y n e  
Wiscomb. Included are 
19 K5-U's, 5 K5-M's, 3 
RC's, 2 K7-AIO's, 3 FF's, 
and a 5934 Display Sys
tem & Camera. 

stalled in 1958. none of the equipment has been out 
of service for more than a day. The installation in
cludes 20 K5-U's, 4 K5-M's, 2 RC's, and a 5934 
Display System (which does not appear in this photo), 
as well as some earlier manifolds. utility packaged 
amplifiers, and regulated power supplies . 

• A long and fruitful cooperative relationship has 
existed between this Company and the above-named 
Department of MIT. particularly through association 
with Doctor Paynter himself. His inspiration and ac
knowledged. mastery of engineering analysis have sup
ported our convictions on the power of models. 



Philbrick SK5 Series of Compuring Modules 

MODEL SK5-U UNIVERSAL 
LINEAR OPERATOR 

The SK5-U is the basic module of an SK5 assemblage, 
providing capability to compute a linear combination 
of four input variables. or allernatively the time inte· 
gral of such a combination. All parametric and internal 
functional changes are made with multi position switches 
which provide both convenience and flexibility. Direct 
mathematical programming eliminates much of the 
confusion and drudgery associated with conventional 
analog computing. 

The SK5-U applies an independent arbitrary 
coefficient (of either sign) to each of four input vari
ables. The coefficients are repeatably and rapidly set 
with decade switched conductive networks (rather than 
potentiometers) to three significant figures with less 
than 0.2% error. Their values range from -10.00 to 
+ to.OO in sleps of 0.01. 

The output may be the sum of these weighted 
variables multiplied by ten raised to an arbitrary 
power (-I, 0, 1, or 2) and added 10 an adjustable 
arbitrary three·digit index. Alternatively, the output 
may be selected to be the time integral of the weighted 
swn multi pled by an arbitrary power of ten (0, I, 2, 
3, 01' 4) starting from an initial condition determined 
by the three·digit index. Set, hold, run logic can be 
manually or automatically controlled independently of 
or in synchrony with other integrators. 

The availability of five integration rates inde
pendently selecl.able for each SK5-U enables systems 
consisting of bot.h slow and fast sub-systems to be 
conveniently modelled. Most problems may be solved 
repetitively at a rapid rate convenient for optimizing 
parameters with an oscilloscopic display, or singly at 
a conveniently slow rate for electro-mechanical input 
or output devices. 

The SK5-U output is non-linearly constrained to 
remain between precisely fixed upper and lower bounds. 
These bounds, in addition to providing protection 
against chopper stabilized amplifier saturation, may be 
used to achieve a variety of elementary non-linear 
operations such as absolute value, arbitrary bounds, 
dead zone, hysteresis, and crossing detection. 

The SK5-U has lwo chopper stabilized amplifiers. 
Normally, one is used as an inverter to achieve the 
coefficient sign option. However, these amplifiers may 
also be used independently. thus increasing the com
puling capability of a single SK5-U with the sacrifice 
of arbitrary sign for the coefficients. This feature is 
of arbitrary sign for the coefficients. 
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MODEL SK5-M UNIVERSAL 
MULTIPLIER-DIVIDER 

The SK5-M is an analog multiplier-divider of superior 
performance and reliability, designed for use in com· 
puting, controlling, and measuring applications. The 
output is proportional to the product of two input 
variables divided by a third. The constant of pro
portionality is switch selected in the ranges 0.100 to 
1.000 in steps of 0.001 or LOO to 10.00 in steps of 0.01. 

A mode switch automatically applies 100 volts 
to the denominator input, in the Multiply mode. or 
100 volts to one of the numerator inputs, in the 
Divide mode, if one does not require simultaneous 
multiplication and division. Square rooting of a nu
merator input is accomplished by feeding back the 
output into the denominator input using the Divide 
mode. 

As is the case of all SK5 modules, the SK5-M 
has nominal output range of ± 100 volts. The output 
is bounded at ± 110 volts to prevent saturation of the 
chopper sk'lbilized amplifiers employed in the circuit, 
thus assuring virtually instantaneous recovery from 
any output over-voltage condition such as might result 
from a small denominator input. 

The numerator input variables may be either 
positive or negative; but should the denominator input 
be negative, the SK5·M output will bound at ± llO volts. 

The SK5-M employs a. lriangular wave method 
for mu-'iiplication similar to that employed in the 
K5-M and MU/DV Multipliers. An inherent property 
of this method is the reduction of error as one or both 
of the numerator terms approaches zero. The SK5-M 
static accuracy is comparable with that of a good servo· 
multipli

.
er (less than 100 millivolts including eight 

houl'dnft) yet the SK5-M has a bandwidth comparable 
to many quarter-sq1;lare multipliers. 

The SK5-M may be used to measure directly 
the mean square value of a signal having frequency 
components as high as 3 kcps with no apparent dy
namic error. This may be accomplished by inserting 
a su.itable capacitor in parallel with the feedback resis· 
tor of the output amplifier using jacks provided on 
the rear panel. 

_ 
As in the case of the 

.
Model SK5-U module, the 

mputs and output are avaJiable on a rear panel con· 
nector as well as on front panel jacks, thus facilitating 
either direct front panel patching or remote patching 
or switching. 
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MODEL SK5-H OPERATIONAL MANIFOLD 

The SK5-H Operational Manifold contains five high 
gain, wide band dc chopper stabilized and boosted 
operational amplifiers each capable of driving a 10 K 
load from -100 to + 100 volls. For each amplifier, 
there are input and output tenninals as well as servic
ing signals made available on conveniently spaced 
front panel jacks. As is the case in all SK5 computor 
modules, these terminals and signals are available on 
rear panel connectors as well. This arrangement facil
itates either direct front panel patching or remote 
patching and switching. 

Individual boxes (Model U2), which plug into 
these front panel jacks, are available in both committed 
and uncommitted forms. The committed U2 boxes 
provide standard analog operations such as: 

Addition 
Multiplication by an Arbitrary Coefficient 
Differentiation 
Function Generation 
Integration 
Selection 
Bounding 

These enhance the capabilities of an SK5 computor 
by providing, at low cost, operations which cannot be 
perfonned by an SK5-U, M, or F, or which do not 
make efficient use of the capabilities of these modules. 

The uncommitted U2 boxes enable convenient 
assembly of special operational networks which in
volve a single amplifier. The use of these boxes is 
beneficial in any application where hum and noise 
must be small because the aluminum case properly 
grounded provides shielding against ambient electro
static and electromagnetic fields. 

The SK2 amplifiers in SK5-H are particularly 
well suited for critical applications. The dc open loop 
gain of these amplifiers is greater than 109 while noise, 
offset, and leakage are typically no more than 100p,v, 
30p.v, and 10-) 0 amps. respectively. Outputs are 
bounded at about ±105 volts (passively) to prevent 
saturation of the chopper stabilized amplifiers, thus 
assuring virtually instant recovery from any output 
over voltage. Under usual circumstances, the amplifiers 
can drive large capacitive loads. For instance, when 
the load resistance to ground is 100 K or greater, a 
load capacitance as large as 1000p.p.F can be driven 
at the maximum amplifier rate, +6 volts/ p.sec., without 
special stabilization. 

Premium quaJity components are used throughout 
to achieve high reliability consistent with many on-line 
control and critical measurement applications. Further
more, as with the other SK5 modules, the SK5-H 
has an individual induced draft fan of capacity ad· 
equate to maintain the chassis and panel at almost 
ambient temperature. 
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MODEL SK5-F ARBITRARY 
FUNCTION COMPONENT 

The SK5-F perfonns an arbitrary static non-linear 
operation on a single input variable. In addition to 
having non·interacting break-point and slope adjust
ments, the SK5·F provides adjustable parabolic smooth
ing at each break point, thus approximating the desired 
function with a sequence of linear and tangent para
bolic segments. Many smooth functions may be ap· 
proximated using the SK5-F with an error not exceeding 
0.2% of full scale at any point along the function. 

Although the SK5-F resembles its predecessor, 
the FF, many notable improvements have been made. 
Slope increments as large as ± 10 may be adjusted 
accurately without interaction with previous adjust
ments. The chopper stabilized amplifiers have limit 
protection so that they cannot saturate during the 
function programming. Bandwidth is independent of 
the function programmed (3db at 2 kcps) , except that 
it may be nearly doubled if the maximum slope incre
ment can be limited to +5 by feeding back the output 
to the null input. Also the null input may be used 
to program functions on the SK5-F which may be 
available as voltage functions of time. 

Premium SK2 series amplifiers and high quality 
components are used in each critical location to achieve 
good reliability and repeatability. Furthennore, the 
module is cooled with an induced draft fan of sufficient 
capacity to prevent significant temperature gradients. 

Inputs and outputs are available on front panel 
jacks and on a rear panel connector so that either local 
front panel patching or remote switching or patchi.ng 
may be employed. 

Typical of the U2 plug·in components used with the 
SK5-H Operational Mahifold (at left) is the U2-A 
Adder shown here. 

The available operators are enumerated in the 
SK5-H section; or the user may build his own specials 
in uncommitted cases of this type, which are available 
in kit form and require only the simplest mechanical 
modification. This can be done in any laboratory or 
model shop. 
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Candid Shot of our Celebrated Graph Paper 

The 5934 Multichannel Calibrated Display System is 
a convenient monitor for such instrurnentalities as an 
analog comput�r, providing an accurate readout for 
repetitive or triggered behaviour. Up to eight variable 
voltages may be plotted simultaneously in correct 
phase and voltage relationship against a highly accurate 
coordinate system. The 5934-0 Display System Camera 
provides a 4 x 5 photographic record similar to the one 
reproduced. This reproduction is a negative, the cus
tomary photograph having white lines on a black field. 

The coordinate grid consists of 21 horizontal lines 
at 10 volt increments from -100 to + 100 volts and 
101 vertical lines at 1% intervals of the selected dis
play period. Each coordinate and signal voltage is 
sampled every 62.5 microseconds. A vertical flying 
scan system displays these samples on a large cathode 
qy tube. Periodically, an entire vertical scan is 
brightened to provide the time calibration lines. Since 
the grid and signals are displayed simultaneously and 
by the same .electron beam, drift, distortion, phase, 
and parallax errors are eliminated. The resulting ac
curacy of the coordinate grid relative to the signals 
permits voltage and time to be read with an accuracy 
comparable to that of the best recorders, at speeds use
ful for instant evaluation of repetitive analog solutions. 

The 5934 produces an output signal which may be 
used to synchronize the computor to the repetitive 
display period. Alternatively, the start of the 5934 
display period may be triggered periodically or aperi
odically with an external signal enabling the display 
interval to be synchronized with an input device such 
as a tape recorder. 

Although the usual application of the 5934 in· 
volves the plotting of computor variables vs. time, the 
cross plot mode pennits up to seven input variables 
and the voltage calibration to be plotted simultaneously 
against the eighth. This is useful in making frequency 
response measurements and in phase plane analyses. 

The figure above demonstrates the rather unusual 
use of the 5934 to present the solution of an algebraic 
cubic equation. The independent variable is swept 
from its minimum to maximum value as ramp function 
of time. The ramp is generated by integrating a con
stant. Integrating again yields the square of independ
ent variable and a third integration yields the cube. 
By weighting and swnming these functions and adding 
a constant in an SK5-U, the desired cubic equation 
is programmed such that when the SK5-U output is 
zero, the cubic equation is satisfied. 
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HIGH-PERFORMANCE AMPLIFIERS 
The SK2 Series of octal plug-ins used together form 
an amplifier with outstanding characteristics for com
mercial applications. Their superior perfonnance led 
to their utilizatiorr in the SK5 computing modules. 
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Model SK2-V Differen.tial Operational Amplifier is an 
octal plug-in designed for computing, controlling, and 
instrumentation. All SK2 amplifiers, have an all-metal 
case and plug .and feature our prize-winning exo
skeleton construction. The SK2-V has ± 100 volts out
put at ±3.0 ma, although much higher voltages are 
possible. 

Low drift, low input error, and unusually high 
gain enable the SK2-V to perform very accurate com
puting operations. High speed computing is possible 
too for the open-loop gain, greater than 100,000 at dc, 
reaches unity at about 1.0 mcps. 

Model SK2-B Booster Amplifier, also an octal plug-in, 
was designed especially for use with Philbrick opera
tional amplifiers (such as SK2-V, K2-XA, and K2-W). 

SK2-B follows an SK2-V where output currents 
greater than 3 ma are required, the SK2-B being used 
to drive the load, allowing the SK2-V to run essen
tially unloaded. This combination will drive loads 
up to ±20 ma at ± 100 volts and will maintain the 
high performance of the SK2-V. 

Model SK2-P Stabilizing Amplifier is an octal plug-in 
chopper amplifier specifically designed to stabilize 
operational amplifiers such as the SK2-V. The drift 
rate of the SK2-V, under optimum conditions. is 
typically about 5 mv per day, but can be many times 
greater (perhaps 25 or 50 mv) if proper precautions 
are not observed. When combined with the SK2-P, 
these drift rates can be reduced to a level usually 
below 100 microvolts per day. Dependability has 
been stressed as the major objective in the design 
of the SK2 series amplifiers. Dissipation has been 
kept so low that even without any heat sink the case is 
only reasonably warm. 

THE LIGHTNING EMPIRICIST 
B e g i n n i n g  w i t h  t h i s  i s s u e ,  THE LIG H T N I N G  
EMPIRICIST will be published at quarterly intervals 
by Philbrick Researches, Inc., at 127 Clarendon Street, 
Boston 16, Massachusetts. This Journal began in June, 
1952, and has appeared "aperiodically," in its earlier 
format, seven times since then. The staff of Philbrick 
Researches will serve in the various editorial and pro
duction capacities as needed. Comments and contribu
tions will be welcome and should be addressed to 

Editor, LIGHTNING EMPIRICIST. 

Printed in U.S.""'. 
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Direct Radiator 
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A comprehensive analysis of the effect of cabinet configuration 
on the sound distribution pattern and overall response-frequency 

characteristics of loudspeakers. 

T

HE PRINCIPAL FACTORS which in
fluence the performance of a direct
radiator loudspeaker are the mecha

nism itself, the acoustical impedance 
presented to the back of the mechanism 
by the enclosure, and the outside con
figuration of the enclosure. The major 
portion of the work involving cabinet 
research, development, and manufacture 
has been directed towards the acoustical 
impedance presented to the back of the 
loudspeaker mechanism by the enclosure. 
The volume of the cabinet and the in
ternal damping means play the most 
important role in determining the 
acoustical impedance presented to the 
back of the loudspeaker. In other words, 
most of the considerations concerning 
the design of cabinets for direct-radiator 
loudspeakers have involved the volume 
or overall dimensions of the cabinet 
which-together with the mechanism
determines the low-frequency perform
ance. The third factor, namely, the ex
terior configuration of the cabinet, in
fluences the response of the loudspeaker 
system due to diffraction effects pro· 
duced by the various surface contours oj 
the cabinet. The diffraction effects an 
usually overlooked and the anomalie! 
in response are unjustly attributed t< 
the loudspeaker mechanism. Therefore 
in order to point up the effects of dif. 
fraction, it appeared desirable to obtai! 
the performance of a direct-radiator 
loudspeaker mechanism in such funda
mental shapes as the sphere, hemi
sphere, cylinder, cube, rectangular 
parallelepiped, cone, double cone, pyra
mid, and double pyramid. It is the pur
pose of this paper to present the results 
of the diffraction studies made upon 
these fundamental shapes. The respollse-

* RCA Laboratories, Princeton, New 
Jersey 
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SECTlONA.L VIEW 
Fig. 1. Sectional view of the 

loudspeaket mechanism. 

frequency characteristics of a direct
radiato r  l o udspeaker  mechan ism 
mounted in these different housings 
yield fundamental information regarding 
the effect of the outside configuration 
of the cabinet upon the performance of 
this combination. From this study it is 
possible to evolve a cabinet shape which 
has the least effect in modifying the 
fundamental performance of a direct
radiator loudspeaker mechanism. 

Characteristics of the Sound Source 
In the experimental determination of 

the performance of direct-radiator loud
speaker mechanisms in various shaped 

angle a to the pressure for an angle 
a== 0, 

J 1 == Bessel function of the first 
order, 

R == radius of the piston, in centi
meters, 

a== angle between the axis of the 
piston and the line joining the 
point of observation and the 
center of the piston, and 

A = wavelength, in centimeters. 

The upper frequency limit for this in
vestigation will be placed at 4000 cps. 
The reason for selecting this limit is 
that the enclosures which will be used 

OO(DuL1J 
D E 

K 

L 

Fig. 2. Direct-radiator loudspeaker mechanism enclosures. The small circle with the dot in 
the ·center represents the speaker unit. 

enclosures, some consideration must be 
given to the radiating system. These 
considerations include the directional 
characteristics of the sound source and 
the sound power output characteristics 
of the SOUtlll source as a function of the 
frequency. 

In order to obtain the true diffraction 
elTects which are produced by the dif
ferent enclosures, the radiation emitted 
by the sound source must he independent 
of the direction. Since the diaphragm of 
the direct-radiator loudspeaker mecha
nism used in these tests is relatively very 
small, it can he assumed that it is a 
piston source. The directional character
istics of a piston source are given by 

2fl (
2:R

sin a) 
R". = 27rR. 

(1) 

Tsmu 

where R". == ratio of the pressure for an 

are relatively large. For example, the 
linear dimensions are eight to ten wave
lengths at 4000 cps. It will be stipulated 
that thc radiation from the cone of the 
loudspeaker mechanism at this frequency 
shall he down not more than 1.0 db for 
a = 90 deg. as compared to a = 0 deg. 
This insures a reasonably nondirectional 
sound source even at the upper end of 
the frequency range, that is, at 4000 cps. 
Of course, at lower frequencies the 
respons� discrepancy with respect to 
angle is much less. To satisfy the above 
requirements, the diameter of the dia
phragm or cone must be � in. Accord
ingly a. small direct-radiator loudspeaker 
mechanism employing a cone � in. in 
diameter was designed, .built, amI tested. 
A sectional view of the loudspeaker 
mcchanism is shown in Fig. L Measure
ments indicated that the directional per
formance agreed with that predicted by 
equation (1). 

The next consideration is the sound 
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Fig. 3. Schematic diagram of the apparatus for obtaining the response· frequency characteristics 
of loudspeakers. 

power output calibration of the sound 
source. The sound power output of a 
piston sound source radiating into 417" 
solid angles and operating in the fre
quency region in which the diameter 
of the piston is less than one-quarter 
wa,·e1ength1 is given by 

W• w' . 
PT=�S'X2=�X2 (2) 417"C 417"C 

where p= density of air, in gms.jcu. cm., 
c= velocity of sound, in cm.jsec., 
w= 217"/, 
f= frequency, in cps, 

S = area of the diaphragm, in sq. 
cm., 

x= r.m.s. velocity of the dia
phragm, in cm.jsec., and 

X = r.m.s. volume current produced 
by the mechanism, in cu. cm.j 
sec. 

Equation (2) shows that the sound 
power output P T of the sound source 
will be independent of the frequency I, 
if the velocity .r, of the piston is in
versely proportional to the frequency. 
The characteristics depicted in this 
paper have been reduced to a sound 
source of this type, namely, that when 
it radiates into 417" solid angles the sound 
power output will be independent of the 
frequency. Since the directivity pattern 
of the sound source is independent of 
the frequency, the sound pressure, under 
these conditions, will also be independent 
of the frequency. 

It may be mentioned in passing that, 
in the case of a direct-radiator loud
speaker mechanism operating in the 
frequency range below the ultimate 
acoustical radiation resistance, the 
velocity of the cone must be inversely 
proportional to the frequency in order 
to obtain constant sound power output, 
because the acoustical radiation resist
ance is proportional to the square of the 
frequency. In order to obtain this type 
of motion, the system must be mass 
controlled, which is the natural state 
of affairs in the direct·radiator type of 
loudspeaker mechanism above the funda-

1 If the upper frequency limit is placed 
at 4000 cps, the diameter of the :?i-in. cone 
will be less than one-quarter wavelength 
in the frequency range below 4000 cps. 

Fig. 4. Equipment set-up for obtaining the 
response-frequency characteristics of loud

speakers. 

Fig. 5. Mi crophone 
and small direct
radiator loudspeaker 
mechan ism of Fig. 1 
under test in the 

free-field room. 
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mental resonant frequency of the system. 
In other words, the performance char
acteristics depicted in this paper are, 
for all practical purposes, the character
istics which will be obtained if con
\·entional direct-radiator loudspeaker 
mechanisms are used in these enclosures. 

Enclosures 
The enclosures used in these experi

ments are depicted in Fig. 2. The sheet 
metal sphere shown at (A) is 2 ft. in 
diameter. The loudspeaker mechanism 
is mOt01ted with the cone approximately 
flush with the surface. The sheet metal 
hemisphere shown at (B) is 2 ft. in 
diameter with the back closed by a flat 
hoard of hard wood. The loudspeaker 
mechanism is mounted upon the zenith 
of the hemisphere with the cone of the 
loudspeaker mechanism approximately 
flush with the surface. The sheet metal 
cylinder shown at (C) is 2 ft. in di
ameter and 2 ft. in length. The ends of 
the cylinder were closed by plywood 
hoards of hard wood. The loudspeaker 
mechanism is mounted in the center of 
one end with the cone of the loudspeaker 
mechanism mounted flush with the sur
face. The cylinder shown at (D) is of 
the same size as that of (C). In (D) 
the cone of the loudspeaker mechanism 
is mounted approximately flush upon 
the cylindrical surface midway between 
the ends. The sides of the wood cube 
shown at (E) are 2 ft in length. The 
loudspeaker mechanism is mounted in 
the ceuter of one face with the cone 
flush with the surface. The base of the 
sheet metal cone shown at (F) is 2 ft. 
in diameter. The height of the cone is 
1 ft. The base of the cone is closed by 
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a board of hard wood. The loudspeaker 
mechanism is mounted in the apex of the 
cone. The cone was truncated to ac
commodate the small loudspeaker mecha
nism. The double cone of (G) consists of 
two cones, each of the same size as that 
of the single cone of (F), with the bases 
placed edge to edge. The loudspeaker 
mechanism is mounted in the apex of 
one of the cones. The length of the 
edges of the square base of the wood 
pyramid shown at (H) is 2 ft. The 
height of the pyramid is 1 ft. The base 
of the pyramid is closed by a board of 
hard wood. The loudspeaker mechanism 
is mounted in the apex of the pyramid. 
The pyramid was truncated to accom
modate the slllall loudspeaker mecha
nism. The double pyramid of (I) con
sists of two pyramids, each of the same 
size as that of the single pyramid of 
(H), with the hases placed edge to edge. 
The loudspeaker mechanism is mounted 
in the apex of olle of the pyralllids. The 
truncated pyramid of (J) is mounted 
upon a rectangular parallelepiped. The 
length of the edges of the truncated 
surface is 1 ft. The height of the trun
cated pyramid is 6 in. The lengths of 
the edges of the rectangular parallele
piped are 1 ft. and 2 ft. The loudspeaker 
mechanism is mounted in the center of 
the truncated surface. The lengths of the 
edges of the rectangular parallelepiped of 
(K) are 2 ft. and 3 ft. The loudspeaker 
mechanism is mounted midway between 
two long edges and 1 ft. from one short 
edge. At (L) a rectangular truncated 
pyramid is mounted upon a rectangular 
paraIlelepiped. The lengths of the edges 
of the rectangular paraIlelepiped are 
I, 2, and 3 ft. The lengths of the edges 
of the truncated surface are 1 ft. and 
20 ft. The height of the truncated 
pyramid is 6 in. One surface of the 
pyramid and one surface of the parallele
piped lie in the same plane. 

Measurement Apparatus and Techniques 
The small loudspeaker mechanism of 

Fig. 1 was mounted in the enclosures 
shown in Fig. 2. In obtaining true dif
fraction effects it is important that re
flection effects produced by room in 
which the response-frequency character
istic is obtained be reduced to a neglig
ible minimum. Therefore, all the re
sponse-frequency characteristics depicted 
in this paper were obtained in the free 
field room2• 3 of the Acoustical Labora
tory of the RCA Laboratories. A 
schematic diagram of the apparatus used 
for obtaining the response-frequency 
characteristics, along with detailed 
designations of the components are 
shown in Fig. 3. The complete recording 
system-including the RCA-44B ve
locity microphone, BAIA amplifier, and 
Leeds and Northrup Speedomax re
corder-was calibrated by the free 

2 H. F. Olson, J. AcollS. Soc. Am., Vol. 
IS, No. 2, p. 96, 1943. 

3 Olson, Elcmel.ts of Acoustical En
gineel'ing, D. Van Nostrand Company, 
New York, 2nd Edition, 1947. p. 359. 
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field reciprocity method.4, 5 A sinusoidal 
input was applied to the loudspeaker 
system under test .by means of t he com
bi n a t  i on RCA:68B beat-frequency 
oscillator and a BA-14A amplifier. The 
voltage applied to the loudspeaker systcm 
was mcasured by means of a Ballantine 
voltmeter. The measuring apparatus is 
shown in Fig. 4, and the microphone 
and the small loudspeaker mechanism 
of Fig. 1 tII:lk'r test in the free £leltl 
sound room are shown in Fig. 5. The 
response-frequency characteristics illus
trated and described in the sections 
which follow were obtained by means 
of the apparatus and arrangements de
scribed above. 

Sphere 
The tirst consideration will he the 

comhination of the direct-radiator loud
speaker mechanism of Fig. 1 and the 
spherical �nc1osure as showlI at (A) 
in Fig. 2. The axial response-frequency 
characteristic thus ohtained was cor
rected so that the volume current pro
duced by the mechanism was inverselv 
proportional to the frequency, as pr;
viously described. The response-fre
quency characteristicG, 7 of the combina-

4 H, F. 01 SOli, RCA RC'I)ic1t" Vol. 6, 
No.1, p. 36, 1941. 

5 Olson, l:lt'lIIe11ts oj Acoustical E,,
qilleerillg, D. Van No�trand Company, 
New York, 2nd Edition, 1947, p. 345. 

I; The response-frequency characteristics 
depicted in this paper were obtained on 
enclosures having the dimensions given. 
The respon�e-freCJuency characteristics for 
enclosures of other dimensions can be ob
tained hy multiplying the ratio of the 
linear ditnensions of the enclosure given in 
this paper to the linear dimensions of the 
new enclosl'Jre by the frequency of the 
response-frequency characteristic given in 
this paper. For example: if the linear 
dimensions of the new enclosures a re two 
times those of the enclosures described, the 
frequency scales of Figs. 6 to 17 inclusive 
should be mult iplied by one-half. 

7 The theoretical and experimental sound 
pressures on a sphere as a junction of the 
frequency fo r an impinging plane wave of 
constant intensity have been investigated 
by G. W. Stewart, Phys. Rev., Vol. 33, 
No. 6, p. 467. 19)), S. Ballantine, Ph)'s. 
Rev., Vol. 32., No.6, p. 988,1928 and Muller, 
Black and Dunn, J. Acous. Soc. Am., Vo\. 
10, No. 1, p. 6, 1938. The results reported 
,,�. these investigators agree with those de
picted in Fig. 6. This is to be expected 
frolll the reciprocity theorem which states 
that IIlIder appropriate conditions the source 
and observation points may be interchanged 
without altering the response frequency 
characteristics of the system. Sec Olson, 
Elemellts of Acoustical Engilleering, D. 
Van Nostrand Company , New York, N. Y., 
1947, p. 21. 

tion of a small direct-radiator sound 
source in which the volume current is 
inversely proportional to the frequency 
and a large spherical enclosure is shown 
in Fig. 6. It will be seen that the re
sponse is uniform and free of peaks and 
dips. This is due to the fact that there are 
no sharp edges or discontinuities to set 
up diffracted waves of a ue£lnite phase 
pattern relation with respect to the pri
mary sound emitted by the loudspeaker. 
The diffracted waves are uniformly 
distributed as to phase and amplitude. 
Therefore, the transition from radiation 
by the loudspeaker mechanism into 4n
solid angles to radiation into 211' solid 
angles takes place uniformly with re
spect to the frequency. It will be noted 
that the sound pressure increases uni
formly in this transition frequency. The 
ultimate pressure is 6 db higher than 
the sound pressure where the dimension 
of the sphere is a small fraction of the 
wavelength. 

Hemisphere 
The axial response-frequency charac

teristic of the loudspeaker mechanism of 
Fig. 1 mounted in the hemispherical 
enclosure of (B), Fig. 2, is shown in 
Fig. 7, The sharp discontinuity at the 
boundary of the spherical and plane 
surfaces produces a strongly diffracted 
wave. There is a phase difference be
tween the primary and diffracted waves 
which results in peaks and dips in the 
response-frequency characteristic cor
responding to in and out of phase re
lationships between the primary and 
diffracted sound. A physical explanation 
of the phenomena is as follows; The 
sound flows out in all possible directions 
from the sound source. The sound which 
follows the contour of the spherical 
surface encounters a sudden change in 
acoustical impedance at the intersection 
of the plane and spherical surface. A 
reflected wave is sent out at this point 
in all possible directions. The distance 
from the diaphragm of the loudspeaker 
mechanism to the circular diffracting 
edge is 11'/2 feet. The distance between 
the plane of the diaphragm and the plane 
containing circular diffracting edge is 
1 ft. Therefore, the difference in path 
between the primary and the diffracted 
wave at the observation or measure
ment point on the axis is (11'/2+1) ft. 
The sound wave which follows the 
contour of the spherical surface en
counters a decrease in acoustical imped
ance at the boundary of the spherical 
and plane surfaces, and the diffracted 
or reflected wave suffers a phase change 
of 180 deg. Therefore, when the distance 
(11'/2 + 1) ft. corresponds to odd multi
ples of one-half wavelength, there will 
be maxima of response because the pri
mary and diffracted waves are in phase. 
The maxima will occur at 215, 645, 1075, 
etc. cps. It will be seen that this agrees 
with experimental results. \Vhen the 
distance (11'/2 + 1) ft. corresponds to 
multiples of the wavelength, there will 
be minima in the response because the 
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primary and diffracted waves are out of 
phase. The minima will occur at 430, 
860, 1290, etc. cps. It will be seen that 
this agrees with the experimental results. 

Cylinder 
The axial response-frequency charac

teristicS of the loudspeaker mechanism 
of Fig. 1 mounted in the center of one 
end of the cylinder of (C), Fig. 2 is 
shown in Fig. 8. The sharp boundary at 
the intersection of the plane and cylindri
cal surface introduces a strongly dif
fracted wave. The distance frol11 the 
mechanism to the circular boundary is 
1 ft. Therciore, since the diaphragm and 
the edge lie in the same plane, the path 
difference between primary and dif
fracted wave is 1 ft. Following the 
explanation of the preceding section, 
there should be maxima of response at 
550, 1650, 2750, 3850, etc. cps, and there 
should he olinima of response at 1100, 
2200, 3300, etc. cps. It will be seen that 
there is remarkable agreement with the 
experimental results of Fig. 8. It is also 
interesting to note that the variations 
in response are very great, being of 
the oruer of 10 db. 

The axial response-frequency charac
teristic of the loudspeaker mechanism 
of Fig. I mounted in the cylindrical sur
face of the cylinder of (D), Fig. 2, is 
shown in Fig. 9. Again the sharp bound
ary between the cylindrical and the plane 
surfaces produces a cliffracted wave. 
However, the path difference between 
the primary and diffracted wave is not 
confined to a single discrete distance. 
Therefore, tile maxima and minima of re
sponse are not as pronounced as in the 
case of (C), as shown in Fig. 8. From 
the response frequency characteristic of 
Fig. 9, it would appear that the effective 
distance between the primary and dif
fracted wave is about 1.17 ft. As would 
be expected, this means that the forward 
portion of the diffracting edge plays the 
predominant part. 

Cube 
The axial response-frequency charac

teristic'* of the loudspeaker mechanism 
of Fig. 1 mounted in the center of one 
of the faces of the cube (E), of Fig. 2, 
is shown in Fig. 10. The sharp boundary 
at the· edges of the cube produces a 
strongly diffracted wave. The average 
path between the mechanism and the 

8 The theoretical and experimental sound 
pressures on the center of the face of a 
cylinder as a function of the frequency 
have been invest igated by Muller, Black 
and Dunn, J. Acous. Soc. Am., Vol. 10, 
No. 1, p. 6, 1938. The results reported by 

these investigators agree with those depicted 
in Fig. 8. TIlis is to be expected from a 
consideration of the reciprocity theorem. 
See footnote 7. 

9 The theoretical and experimental sound 
pressures on the center of a face of a cube 
as a fUllction of the frequency have been 
investigated by Muller, Black and Dunn, 
J. Aeons. Soc. Am., Vol. 10, No. 1, p. 6, 
1938. The results reported by these in
vestigators agree with those depicted in 
Fig. 10. This is to be expected fro m a con
sideration of the reciprocity theorem. See 
footnote 7. 
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edges is about 1.2 ft. Therefore, since 
the diaphragm and the edges lie in the 
same plane, the path difference between 
the primary and diffracted waves is 1.2 
ft. Following the explanations of the 
preceding sections, there should be 
maxima of response at 460, 1380, 2300, 
3200, etc. cps, and there should he 
minima of response at 920, 1840, 2760, 
etc. cps. There is reasonably good agree
ment with the experimental results of 
Fig. 10. 

Cone 

The axial response ot the loudspeaker 
mechanism of Fig. 1 mounted in the 
apex of the cone, (F) of Fig. 2, is shown 
in Fig. 11. The sharp boundary at the 
base of the cone produces a di ffracted 
wave. The distance from the mechanism 
to this edge is 1.3 ft. The distance be
tween the plane of the diaphragm oi 
the mechanism and the plane of the base 
is 0.95 ft. Therefore, the difference in 
path hetween the primary and diffracted 
waves is 2.25 ft. Following the explana
tions of the preceding sections, there 
should be llIaxima of response at 250, 
750, 1250, etc. cps. and there should be 
minima of response at 500, 1000, 1500, 
2000, etc. cps. There is very good 
agreement with the experimental results 
of Fig. 11. Another interesting fact is 
that the average magnitude of the re
sponse does not increase as rapidly with 
frequency as in the case of the examples 
in the preceding sections. This is due 
to the fact that the free space subtended 
by the loudspeaker mechanism is 2.6 
steradians as compared to 211" steradians 
for most of the other systems considl.'red 
in the preceding sections. Therefore, the 
ultimate sound pressure occurs at a 
higher frequency than in the case of 
enclosures in which the loudspeaker sub
tends 211" steradians. 

The axial response of the loudspeaker 
mechanism of Fig. 1 mounted in the 
apex of the double cone, (G) of Fig. 2, 
is shown in Fig. 13. The sharp boundary 
at the bases of the cones produces a 
di ffracted wave. The phase differences 
between the primary and diffracted 
waves are the same as those of the singh: 
cone. The performances of the single 
and double cone are about the same, 
as will be seen by comparing Figs. 11 
auu 12. 

Pyramid 

The axial response of the loudspeaker 
mechanism of Fig. 1 mounted in the 
apex of the pyramid, (A) of Fig. 2, 
is shown in Fig. 13. The sharp boundary 
at the base produces a diffracted wave. 
The aye rage distance from the mecha
nism to this edge is 1.6 ft. The distance 
between the plane of the diaphragm of 
the llIechanism ane! the plane of the base 
is 0.95 ft. Therefore, the difference in 
path between the primary anel uiffracted 
waves is 2.55 ft. Following the explana
tions of the preceding sections, there 
should he maxima of response at 220, 
660, 1100, etc. cps, and minima at 440, 
880, 1320, etc. cps. There is very good 
agreement with the experimental results 
of Fig. 13. The shape of the response-

frequency characteristics is similar to 
that of the cone of a preceding section. 
As in the case of the cone, the ultimate 
response occurs at a relatively high 
frequency. 

The axial response of the loudspeaker 
mechanism of Fig. 1 mounted in the 
apex of the double pyramid, (I) of Fig. 
2, is shown in Fig. 14. The sharp bound
ary at the base of the pyramid produces 
a diffracte,j wave. The phase differenccs 
between the primary and diffracted 
waves are the salTle as those of the single 
conc. The performance of the single 
and double cone are about the same, as 
will be se=en by comparing Figs. 13 
and 14. 

Truncated Pyramid and Rectangular 
Parallelepiped Combination 

From the preceding examples, it will 
he seen that wide variations in the re
sponse-frequency characteristics occur 
when there is a sharp boundary or edge 
upon the surface of the enclosure which 
produces a strongly diffracted wave. 
The diffracted wave is further accent
uate{1 when all paths from the mecha
nism to the boundaries or edges are the 
same. The truncated pyramid and rec
tangular parallelepiped combination 
shown at (J) in Fig. 2 is designed with 
the object of reducing sharp boundaries 
on the front portion of the enclosure. 
Furthermore, the distances from the 
mechanism. and the edges are not all the 
same. The response frequency charac
teristic of the loudspeaker mechanism 
of Fig. 1 mounted in the enclosure (J) 
is shown ill Fig. 15. It will he seen that 
the response is quite uniform and free of 
large maxima and minima. This hears 
out the idea that the reduction of sharp 
houndaries on the surbce of the en
closure and the elimination of equal path 
lengths from these boundaries to the 
mechanism will yield smoother response 
frequency characterist ics. 

Rectangular Parallelepiped 

The rectangular parallelepiped in all 
its possible variations in dimensions is 
the most common direct-radiator loud
speaker enclosure. One of the obvious 
reasons for this state of affairs is that 
this shape is the simplest to fabricate. 
This is unfortunate, because the rec
tangular paraUelepiped produces diffrac
tion effects which adversely modify the 
response-frequency characteristic of a 
direct-radiator loudspeaker mechanism. 
The response-frequency cun'e of Fig. 
16 was obtaineel with the loudspeaker 
mechanism of Fig. 1 mounted in the 
rectangular parallelepiped of (K), Fig. 
2. The pronounced minima in the re
sponse at 1000 anel 2000 cps are clue 
to shorter distances from the mechanism 
to the upper and side edges. The mini
mum ill response at 500 cps is clue to the 
longer distance from the mechanism to 
the lower edge. The "ariat ions in re
sponse, due to diffraction effects by the 
cabinet, are of the order of 6 to 7 dl>. 
The response frequency characteristic 
of Fig. 16 is typical of the response oh
tained with this type of enclosure. There
fore, this cabinet shape is unsuitahle for 
housing a direct-radiator loudspeaker 
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mechanism, because of the wide varia
tions in response produced by diffraction 
from the sharp edges of this cabinet. 

Rectangular Truncated Pyramid and 
Parallelepiped Combination 

From the data given the preceding 
sections is is possible to devise many 
cabinet shapes which will reduce the 
effects of diffractions in modifying the 
response frequency characteristics of 
the loudspeaker mechanism. 

An example of the application of the 
principles outlined in this paper is shown 
at (L) in Fig. 2. In this cabinet the 
diffraction effects have been ameliorated 
by the reduction of ahrupt angular dis
continuities on the surface of the cabinet 
and the elimination of equal paths from 
these discontinuities to the mechanism. 
At the same time a practical exterior 
configuration has been retained which is 
not undesirable from an esthetic stand
point. The response-frequency charac
teristic of the loudspeaker mechanism 
of Fig. 1 mounted in the enclosure (L) 
is shown in Fig. 17. It will be seen that 
the response-frequency characteristic is 
quite smooth. 

Conclusions 

The response-frequency character
istics, which depict the performance of 
a direct-radiator loudspeaker mecha
nism in various enclosures of funda
mental shapes, show that the outside 
configuration plays an important part 
in determining the response as a func
tion of frequency. For example, in some 
of the enclosures the variation in re
sponse produced by diffraction exceeds 
10 db. 

All of the response-frequency charac
teristics depicted in this paper were 
taken on the axis of the loudspeaker 
mechanism and enclosure combination. 
In this connection, it should be men
tioned that the variations in response are 
mitigated for locations off the axis. The 
reason for using the axial response is 
that the reference response-frequency 
characteristic of a direct-radiator loud
speaker is always taken on or near the 
axis. Practically all serious listening to 
direct-radiator loudspeakers is carried 
out on or near the axis. 

The response of a loudspeaker in an 
enclosure will be modified by the direc
tivity pattern of the mechanism, because 
the diffraction effects are influenced by 
the direction of flow of sound energy 
from the diaphragm. However, the per
formance in the frequency range in 
which the dimensions of the cone are 
less than a wavelength will not be mark
edly different. 

The experiments described in this 
paper show that the deleterious effects 
of diffraction can be reduced by eliminat
ing all sharp boundaries on the front 
portion of the enclosure upon which the 
mechanism is mounted, so that the ampli
tude of the diffracted waves will be re
duced in amplitude and by making the 
distances from the mechanism to the 
diffracting edges varied so that there 
will be a random phase relationship be
tween the primary and diffracted sound 
waves. 
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Measurement of the Propagation of Sound in Fiberglas 
Z. ESMAIL-BEGm* AND THoMAS K. NAYLOR 

Acoustics Laboratory, Massachusetts Institute of Technology, Cambridge, Massachusetts 
(Received October IS, 1952) 

As an aid to acoustical designers, this paper presents some experimentally determined values of the 
attenuation coefficient and the speed of propagation of sound in Fiberglas. The propagation parameters a 
and fJ in the equation for a plane wave p= po�,,'-(a+ifJ)z are determined by comparing the amplitudes 
and phases of the sound pressures existing simultaneously at separate points in the Fiberglas. The principle 
of measurement is similar to that used by Beranek and Scott involving a longitudinal movable probe in a 
long narrow metal duct filled with rockwool. However, in the redesigned apparatus, edge effects were re
duced by using a tube of larger cross section; wall vibrations were damped by laminated rubber and Mason
ite walls; and the shunting effect of the longitudinal probe hole was eliminated by the use of transversely 
inserted microphones. 

Experimental data were obtained within one db for frequencies between 50 and 1000 cycles for two 
samples of Fiberglas with nominal weights of 9lb/cu ft PF (hard) and 41lb/cu ft TWF (soft). The direc
tion of propagation of the sound was normal to the surface of the blanket. For both samples the attenuation 
increases almost as the square root of the frequency, but the speed of propagation is found to increase almost 
as the ! and i root of the frequency for the hard and the soft samples, respectively. 

INTRODUCTION 

THE design of acoustical systems employing homo
geneous porous absorbing material requires data 

on the characteristic impedance and the propagation 
parameters of sound in the material. These quantities 
can be used in determining the amplitude and phase of 
waves reflected from or transmitted through the ma
terial. This paper is concerned with the measurements 
of the propagation parameters only: the attenuation 
coefficient and the velocity of sound waves in Fiberglas 
at low audiofrequencies at room temperature. 

The principle of these measurements is similar to 
that used by Beranek! and by 5cott.2 To a first approxi
mation, the sound is assumed to propagate through the 
Fiberglas as a single plane wave having the attenuation 
and phase parameters a and {3 defined by the following 
equation for the sound pressure 

The parameters a and {3 are determined directly by 
comparing the amplitudes and phases of sound pressures 
existing simultaneously at different points in the Fiber
glas. 

APPARATUS 

The apparatus containing the Fiberglas, as shown in 
Fig. 1, consisted of a square duct 6 inches on a side and 
8 feet long with a loudspeaker mounted on one end and· 
17 microphone ports cut in the removable upper side. 
The sound pressures were measured simultaneously by 
two rochelle salt microphones thrust transversely into 
the Fiberglas through these circular ports sealed with 
rubber stoppers. A wave analyzer and an axis-crossing 

* Dr. es Sc., Professor of Physics, Science Faculty, Teheran 
University (guest of the Physics Department of M. I. T., 1951-
1952). 

1 L. L. Beranek, ]. Acoust. Soc. Am. 19, 420--427 (1947). 
J R. A. Scott, ]. Acoust. Soc. Am. 58, 165-183 (1946). 

type phase meter were used to measure the amplitude 
and phase angles of the microphone outputs. 

This apparatus differs from its predecessors)·2 in the 
precautions taken to: (1) damp the vibrations of the 
containing duct; (2) reduce the edge effects; (3) elimi
nate the shunting due to the longitudinal hole for the 
probe; and (4) avoid the difficulties of inserting and 
handling a long probe. The details follow. To reduce 
the resonant vibrations of the duct, the laminated walls 
were made of 5 dense Masonite sheets bonded with 
rubber cement which acted in shear to dampen flexural 
vibrations. The speaker housing was attached to the 
duct by a sponge rubber gasket one inch thick and four 
heavy rubber bands which reduced the transfer of 
vibrations from the speaker housing to the duct walls. 
The effects of floor vibrations were reduced by putting 
the duct and the speaker housing on a one inch thick 
layer of sponge rubber. 

As the Fiberglas is fairly stiff, the friction with the 
duct walls impedes the motion of the fibers and further 
stiffens the skeleton near the walls. To decrease the 
diaphragm effect due to clamping, the duct cross section 
was enlarged at the expense of losing data at high fre
quenCles. 

The stiffness of the Fiberglas prevented the easy 
insertion or the sealed withdrawal of a probe. To prevent 
leaks and to avoid the long probe, the microphones 
themselves were inserted directly into the sound field 
through the rubber stoppers. When the microphone 
was withdrawn, the cut hole was refilled with Fiberglas. 
The microphone leads and unused ports were sealed 
with rubber stoppers fitted with Masonite disks. To 
prevent the sound from reaching their flexible back 
covers, the microphones were mounted in heavy brass 
cases two inches in diameter sealed with insulating 
rubber gaskets. Open-mesh screens protected the faces 
of the microphones. In order to decrease the disturbance 
due to the presence of the microphones, the minimum 
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TABLE I. Experimental results. 

9 Ib/cu ft PF Fiberglas 
(hard sample) 

4llb/cu ft TWF 
Fiberglas 

(soft sample) 

Dc flow resistance 36 400 newton sec/meter' 13 800 newton sec/meter 
Compressibility of 

skeleton 1.32 X 10' newtons/meter' 2.5 xt()4 newtons/meter' 
Density 135 kg/m' 63 kg/m' 
Speed of 

propagation 32 f .... meters/sec 23.5 fO ... meters/sec 
Attenuation 

constant a 0.50 fOA. m�pers/meter 0.39 fO·'. nepers/sec 
Phase constant fJ 0.20 fO ... radians/meter 0.27 fO ... radians/meter 
Attenuation in 

db/meter 4.3 fO·'. db/meter 3.4 fO ... db/meter 
Porosity 0.965 0.985 

f =frequency in cycles/sec. 

projected area of the microphones-2.7 square inches
was obtained by orienting the planes of their dia
phragms at right angles to the plane of the wave fronts. 

Standing waves inside the duct were made negligible 
by the losses in the Fiberglas which attenuated the 
waves travelling toward and reflecting from the free 
end of the duct. Although cross-modes would exist above 
ttOO cycles in the empty duct, the high attenuation in 
the Fiberglas damped them out. 

EXPERIMENTAL PROCEDURE 

After the 6-in. squares of I-in. Fiberglas had been 
stacked face-to-face in a single column in the duct, the 
apparatus was ready for operation. During the measure
ments, one microphone A remained fixed in the first 
port (nearest to the source), while the other one B was 

CLOSED 5 CU FT BAFFLE 
OF 5/4" PLYWOOD 
LINED WITH I" OF 
B LB/c

u 
FT 

FIBERGLAS 

OSCILLOSCOPE H�+-lWAVE ANALYZER 
GR 7S6A 

�SWITCH 

moved successively to ports farther from the source. 
Phase difference and relative amplitude were deter
mined for each position of microphone B. The two 
microphones and their amplifiers were compared by 
placing the microphones A and B in tum in the first 
port in the duct while the electrical input to the speaker 
was being used as the reference. 

As only the relative amplitudes and phases were 
required, the characteristics of the measuring apparatus, 
which remained the same for each pair of observations, 
canceled out. Consequently, slow variations of gain 
and phase shift with frequency in the amplifiers and 
microphones could be tolerated. In order to watch for 
distortion at the high input sound pressure of about 
110 db -above 0.0002 dyne per square centimeter, the 
wave shape was continuously monitored with an oscillo
scope. 

Low frequency noise intensified by room resonances 
limited the phase-meter observations to the two feet of 
Fiberglas nearest the source. The noise level was about 
60 db below the output of the speaker. When an elec
tronic filter was used to increase the signal-to-noise 
ratio, it was then found that anomalies began to appear 
near the middle of the duct. Measurements made with 
a vibration pickup showed these anomalies to be due 
to wall vibrations which were now of the same order of 
magnitude as the attenuated sound coming directly 
from the source through the Fiberglas. Consequently, 
only the measurements made within two feet of the 
source were accepted. 

PLASTICENE 
MODELING CLAY 

BOLTS 
WOOD 

"STERLING" ELASTIC 
CAULKING COMPOUND 

BOSTIK • SO OS RUBBER 
CEMENT BETWEEN LAYERS 

LOOSE FIT TO ALLOW 
SHEARING ACTION 

-1 

im��������� 3" 
CROSS-SECTION OF OIlCT � 

RYSTAL MICROPHONES AS USED 
IN G.R. SOUND LEVEL METER. (MOUNTED IN CASE) 
(SPACES FILLED WITH FIBERGLAS) LAMINATED MASONITE 

SEVENTEEN 5 SHEETS I/a" THICK 
2 114"DIA. HOLES 

a
ONDED TOGETHER 

PLUGGED WITH WITH 
a
OSTIK -S005 

�nt����������������������lft�

R

�
ua�

a;

E

�

R

�

S

�

T

;

OP

�

P

�

E

�

R
�

S
��:J!I�

R
�u;aa�

E
�
R

�
C
�
E
�
M
:
E
�
N
T� 

R MASONITE 

hp 
200D 
OSCIL
LATOR 

20" AIR SPACE OPEN TO AIR 
. ' . 
. : 
' . . 

' .'.- : ..... .... : .. : ....... 
. " .. " .. 

I" SPONGE RUBBER.PADS LAYERS OF I" FIBERGLAS 

I" SPONGE RUBBER GASKET 

Fig. 4. Arrangement of the duct and measuring apparatus. The insert shows the details of the corners of the duct. 



SOU N D P RO P A GAT ION I N Fl B ERG LAS 89 

:1 I I I I I I I]: f1 I 
=Iu 

UO 
.... i � too 

Z o 
� "' .. : 
o f ..., 
.. o 
o w ... � . 

110 

10 0 

1 

� 
" 

I I I 
V 

/ 
V 

/ 
/ V 

1// 
f/ 

..A" I I I I 
-' ""-.OH SAMPLE I 1 1 

/' l .• LIl/CU ,.r 

./ J 1 
/ 1 -I--

�HAAO SAMPLE: 

./ 8.4 LI/tU,.T 

./ 

'I 1 I i i 
I I I 1 I 

101 0 I I I I I I I I I I I 
700 100 tOO &0 flOO o 100 200 )()() 400 sao 600 

'R[QU[NCY .N CYCeES P[R SECOND 

FlG. 2. The speed of sound in Fiberglas as a function of frequency 
for propagation normal to the blanket surface. 

ERRORS AND DIFFICULTIES 

The l-:db total error in reproducing relative measure
ments was due mainly to variations in the degree of 
packing of the space around the microphone (0.7 db), 
the uncertainty in the exact positions of the micro
phones (0.25 db), and drifts in the apparatus between 
readings. The method of measurement involves the 
following difficulties and their effects: (1) Leakage be
tween the edges of the Fiberglas and the duct walls 
probably will decrease a and fJ. (2) Friction at the walls 
will tend to stiffen the Fiberglas to produce clamped
edge diaphragms. (3) Mechanical vibration of the 
microphone due to contact with the Fiberglas may 
introduce a variable quantity into the output of the 
microphone. (4) Vibrations of the duct walls limit the 
range of amplitude measurements to 40 db for the hard 
sample and to 60 db for the soft sample. (The difference 
in range is probably due to the tighter coupling of the 
stiffer Fiberglas to the duct walls.) (5) The presence of 
the microphones introduces discontinuities into the 
field (net increase of 0.2 db). 

CONCLUSION 

Tests were made on two samples of Fiberglas in the 
range from 50 to 1000 cps. The properties of these two 
samples determined by regular methods3 and the results 
of our measurements at normal incidence are listed in 
the table. 

As it can be seen from the table, the attenuation 
coefficient a (and consequently the attenuation in 
db/meter) in both samples vary almost as the square 
root of the frequency. However, in order to obtain the 
same attenuation at one kilocycle. the thickness of the 
soft sample should be almost 1.5 of the hard sample. 
The velocity-frequency relationship is manifested differ
ently in that it varies as the! and! root of the frequency 

• L. L. Beranek, Acoustic Measurements (John Wiley and Sons, 
Inc., New York, 1949). 
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FIG. 3. The attenuation of sound in Fiberglas as a function 
of frequency for normal propagation. 

for the hard and soft samples respectively. Figures 2, 
3, and 4 show graphs of speed, attenuation, and the 
parameters a and {J as functions of frequency for the 
two samples of Fiberglas. 

I t should be noted that the simplified presentation 
of the experimental data may mask the detailed mech
anism of the energy transfer in the Fiberglas. Recent 
papers4-7 indicate that the relationships are much more 
complex. 
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FIG. 4. The propagation parameters a and fJ plotted against 
frequency for sound travelling normally to the surface of the 
Fiberglas blanket. 
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