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The Publication for designing

your own speaker system:

Designing a speaker system used
to be a trial and error affair involv-
ing hundreds of tests on different
combinations of drivers and
crossover parts. This is fine for
commercial designers who have
the time and resources to doit,
but tough on the at-home builder
who is building a one-off speaker,
He builds it, tinkers a bit, and
that’s how it comes out.

In the last few years acoustic
scientists like Thiele, Smali,
Ashley, Newman, and Keele have
put a lot more engineering into
the art of speaker design. It is now
possible to design a system, buy
parts to specification, build it and
be reasonably confident that it
will work as designed and that you
have hit at (or near} optimum for a
given cost, size and complexity.

Table of Contents:

Designing your own system
also sets you free from limitations
that trade and shipping require-
ments set on commercial pro-
ducts. For example, enclosures
over about six cubic feet are
impractical to sell through stores,
but hold no terrors for the at
home speaker builder. You can
make a ten cubic foot system and
assemble it in place, or even in-
stall it in your home as a built-in.

In order to support those of
you who would like to embark on
the journey of designing and
building your own systems, we
have complied “‘The Loudspeaker
Design Guide’’ which contains in-
formation based not only on
theory but practice, as well.

Allin all, this pubiication is an
extremely useful collection of
neariy every practical aspect of
loudspeaker building.
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Chapter One:

This chapter contains the basic rules we
know that will help you build a set of speak-
ers that get the most out of whatever compo-
nents you are using. Speakerlab has been
manufacturing speaker kits and selling them
direct to consumers for many years, 50 we
have a pretty good idea of what works and
- what doesn't. Good sound results from hit-
ting straight on three factors:

1} Start with good quality components.
You can’t make a silk purse out of a
sow’s ear [though the reverse is
possible).

2) Base your design on sound principles.

3) Take the time to assemble your system
carefully and pay close attention to
details, Magic plays no role what-
soever in speaker design, Nor do the
sound waves care whether you have
a PhD in nuciear physics,

Designing The System
Designing a speaker system breaks
dowm into seven basic steps:

1) Choose the system type-sealed enclo-
sure, vented, etc.

2} Choose your woofer and enclosure
volume.

3} Decide on a twio-way [woofer and
tweeter)] or three-way [woofer,
midrange, tweeter) system. We re-
commend using a three-way design
whenever possible,

4) Choose your woofer, midranige (if you
use one} and tweeter, -

5) Select the appropriate crossover for
the drivers you will use.

6) Choose box dimensions that will give
you the right volume, allow your driv-
ers to fit on the front panel, and fit in
your available space.

7) Pick the box material and construction
methods.

System type

How the woofer section of your system
works depends on how you design the en-
closure. Most home systems use either a sim-
ple sealed box or a vented one {same thing
with a hole}. {For more exotic designs such as
transmission lines and bass homs, see chap-
ter 2 & 3 respectively).

A sealed-hox loudspeaker system
i5 the simplest to build as well as the simplest
to analyze theoretically.

Sealed-box speaker systems were first
made popular by Edgar Viichur of the
Acoustic Research company, who dubbed
them “acoustic suspension” systems. The
name is derived from the use of awoofer with
high compliance in a totally sealed alrtight
box, The cone suspension is so loose that it
has little control over the cone motion, and
instead the air trapped inside the box serves
as an “air spring™ to keep the cone centered
and prevent excessive, destructive cone ex-
cursion in response to very low frequency
signals.

Many early sealed box systems achieved
low bass response by using unusually heavy
cones, which also tended to reduce their
efficiency--it took extra amplifier power to
move that heavy cone around. However, this
Is not a necessary attribute of the sealed box
design--The low bass in most modermn designs
of this type is achieved by an even higher
compliance woofer--and many have quite re-
spectabie efficiency figures.

The vented box deslgn is perhaps
the oidest, originally patented in 1932 by a
Beli Labs scientist, AL Thuras, The vent can
take the form of a duct, a tunnel, or just a
simple hole. The vented enclosure acts as a
Helmholtz resonator; that is, the mass of air in
the vent resonates against the “'springiness”
of the air inside at some certain frequency,
the Helmholtz frequency. In a properly tuned
system the radiation from the vent around
the resonant frequency adds to the radiation
from the cone, theoretically extending the
response of the system to a lower frequency
than wouid be otherwise attainable from the
caone radiating alone.

Sealed and vented loudspeaker
systems have been studied analytically by
two scientists, Neville Thiele and Richard
Small [References [-3). The vented
system is the one they have given the
most help and attention. One aspect of
their theory that has been widely misun-
derstood has to do with the cone excur-
sion and power-handling capabliity of a
vented system. They showed that vented
systems have less cone excursion than
sealed systems, and handle more power
for signals in the passband. However, for
signals below the cutoff frequency of the
system--and wide-response stereo prog-
ram sources do emit- considerable sub-
sonic energy from record warps and
such--a vented enclosure provides very
little cone loading. Air from the rear of the
cone escapes from the vent and there is
no “air spring’’ effect to control the cone
motion. The woofer is easily overloaded
and exposed to excessive cone excur-
sion, particutarly if a high compliance
woofer is used, Thus a simple vented
system will have poor power handiing
ability unless a stiff-cone woofer is used.

Careful study of Thiele-Small theory
shows that for a given woofer, you can
build a system of either type--either a
small box that s totally sealed, or a larger
box that is vented. The larger box will
have lower frequency response but {un-
less equalized) will handie less power,

The key phrase here is “for a given
woofer.” The well-known dictum that
venting will give you a system that is more
efficient, or has better bass, or uses a
smaller box, is based on the assumption
that you also use a different woofer. Box
design alone has no effect on efficiency;
the efficiency depends only on the
waoofer. The woofer's motor strength
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{magnet and voice coil), cone size and

" weight determine its efficiency.

We recommend sealed systems for first-
time builders because: T}they work best in
the limited space most people have; 2 they
are easy to design and relatively simple and
fool-proof to build; 3} they work well with
today’s best high-compliance woofers,

Vented systems, on the other hand, are
trickier to design and build. You can correct
for the “cone unloading™ at subsonic fre-
quencies with an equalizer but that makes
your system more complex,

For the rest of this chapter we will con-
centrate on sealed-box systems. The second
part of this chapter, on building enclosures,
applies to speakers of all kinds.

Sealed enclosure designs

A sealed system works most effectively
with a high compliance woofer that has a
long-throw, easy-moving cone to pump the
large air volumes needed for good bass. As
you go down in frequency, a speaker cone
has to move farther and farther to put out the
same amount of sound; it has to go four times
as far at 50 Hz as it does at 100 Mz to put out
the same amount of sound. Because of this,
any restrictions on ease of cone motion trans-
lates into a limitation of low-end frequency
response. The sealed system provides the
best bass response and efficiency for a given
enclosure volume when the woofer cone
suspensfon is so compliant that nearly the
only limitation on cone motien Is the endlo-
sure “air spring”.

The strength of the air spring depends
only on the volume of air in the box--the less
air, the stronger the spring. So for sealed
systems, the most important factor is the in-
temal air volume.,

The box volume affects both the reson-
ant frequency [fc) and the Q of the system-
{Qtc). In other words, changing voiume
changes both the POSITION and SHAPE of
the low frequency response rolloff curve,

Figure 1 shows how this works. Small
volume makes both the rescnant frequency
(fc) and -3dB frequency (f3} higher, and gives
higher Qwith a response peak. Large volume
gives a low resonant frequency, but makes
the response “'sag” and gives weak bass and
can in fact reduce the cutoff frequency.
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Earlier we hinted that there wouldn‘tbe
any math in this chapter. That was just to lure
you in. Fig. 2 takes alittle math butis worth it.
Itwill give you the frequency response versus
box volume for any woofer. Just for the re-
cord, the equations Fig. 2 is based on are:
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Equation 2 means that Qtc and fc vary
together as you vary the box volume. This
makes it possible to use the same set of curves
for any woofer. Changing woofer paramet-
ers changes only the volume for each curve
and the frequency scale,

So Fig. 2 is a “do-it-yourself-kit" for
home designers. Xerox a few copies of Fig. 2,
sit down with your pocket calculator, and
have at it. Ali you need to know are the
values of Qts, fs and Vas for the woofer you
have in mind. You can regard Fig. 1 as a
“worked example’ of Fig. 2. To use Fig, 2,
follow these steps:

1. Calcuiate fs/Ots. The answerwill be inHz,
of course. Wirite it below 1.0f/Qts on the
graph,

2. Calculate .5fs/Qts, 2.0fs/Qts, and so on,
and write these values on their lines.

3. Caicutate Vab values for the different Qtc
values from the formula:
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Enter the Vab values in the spaces provided.

Note that physically you cannot have
Qitc less than Qts; the system Qwon't be less
than the woofer Q. So for calculations where
Qtc is less than Qts, this formula gives a
meaningless answer--the box volume Vab
comes out negative.
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Also note that Figures | and 2 assume
that the box is filled with air, not stuffed with
damping material which would disturb the
theory. A 1-inch thick liner of damping mate-
rial is OK--its effect is small.

You can interpolate the curves in Figure
I or 2, For example, for a 2.94 cubic foot box,
draw a new curve between the 2.44 and
3.94 cubic foot curves, Draw It closer to the
2.44 curve, 1/3 of the way to the 3.94 curve.

2.94-2.44 50 . I
3.94-2.44 l. 50 3

If you have a woofer for which data is
not available, Table 1 gives typical box sizes
for average high quality, high compliance
waofers. Lower compliance woofers take
bigger boxes.

if you use two or more woofers in a
single enclosure, allow adequate volume for
each. For example, 10-inch and 12-inch
woofers sharing the same enciosure would
need 1.5 plus 2.0 cubic feet; 3.5 cubic feet
total,

Vas, See text for instructions

TABLEL
Box volumes for typical
acoustic suspension woofers

Weofer dlameter Volume

.5 -.9 cubic feet

10~ 1.0 - 2.0 cubic feet
1.5 - 2.5 cubic feet

6 cubic feet or larger
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Figure 3, Cakulate enclosure volume using the intemal
dimensions.

Choosing system Q

You might ask, what is the best curve
shape- the bestvalue for Qtc? We willlet you
in on one of the deep, dark secrets of the
stereo industry. Speakers designed for a
“classical music™ audience are generally de-
signed with Qtc equals 1.0 or s0. Speakers
targeted at ""Rock” audiences generally have
CGtc equals 1.4 to 2.0, which gives a bass
peak of 3.5 to 6.3 dB. Though less accurate,
they will sound a lot louder because of the
big peak. The tweeter can be adjusted to
match the efficiency of the top of the bass
peak, resulting in “semi-flat” response (fiat
except for a big dip around 200Hz.). Many
speakers advertized as “high efficiency” are
designed this way. Most rooms have a reson-
ant peak around 200Hz, so the 200Hz dip
often goes unnoticed.

Ve recommend that you design for Qtc
equai to .9 to 1.2, This gives the most natural,
accurate, extended bass response. The .7 -
2.4 dB bass peak that results is fairly broad
and its effect on reproduction is less serious
than the “missing bass™ at lower frequencies
that results from lower Qtc values.




Theoretical cutoff frequency

The theoretical cutoff frequency is
customarily defined as f3, the frequency at
which the bass response is 3dB down from
the midband response. You can easily read f3
for the different curves in Figure 2.

Be aware, however, that those bass re-
sponse curves are theoretical. They cor-
respond to a woofer radiating into open
space. Reflections of the low frequencies in a
real room of finite size augment the bass and
lower the actual 3dB down frequency. For a
crude estimate, you can assume f3 inatypical
room will be 70% of the theoretical value,

As we mentioned before, for any given
design-type [calied “alignment” by Thicle
and Small) there is a three-way tradeoff
among bass response, box volume, and
efficiency. For sealed systems, one certain
value of Qtc gives the lowest 3 for a given
box volume and efficiency. That value of Qtc
is 1.1, which gives peaking of 1.9dB.

You can also look at this from the
viewpoint of efficiency. The Qtc equals 1.]
sealed box alignment is 1.8dB more efficient
(for the same box volume and cutoff fre-
quency) than the simple Qtc equals .707
(Butterworth, or B2) alignment {Ref.2).

This answers one of the riddles of the
speaker design art. The vented system has
been said to be 4.5dB more efficient than a
sealed system of comparable box volume and
cutoff frequency (Ref.8). You would think
that if this were true, vented systems would
have long since made sealed types obsolete.
A 4.5dB more efficient speaker takes only
about one-third the power to drive--a tre-
mendous advantage. Nevertheless, you can
go hear vented and sealed speakers in stereo
stores, and both types, of the same size and
apparent bass response, play approximately
equaily as loud. We have certainly never
been able to find any three-times-the-power
advantage for vented systems.

The 4.5d8 theoretical difference is based
on a comparison of the fourth-order {un-
equalized} Butterworth (B4} vented-box
alignment to the Butterworth sealed-box
alignment. Since the Qtc equals 1.1. The
sealed system is 1.8dB more efficient than the
Butterworth, the vented system’s advantage
over the OPTIMUM sealed system is 1.8dB
less, or only 4.5 - 1.8 equals 2.7dB.

That famous 4.5dB comparison also
assumes that the vented system has zero box
losses, that is, infinite Helmholtz resonator Q.
Real boxes have a Q of around 7, which
makes vented systems about 2.8dB less
efficient that the ideal {Ref. 4, p. 308, 310].
When you subtract off this 2.8dB, the vented
system’'s advantage disappears altogether.
You might hope that other fourth-order
alignments would be more efficient; alas, for
box Q equal to 7, the Butterworth is about
the best.

It Is not until you go to equalized (sixth-
order] vented systems that you begin to actu-
ally achieve the higher efficiencies promised
by vented speaker theory.

&

Measuring woofer resonant frequency

If you'd like to measure the resonant
frequency [not the cutoff frequency) of your
system, there is an easy way to do it. Connect
the equipment as shown in Figure 4. The
exact value of the resistor is not important
and the voltmeter need not be calibrated,
though the oscillator frequency dial should
be accurate. As you sweep the audio oscil-
lator through the 20-200 Hz range, the impe-
dance of the speaker will vary and the
voltage indicated by the meter will vary. The
speaker's Impedance is maximum and the
voitmeter reading will peak at the resonant
frequency. Find the audio oscillator fre-
quency where the voltmeter reading peaks.
That's all there is to it.

The 1000 ohm resistor allows a small
current through the speaker. The speaker re-
sponds, and its cone moves fastest at re-
sonance, {That's what “resonance” means.)
Motion of the volce coli in the magnet gap
generates a back voltage which is maximum
at the resonant frequency. The voltmeter
meastires the voltage and indicates the max-
imum, revealing the resonance.

You can easily observe the changes in
resonant frequency caused by putting
weight on the cone, holding the edge with
your finger, or putting the speaker face down
on a table, trapping air between the cone
and table surface.

G 1000 ohm resistor 7
VWA 1
Callibrated audio Voltmeter
oscillator +
Speatar undar test | =
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The same method is used to measure the
natural resonant frequency of the woofer it-
seif. This measurement is best made with the
waofer on a flat baffle and after it has been
played for a few hours {in a sealed box, of
course} to “'break it in”. This most ciosely
matches conditions under which it will be
used. Testing the resonance in free air (no
baffle} or before break-in will give you a
higher measured resonant frequency.

Sealed systems have a single resonant
frequency. Vented systeins have two, a high
one and a low one. At the high resonance,
woofer cone and vent air are moving in the
same direction; at the low resonance, woofer
cone and vent air are going in opposite
directions. So the lower rescnance is where
maximum cancellation between vent and
cone radiation is occuring. The same is true
for the very low resonance in transmission
line speakers.

In a vented system, the box resonant
frequency fo (Helmholtz frequency] is the fre-
quency at which the impedance is
MINIMUM  between the two resonant
peaks.

Midranges and Tweeters

We recommend that you build a three-
way system if you can afford it. A three-way
system (separate midrange speaker) will give
a cleaner sound than a two-way system. [na
two-way system, the woofer reproduces
midrange frequencies and the woofer’s cone
motion {due to the bass signal] introduces
distortion. Using a separate midrange
speaker avoids this.

Most important for midranges and
tweeters is to buy good units and mount
them properly. The design of the enclosure
has much less effect on their performance
than it does on the woofer’s,

The Speakeriab catalog offers only a few
midranges and tweeters; we list only the few
best among all we have tested, the pick of the
world speaker market. If we can make 3 bet-
ter unit than any we can buy, we make it.
Otherwise, we buy someone elses,

A few comments on the different types
of construction of high frequency drivers are
in order.

Among direct radiators, dome tweeters
have better frequency response, better trans-
ient response, and better dispersion than
cone tweeters. Cone tweeters tend to “rat-
tle” from waves running back and forth
across the cone surface, Domes are more
rigid and less susceptible to this effect.

Leaf tweeters are better than both cone
and dome types. Their low mass and totally
driven membrane combine to offer superb
transient response and very extended high
frequency response.

Midranges and tweeters should have
sealed backs to prevent woofer pressure in
the box from pushing the cones around. If
one doesn't have a sealed back, make a little
box to cover it.

Crossover network

\Whatever speaker design you choose,
use a reai crossover.

The crossover network is an electrical
filter that sorts out the different frequencies
and sends the lows to the woofer, highs to
the tweeter, and midrange frequencies to the
midrange. Good crossover networks are
made up of coils and capacitors; coils pass
lows and block highs, while capacitors pass
highs and block lows.

“Cheapo’ crossovers used by some vil-
lainous  speaker makers contain just
capacitors to block lows out of the tweeter
and midrange so they won’t burn out; the full
spectrum goes to the woofer, [Chapter 4 cov-
ers crossover design).

Here we are just going to cover how
you use a crossaver, as though you already
have one. The crossover has input terminals
(for connection to your amplifier) and color-
coded wires for connection to the drivers. See
Figure 5. Most crossovers mount cver a hole
in the back of the enclosure with the input
terminals and controls accessible from out-
side through the hole (Fig.9). (This is regarded
as very important unless you plan to live
inside the speaker enciosure).
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woofer, Farts {1}, (2], [3} and[*‘r} are all parts of the crossover.

Many crossovers have level controls for
the midrange and tweeter. Variations in
room acoustics and frequency response
characteristics of other parts of the system
{particularly the cartridge} make level con-
trols a practical necessity in many cases. Most
home designers will not be using driver types
matched for sensitivity. Most tweeters and
midranges are more sensitive than woofers
and have to be “tumned down” for proper
frequency balance. in commercial speaker
systems this is done by resistors or lossy coils
built into the crossover, but in home-built
speakers the best approach is to use L-pads
on the midrange and tweeter. Unlike
switches, L-pads are capable of smooth ad-
Justment over a wide range, and can com-
pensate for driver sensitivity variations, room
acoustics, etc.

Enclosure design

Box shape is not too critical so iong as
the volume is correct. It is the quantity of air
inside that does the job, not the shape of the
box. But stay away from long skinny column
designs- you can get a “"pipe organ” effect
with waves running the length of the col-
umn. Also avoid very shallow boxes, which
can give you trouble with reflections off the
back wall. A good rule of thumb is to make
your maximum dimension no more than
three times your minimum dimension. Most
bookshelf-style speaker enclosures have
height/width/depth proportions equal to
about 5/3/2. If you stick to these proportions
you won't win any prizes for crginality but
your box will look like a speaker enclosure.

\When calculating the internat air volume
of your enclosure it is usually unnecessary to
take into account the space taken up by the
crossover, speaker backs, and damping
material. The first two actually use only a
small percentage of the space, and the damp-
ing material is really 99% air and only 1%
solid.

Tall enclosure designs are becoming
more popular as this aliows mounting the
drivers in a vertical line, which gives a better
defined stereo image—one that has more
width and depth, and gives the impression
that instruments are more precisely localized
in space.

When locating the drivers on the front
panel, put the midrange and tweeter near
the top so they'll be closer to ear level, Place
the woofer near the bottom so reflections
near the floor will reinforce the bass. You can
make a pedestal to lift the enclosure off the
floor later if the bass is too strong.

Building the enciosure

These are the best construction methods
we've been able to find to make acoustically
correct, good-looking enclosures that are
easy to construct and not too expensive,

Construction

Make your box a one-plece unit that is
solid and airtight {except for the vent, if your
design calls for one}. Unless you plan to be
using your speaker enclosure to hold up part
of the building you live in, strength is not a
problem. Airtightness and freedom from
ratiles are the main things to concentrate on.

The old-fashioned way of making
speaker enclosures with the back removable
and the front a permanent part of the box is
not good for use with modemn woofers, To
put out solid bass, they pump galions of air in
and out, resulting in high pressure inside the
enclosure that will cause wheezes, whistles
and rattles around a removable back’s edge
seal, Instead we use a totally glued one-piece
box with drivers that mount from the front of
the front panel rather than from the inside.

The enclosure ¢an be made in three ma-
jor subassemblies; enclosure, front board,
and grifle cloth frame. Figure 6 shows a typi-
cal design for an enclosure and front board.
Note the use of cleats for the front and rear
panels to rest against. Rabbets (Figure 7) in
the front and rear edge of the box rather than
cleats are also acceptable, if you have the
equipment to cut the rabbets. Cleats or rab-
bets are not absolutely necessary but make
the box more rigid and make it easier to get
airtight.
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Figure 6. You can buitd a simple enciosure for a two-way system
using a 10-inchyweoofer like this. All jolnts go together with &-penny
finishing nails and white glue. First cut all the pieces from 3/4™
material; 2!l gimensions are in inches. foin the dleats ta the top and
bottom. Put in the four cleats for the sides. Install the back.

If you must use a screwed-down re-
movable back on your enclosure, use felt,
foam rubber, or some similar compressible,
flexible material for a gasket.

rabbet /T
Joint,

& rear front »

bottorm
L

Figure 7. Front and rear edges of the enclosure rabbeted to
receive the front and back paneis.

We giue in the front and rear panels
before mounting the drivers. If we ever have
to get into the system again, we remove the
wioofér and work through its cut-out.

We nomally mount our front panels
flush with the front edge of the box. We make
the grilie frame with outside dimensions the
same as the dimensions of the box, so it
covers the entire front right up to the edge of
the box. We use 1/2°" thick particle board for
the grille frame to allow the driver frames to
project beyond the front surface of the box
{which they do, since they are surface-
mounted} without hitting the grilie cioth.

Some builders prefer to have the front
panel recessed behind the front edge of the
box a half inch or so, and have the grille frame
fit in the recess. The edges of the box are not
covered by the grille. This is a little more
trouble but works fine. You then have to
cover the box edges with woodtape or wood
veneer, of course, to get a finished
appearance.

Figure 6 also shows the hole cut in the
back for the crossover network. Our stand-
ard crossover and crossover kits fit over a
5-1/2 inch by 4-1/2 inch hole.

Material

Make your enclosure out of plywood or
particle board at least 3/4-inch thick. We use
3/4-inch veneered or vinyl-covered particle
board for the sides, top and bottom of our
enclosures. “Vinyl covered particle board”
doesn’t sound very exciting, but with mod-
emn woodgrain-printed, embossed vinyl it
makes an attractive piece of furniture at a
reasonable cost. It is indistinguishable from
real wood except on close examination. We
use 3/4-inch particle board for the front and
back of the enclosure.

Don't use solid wood or shop grade
plywood. Solid wood warps with humidity
changes and will open up cracks that will
buzz or aliow air leaks. Shopgrade plywood is
a reject grade and has loose plies that will
rattle. If you use plywood, use either hard-
wood veneer plywood ar AB-interior-grade
fir plywood. These types are usually well
made with seven plies and only small voids
inside. Voids, which can be seen at the edge,
should be nomore than 1/4 inchin diameter.
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Particle board is good acoustically,
though rather unattractive in appearance.

We use it for fronts and backs because it
waon't be seen. Good grades of particle board
are identifiabie by a fairly smooth edge with-
out crumbly material or air pockets in the
center. If you want a solid-wood box, first
make an acoustically correct box out of part-
icle board. Then cover it with solid oak
flooring or whatever solid wood you want to
use,

Atable saw or radial arm saw is great for
cutting out parts for speaker enclosures. it
can even be done with a portable circular
saw, sabre saw, or {ugh) hand saw. Historians
report that during the Civil War, Abe Lincoin
used an axe to make speakers for the White
House. For cutting speaker holes, a router Is
ideal and a sabre saw works fine tco.

Assembling the enclosure

Glue every joint. We glue our enclosures
together with PVA white glue (e.g., Elmer’s
glue). A six-sided box is one of the strongest
structures known, and the glue makes joints
stronger than the wood itself, Contrary to
popular belief, extreme strength is not re-
quired In speaker enclosures. (The speaker
cone undergoes far greater forces than the
enclosure, and it's made of paper.) Again,
what counts are vibration proofing and
airtightness. Rattles and leaks both have the
same cure: all joints must be glued together
to make an alrtight, buzz-proof joint. If you
have any cracks or doubtful joints, caulk
them with silicone rubber glue, also known
as RTV or Silastic. It hardens to pure rubber
without shrinkage.

For vibration-proofing, glue Is superior
to nails or screws. “*Point™ fasteners {like nails
or screws} alone will allow a joint to move
and “creak” between the fasteners; so re-
gardless of whatever other fasteners you use,
you must also use glue. Screws are very nice
but they are a iot of work to use and repre-
sent a 200% overkill in strength. The best
approach for most people is nails plus glue,
relying on the nails to hold until the glue
dries.

We use bevel cuts at the corners for
appearance, but simpler butt joints are just as
good acoustically and may be easier for you
to make ([Figure 8). if you do make bevel
Jeints, you can use rubber tubing, bungee
cord, nails or masking tape to hold the sides
together untii the glue dries.

Butt Bevel

Figura 8, Bevel joint {right] compared to butt jolnt {ieft].

Bracing

Often in a multiway system the front
board is weakened by cutting several large
holes In it for the drivers. Strengthen it if
necessary by running a solid wood brace
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{nailed and glued} from the weakest point on
the front board {usually the narrow space
between the woofer and midrange holes) to
the back. Install the brace at the same time
you put in the front board.

Acoustle damping

Line your enclosure on the inside with
1-inch thick fiberglass or Dacron polyester]
to prevent standing waves [echoes) which
will give the upper bass and lower midrange
response a “'singing in the shower” colora-
tion. Cover all sides but the front. If you use
fiberglass, use heating duct fiberglass, not the
wall or ceiling insulation with foil, The latter
sheds glass fibers that can get into the
woofer voice coil and ruin it. Most people
nowadays use Dacron as it is much easier to
work with and does not provoke allergic
reactions.

Use more stuffing to pull down the Q of
the woofer section [Qtc) if necessary. Weak
magnets cause high Q [common) and over-
size magnets can cause too low Q (rare}. A
high-Q peak in the low end frequency re-
sponse will make the bass sound “boomy™ or
“flabby”.

Stuffing the enciosure will increase the
damping in a smali-magnet system, so if the
bass in your completed system sounds
boomy, particularly with a repeated one-
note sort of “bomp”’, the damping is too low.
Add stuffing until the bass becomes “'salid.”

If your bass sounds weak, the damping
is too high, and if the box is fully stuffed you
should take some material out. What if the
bass is weak even with no stuffing? You need
a better woofer.

In a vented speaker, you should install
the damping material as a liner only. The
vented system needs open space in the
center of the box to avoid obstructing airflow
through the vent,

Grille eloth.

Mount the grille cioth on a separate
frame that may be removed from the front of
the speaker. That way you can change the
grilie cloth easily If necessary, and you can
operate the speaker without the grille cloth
to observe speaker cone motion. Excessive
cone motion is symptomatic of turntabie
rumble, acoustic feedback, iow frequency os-
cillations in your amplifier, or an enciosure
that is not airtight. It causes stretching of the
speaker suspension and misalignment of the
voice coil, resulting in eventual speaker
failure,

Mounting the grille cloth on a separate
frame also spaces it away from the front
board, preventing it from slapping against
the front board.

Make the grille frame out of 1/2-inch
thick materlal. You can either cut it out of
particle board, with oversize openings for the
drivers to radiate through, or you can nait
and glue together a frame out of salid iumber.

Velcro hook-and-lcop material {avail-
able at sewing stores) or Hedlock fasteners
are good for attaching the grille frame to the

enclosure, Staple one-inch strips of the Velcro
hook material to the corners of the front
board, and matching pieces of the ioop mate-
rial to the grille frame.

Paint the front board and grille frame
black so that the drivers, which are generally
black, wiil not be visible through the grille
cloth. Most grille cioth materials that are
transparent to sound are also partially trans-
parent to light. Conversely, most lightweight
materials that are fairly transparent {hold it
up to the light and look through it) will pass
sound without appreciable attenuation and
work as grille cloth.

The best grille cioth material we have
found is double-knit polyester stretch fabric.
The polyester yarn is a “hard™ material with
low sound absorption and dotible knit is an
open weave with lots of “airspace” to pass
the sound. In addition, the stretch fabyic re-
tains its attractive appearance; it has less
tendency to get baggy on the griile frame
than other fabrics, and it is easily cieaned by
vacuuming.

Assembling the speakers

Most of the details of assembly have
already been covered. However, it is im-
portant that some steps in assembly be done
before others. Installing the crossover after
the box is closed would be difficult, to say the
least, We recommend that you use the check-
list below in assembling your speakers,

Assemble the sides, top, bottom and
back of the enclosure together if you haven't
done so already, so the enclosure looks like
Figure 6.

1. Paint the front and rear panels.

2. Oii the enclosure,

3. Test the drivers and crossover.

4. Fasten the crossover in place.

5. instalt the damping material [if rolls of
damping material are used, this step may
follow the next),

6. Glue in the front board and any braces.

7. Connect the drivers.

8. Fasten the drivers in place.

2. Mount the grille cloth.

Here are a few tips on the individual steps in
assembly.

1. Painting the exposed wood

We use black latex paint, which cleans
up easily with soap and warm water before it
is dry. CAUTION: Use all paint, olling
mixes, and silleone rubber glues only
In a well-ventilated area. KEEP OUT
OF THE REACH OF CHILDREN. Do
not take Internally. Avold contact
with eyes. Wash hands after each use.
And all that.

Paint the front of the front board, the
front of the grille frame (including the inside
edges of the holes), the back edge of the
enclosure top and sides, and the back of the
back board {including the inside edge of the
crossover hole),




2. Obing the enclosure

This step assumes you have a
hardwood-surface cabinet such as walnut or
oak veneer. Vinyl does not need oiling.

For hardwood veneer enclosures use a
tung-oil-based oiling mix, Watco and other
“Danish oil mixes’" are similar.

Qiling brings out the beauty of hard-
wood and also hardens the wood and makes
it much more durable. Unlike paint or vamish
which forms a coating that can be chipped
off, an oil finish soaks into the wood and
makes the wood stronger.

First, wipe the box clean with a damp
paper towel. After it dries, pour a small pud-
dle of oil on one side of the box and sand it
into the wood with No.400 wet-or-dry sand-
paper. Sand WITH the grain of the wood to
avoid making scratches across the grain.
Sand gently and use plenty of oil. After sand-
ing to a smooth feel, wipe off the excess oil
and sanding dust with a paper towel or clean
rag.

Do not allow excess oil to dry on the
suiface; the idea is for it to penetrate and
harden in the wood. Aiter oiling all sides, lay
the enciosure on its back on newspaper to
dry for two hours.

After the wood has soaked up the first
coat, you may make additional applications.
One coat leaves a “natural™ finish. You can
re-oil the wood periodically to restore the
attractive appearance it had when new,
Additional applications over the years con-
tinue to increase the beauty of the wood.

3. Test the drivers and crossover

it is a good idea to test the drivers and
crossover before you glue them in.

WARNING: When hooking up your
speaker, take care to avoid touching to-
gether the two wires from the amplifier.
Some amps can be damaged if they try to
send power through a short circuit. When
making these connections, inake sure the
power to your amplifier is OFF, and the vol-
ume is all the way DOWN.

Connect the input terminals on the
crossover to your ampilifier. Speakerfab
crossovers use pushbutton terminals--push
in the button on the terminal strip and insert
the bare end of your amp-to-speaker wire
into the hole. Release the button and the
terminal will grip the wire.

Tumn on the amplifier, put on some
music, and turn up the volume slightly. Do
not turn the volume up high---high volume
levels before the speakers are installed may
damage the woofer by excessive cone excur-
sion. Put your ear to each driver and listen;
you should hear sound coming from each
driver.

If there is no sound from any driver,
check to see that the amplifier is working
properly, and that the wiring is good be-
tween amplifier and speakers.

Check out the crossover level controls.
With your ear to each driver, vary its level
control and verify that the driver's level
changes. For Speakerlab crossovers with

switches, the level changes are small and are
easier to hear in a “live” room--one with
many hard reflecting surfaces. The level
changes are easler to hear on FM interstation
hiss than on music.

4. Gluing inthe crossover.

With the cabinet on its back, squeeze a
thin, 1 /4-inch wide bead of silicone rubber
glue arcund the crossover hole 1/2-inch
away from the hole [See Figure 9). Little glue
is needed to hold the crossover, and using
little will make the crossover easier to remove
should you ever need to.

Make sure you get the crossover
network in right-side-up, Lay the crossover
down over the hole and press it down on the
glue. If excess glue squeezes out onto the
outside face of the crossover, let it cure fully
then trim it off with a sharp knife. Trying to
wipe the glue off whiie it is still wet will only
smedr it.

p

Flgure 9 Installing the crossover.

5. Installing damping material

The easiest way to do this is to staple a
1-inch thick Dacron or fiberglass liner to the
sides, top, bottom and back. This will prevent
internal echoes that cause a “"boxy” sound.
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Flgure 10: Instaliing the damping material when rolls are used.

6. Installing the front board.

Make sure you instalt the front board
{Fig. 11) right-side-up with the woofer hole
towards the bottom. You can use silicone
rubber glue, or most any other kind, to glue it
in.  Ifyou use afront-to-back brace, mark its
position before attempting to glue in the
frort board. The brace can be held by silicone
rubber glue on both ends, or by nails and
glue.

7. Connecting the drivers

Points to watch in connecting the driv-
ers: Check and re-check WHICH wire goes to
VW/HICH driver, and be particularly careful of
the POLARITY. It is easier to recheck your
wires three times than reopen the enclosure

Figure 12: Connecting the drivers.

once. Figure 12a shows a typical wiring
scheme, Check the color-code for your
Crossover network,

Most drivers are marked with a colored
dot, number i, or symbol T1 for the
“pius™ terminal; the other is the minus [or
common] terminal. You can test unmarked
drivers for phase by applying a 1-1/2 volt
battery to the terminals. When the battery
plus terminal is connected to the driver plus
terminal, the cone will move OQUTWARDS.

Nearly all Speakeriab drivers have the
plus terminal marked with a red dot.

Speakerlab crossovers use solderless
push-on terminals for the connectors {Figure
12b}. When pushing the connectors onto the
midrange and tweeter terminals, be careful
not to bend or swivel the terminal
Inadvertently.

Check to make sure that all connectors
are on all the way. Most of the tabs on the
drivers have a hole that engages a
corresponding bump on the connector. [Fig
12c).

On some drivers the terminals stick out
and have to be bent back after the wires are
attached to fit in the mounting hoie.

Make sure the woofer connectors do
not contact the metal frame.

8. Mounting drivers with screws
and hold-down clips

Position a gasket under the edge of the
driver and engage the short end of the
mounting clip inside the basket edge. Using
an even, tightening pattem, screw down the
driver.




2. Gluing In the drivers
Squeeze a bead of silicone rubber glue
" araund each hole [Fig. 13a). Set each driverin
its hole and push down Into the glue. Do not
wipe the excess glue away. Leave the bead of
glue around the driver until it dries and
hardens. Later you can take a sharp knife or
razor and cut and peel away the excess glue,
leaving the speakers beautifully finished [Fig.
13c).

Do make sure there are no air leaks
around the rims of the drivers.

\When mounting the drivers, make sure
you keep the crossover wires out of the holes
in their frames--if a wire should touch the
paper woofer cone, for example, the speaker
will buzz.

Let the speaker system dry on its back
for at least four hours. The woofer is heavy
and may fali out if the cabinet is stood upright
before the glue is allowed to reach full
strength.

Figure 13; Gluing in the drivers.

10. Mounting the grllle cloth

Staple Velcro or Hedlock fasteners to the
grille frame before mounting the cloth. Put
them an inch or so in from the frame edge to
ciear the cloth.

Fig. 14 shows how to staple the grille
cloth neatly arouind the grilie frame. Stapies
every two inches or so are about right.

Most grille cioth materials are slightly
different on one slde than the other and have
a noeticeable grain pattemn. Make sure the
griiles for both speakers have the same side of
the material out and the grain going the same
way.

If you use Speakerlab drivers in your
speakers, put Speakerlab nameplates on the
fronts so your friends can appreciate your
good judgement.

Figure 14: Mounting the grilie doth.

The last word....

Well, we just can’t finish this chapter up
without throwing in a plug for our kits. So
this is it.

A Kit js great if you want a proven,
optimized design. We tailor the design of the
drivers in our kits to work with each other, for
much better overall system operation than
you can get from driver models chosen at
random. As the final step In designing a kit
model, we adjust the crossover circuit to
correct any residual frequency response am-
piitude or phase anomalies in the driver types
used. This gives the system better response
characteristics than the drivers themselvesl

On the other hand, if you want to try
out a design of your own, the only way to go
is to build a system from scratch. So go to it.
Most of the new principles and advances in
speaker science have been made not by es-
tablished manufacturers, but by people who
were home constructors at the time,
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Chapter Two:

We have been interested in trans-
mission line (TL) speaker systems and
have been collecting data on them for
some time now. We have received many
letters such as this one:

“| recently heard & pair of trans-
mission line speakers at a friend’s house
and was very mudch impressed. | am toy-
ing with the idea of building my own
transmission line woofers. My ideal in a
woofer is not volume, nor fow frequency
response PER SE, but rather accuracy
{unmuddled, umboomy, distortion-free,
having high resolution). The trans-
mission line design seems to fit my ideal.
Can you supply speakers suitable for
transmission line designs? | would ap-
preciate any comments you might have
onwhat | have said.”

Donald A
Chicago, lilinois

We have assembled the information
we have found for the benefit of others
interested.

We have not done EXPERI-
MENTAL WORK at Speakeriab on TL
speakers yet. Anyone wishing to use this
UNTESTED DATA to experiment on
his or her own may proceed at their own
risk. We can give you our best wishes but
not much else.

Sufficiently forewarned, read on.

A transmission line for sound is sim-
ply a pipe with a wave going in one end
and coming out the other.

A great variety of speaker designs
have been called “transmission lines”.
Most have a front-firing woofer mounted
in a vented enclosure. The vent is so
positioned that the length of the sound
wave path from the rear of the woofer to
the vent is an appreciable fraction of a
wavelength at low frequencies. This
causes a phase shift of the loudspeaker
rear wave before it is emitted from the
vent. The woofer rear wave starts out 180
degrees ott of phase with the front wave,
but after the delay of passing through the
transmission line (enclosure interior} its
phase is shifted so that it reinforces
{rather than cancels) the front wave,

So far as we know, transmission line
systems are designed basically by tral
and error, “The bigger the better” seems
to be the cardinal rule. Bailey's paper (re-
ference 9) is the best writing on the sub-
Ject we've found but gives no method for
calculating  enclosure  dimensions.  We
know of no work setting forth theory of
operation on a mathematical basis, nor
one that gives design methods.

No one has mapped out a quantita-
tive theory for the transmission line as
Neville Thiele, Richard Small, and others
have done for vented [bass reflex) loud-

speaker systems, The radiation impe-
dance of the line load on the woofer, the
impedance change from the line impe-
dance to free air at the port, and the delay
effects of the line length all make the
system very complex to analyze,

Most transmission line speakers use
either a line of constant cross-sectional
area, or one that tapers and gets smaller
towards the port. In constant-area lines
the port opening is usually the same size
as the cross-section of the iine. In tapered
lines, the port is usually smaller.

In the constant-area designs, the
area generally approximates the area of a
square with sides equal to the nominal
{outer] diameter of the woofer used.
“Simple wave theory” would suggest that
the pipe cross-section be no less than the
woofer cone area, as a minimum. Thus for
6 to 18-Inch woofers the areas would be as
giveninTable 1.

Table 1
Woofer Typlical Tran. Line
diameter Cross Section Area
18" 213-324 square inches
15" 140-281 square inches
12 85-180 square inches
10 57-125 square inches
8" 28-80 square inches
6.5" 24-42 square inches
6" 20-36 square inches
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Figure 11Some typical transmission line configurations.

Theory

We can formulate a half-baked sort of
theory by making the simplifying assump-
tion that the main effect of the trans-
mission line is to delay the rear wave of
the woofer, after which the delay em-
anates from the port. This theory ignores
troublesome details like woofer
characteristics, radiation impedance of

Transmission Line Speaker Design.

the port, reflections inside the line, load
of the line on the woofer, etc, etc
"Guesswork’’ might be a better name for
it than "theory”™.

Anyway, If we assume that the port's
output is the same as the woofer output,
except that it is delayed by the time it
takes a sound wave to travel the length of
the line, then we may draw the foilowing
conclusions.

At the frequency where the length of
the transmission line is exactly one-half
wavelength, the vent’s sound output is
exactly inphase with the woofer's output
and total radiation is maximum. The fre-
quency at which this takes place we may
cali the characteristic frequency of the
line fc: v

4"c TZL @

where v is the speed of sound {1,130 feet
per second), and L is the length of the line
in feet. As an example, a line 10.6 feet
long (the size recommended later in
these notes for a 15" woofer] has a
characteristic frequency equal to 53 Hz.

The time delay T for a wave to go
from the woofer to the port will be simply

=L =
T=5 @ Notethat T (24.) @
Assume the output of the woofer at fre-

quency fis gquai to A sin (27 £+ )
Then the output of the port wilt be

-A sin (2T f.+8)

where 0 is the phase shift due to the wave
being delayed in the fine. The minus sign
is because the port wave originates from
the rear of the woofer and is, therefore,
opposite in phase from the woofer radia-
tion which the phase shift corrects).

So the total radiation is

Asin (2TTR.) =Asin (2T +8)®
Our handy trigonomentry handbook says

Asin(x) -Asinfy) = &
ZAsan(ziz-_x) cns( _2%1)
50 the total output may be written

2 A sin _.g_) o5 (2’!T&.+?9:) @)

We are interested in only the total amp-
litude part of this, that is the constant

part. 2 Asin g— @

Comparing this to the total amplitude of
the woofer output, we can define:

"line response = -total output
wioofer output.

which equals  2A 5in 79
A
which equals 2 sinzﬁ




At frequency f, the phase shift In the line,

0, is equal to

0 = Tf cycles @
or 8 = %OWdegrees

since T =L

24,
this can also be written
8- 360 F desrees
2

c

=180 ‘?ﬁ deﬂrees

S0 “line response”’

= 2 sin fao;f,—
[

| z @
= 2.sin ( 90%)

This function is plotted in Figure 2. As
frequency Is varied, the vent output goes in
and out of phase with the woofer, boosting
or cancelling the woofer's output. \Whether
the vent output adds or subtracts at any
given frequency depends on how many
wavelengths of phase shift the line delay time
causes at that frequency.
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Flgure 2: Line response of a transmission fine speaker.

This graph covers only the effects of the
line and does not take into account the re-
sponse of the woofer itself; that Is why the
vertical axis is fabelled 1.0X, 2.0X, etc. which
means 1.0 times woofer output™, 2.0 times
woofer output™ and so on.

The beauty of a transmission line system
is that the vent-radiation boost may be used
to extend the response of the system beyond
the response of the woofer itself, From about
3fc to about 1.7fc, the graphed response is
above 1.0X, meaning that the vent radiation
adds to the woofer radiation and the total
radiation exceeds that oi the woofer alone.

However, the undamped line has terri-
ble resonant peaks and dips at frequencies
that are integral multiples of fc {1.0fc, 2.0fc,
3.0fc, etc.}.

We need to damp the line to eliminate
the high frequency peaks and dips. Damping
does this by absorbing high frequency en-
ergy in the line so it is not radiated by the
vent. In a weli-damped line, above fc most of
the radiation will be from the woofer alone.

On the other hand, the line damping
should not disturb the low-end response; it
sfiouid aliow fuli vent radiation beléw .5fc
and some peaking around fc, to achieve the
desired vent-boost effect. The dashed line cn
the graph shows what we want to
accomplish.

‘Fortunately, the damping effectiveness
of a lossy transmission line is greater when
there are more wavelengths in the lossy
path-length. Since at higher frequencies
more wavelengths fitin the line, the damping
effectiveness increases with frequency and
we can get the absorption of highs and trans-
mission of lows we need.

We may define the TL cutoff frequency
{fo) as the lowest frequency at which the
total output is greater than the output of the
woaofer alone, that is, greater than 1.0X in
Figure 2. Above this frequency the port out-
put ADDS to the woofer output. Below “fo”
the port output SUBTRACTS from the woofer
output. For an undamped line this condition

means:
. fy
25|n(9§) 1.0
£
so: f,=1c sin”' 1.0
Eanlie @
-
=zf

Since fc is the frequency at which the
transmissiont line is a half-wavelength long,
“fo’ is the frequency at which it is a sixth-
wavelength.

Thus the hypothetical 10.6 footlongline
with fo equals 53 Hz mentioned earlier as TL
cutoff frequency:

fo=Sx53=177Ha

This is rather low, but remember two
things- ane, we took no account of the woof-
er's response and it is very unlikely to be flat
down to 122 Hz; two, contrary to our
assumptions some or most of the energy
reaching the port will be reflected back up
the line rather than radiated.

Nevertheless, the fact that a trans-
mission line is theoretically useful at fre-
quencies for which it is a sixth-wavelength or
longer, as shown in equation (12}, is an in-
teresting and useful fact. We have never seen
it published before.

Line Shape

Low-end cutoff frequency can be re-
duced by increasing the line length. One may
be tempted to reduce the cross-sectional
area of the line and crowd a longer line with

more folds inside the enclosure in order to get
an extremely low cutoff frequency. Unfortu-
nately, a small cross-section raises the impe-
dance of the line. According to “'simple wave
theory,” if the impedance is too high, the
motion {and radiation} of the woofer cone
will be severely limited. Also the mismatch
between line's vent end and free space wiil
be high, and most of the energy going down
the line will be reflected back inta the line
when it reaches the vent rather than be
radiated.

This last difficulty may be ameliorated
somewnat by making the line tapered, small
at the input end and large at the output end
{vent). In such a case the design tends to
behave more like a hom than a transmission
line.

Wave theory notwithstanding, many
transmission line systems do use a tapered
line that grows smaller near the vent. We
suspect that such systems are acting as bass
reflex systems with a very long ducted port
with some delay.

Damping

The transmission iine must be lined or
filled with sound-abscrbent material such as
fiberglass to attenuate the rear wave from
the woofer.

The amount of damping material
needed can be determined by careful listen-
ing tests. [f the extreme low bass is
“boomy”or “flabby,” indicating a poorly
damped bass peak, filling the enclosure with
an absorbent material wilf damp down the
resonance and make the bass response
“tighter”. Excessive absorbent material will
cause overdamping and bass loss. Some de-
signers prefer natural materials such as wool,
while others use only synthetics such as
fibergiass or Dacron [polyester} which have
less tendency to settle and are immune to
moid and insects.

Simply lining the TL interior with fiber-
glass is a good place to start for trial-and-
error damping adjustment. To adjust the
damping further, tack in more glass with ip-
ples that extend towards the center of the
linespace as shown in Figure 3.

tacks

fiberglass

Ilﬂllﬂllﬂﬂlllll

Figure 3, Method of tacking in fiberglass or other sheet damping
material to provide damplng for transmission fine.

For designs like (b} and {d} of Figure 1,
installing an access plate on the bottom
makes it easy to experiment with the
quantity and piacement of resistive material,
Or you can put the material in through the
vent and woofer holes with somewhat more
difficutty.




Suggested Dimenslons for
Transmission Hnes

Figure 4 shows a suggested trans-
mission line design and dimensions for woof-
ers of various sizes. The dimensions given are
the INSIDE dimensions. Don't forget to allow
for panel thicknéss in your calculations of
panel sizes to cut. We recommend use of
3/4-inch particle board or plywood except
for the 6-inch and 8-inch woofer designs,
where 5/8-inch material is acceptable.
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Flguse 4. Suggested dimensions for transmisston fine speaker
enclosures. The 45-degree piece flength C| prevents standing
waves between the wooter and the back of the enclosure.

Woofer A B C w

- & 24" 85" 2.5
8~ 8" 32" 113" 100"
Ltk 10" 40 1417 125"
12~ 127 48" 17.0” 15.0”
15" 15" 60" 2127 188"
Midrange and Tweeter

Since the woofer fires forward in many
TL designs, it radiates upper bass and
midrange effectively. Therefore a two-way
system with only a tweeter to carry the highs
will work. However, you'll get better high-
end performance with a three-way system,
The midrange, tweeter, and crossover are
most conveniently placed on top of the trans-
mission line bass section.

Measurements

The woofer will have a low resonant
frequency in the transmission line due to the
large air mass in the line. The resonant fre-
quency is easily measured by driving the
woofer with an audio oscillator {through a
1000-chm resistor) and measuring the
voltage across the woofer. The voitage is
approximately proportional to the woofer
impedance. The frequency at which the
voltage peaks is the resonant frequency. ATL
system may have either one or two resonant
frequencies. If it has one, theoretically it
shouid be equal to or near fc. If the woofer's
free-air resonant frequency is above fc, that
will throw off the theery.

If a2 system is-acting like a bass reflex
(vented) system in disguise, it will have two
pronounced resonant impedance peaks, The
frequency of minimum impedance between
the peaks is equal to the enclosure resonant
frequency, b, in Thiele-Small theory (Refer-
ences 1land 12).

Sufitable Drivers

Woofers used in transmission line
systems must have adequate suspension stiff-
ness to prevent excessive cone excursion,
since the enclosure is not sealed and provides
no “air spring”™ effect to iimit cone motion.
Nearly all 15-inch woofers are adequate in
this regard and we recommend the
Speakeriab W1508S (8 ohms) for trans-
mission line applications. Where a 12-inch or
10-inch woofer is required, the W1208R and
/10088 are suitable, though they shouid be
operated at half their normal power ratings.

Woofers for transmission line systems
should also have low resonant frequencies to
prevent Inadequate woofer response from
limiting the low-end performance on the
system. Acoustic suspension woofers have
low resonant frequencies, but most have
such high compliance {weak suspension stiff-
ness) that they are liable to be damaged by
excessive cone excursion at frequencies be-
iow the system cutoff. Such woofers may be
used if you employ an active filter to eliminate
subsonic energy that can overdrive the cone.
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Chapter Three:

Horns and direct radiator speakers both
employ a moving diaphragm that generates
pressure waves (sound) In the air {Figure 1},
The difference is that while a direct radiator
moves the air directly, the horn driver
launches the wave down a tube, The tube
then tapers out to launch the waves into the
room. The hom is mare efficient because a
moving diaphragm radiates energy much
more efficiently when it is mounted over the
end of a tube than when it is merely cut in the
open. The direct radiator mostly just moves
the air out of the way and only a smali per-
cent of the energy becames pressure waves
in the air. In the case of the horn driver, the alr
can't move to the side--the hom walls are in
the way--s0 it has to compress, thereby
translating a substantial fraction of the
energy into pressure waves [sound}. So the
horn acts llke a transformer, coupling the
moving diaphragm to its air load.

Direct Radiator

low compression - inaffecient.
enerygy c:ouPlinS

high compression - efficient,
energy coupling

Flgure 1. ABCVE--motion of a direct-radiator diaphragm gen-
erates low compression and gives ineffident energy Coupling.
BELOW--motion of a hom-loaded diaphvagm generates high com-
pression for efficient energy coupling.

A big disadvantage of horns is their size.
To effectively ““launch™ the sound wave into
the room, a horn mouth must be at least
one-quarter wavelength in diameter, At 30
Hz a quarter wavelength is 8-feet. A hom
with an 8-foot mouth is a heck of a big hom,
You can cheat the laws of physics by design-
ing your horn so that it uses the walls of the
room inwhich it is placed as the mouth--most
rooms having ceilings 8-feet high or there-
abouts. Thus the structure you build that
goes in the room can itself be substantially
smaller.

A straight bass horn is theoretically the
most perfect low-end reproducer. Un-
fortunately, they are totally impractical to
manufacture and sell commerically because
of their huge size. However, it Is not difficult
to make a straight hom as a built-in part of a
house; the large size is not so much of a
problem and again, you can use the house
walls as part of the horn.

ass Horn Design.

Buiiding a straight horn system into your
house is a lot of work, but people who have
done it report superb results:

“I have finally completed my sound
system and | can’t describe how completely
satisfied 1 am with its performance.

The sound from your equipment was far
beyond any good sound that | was
accustomed to hearing, | was completely
amazed at what | heard coming out of the
whole speaker system.

The photos that | have enclosed might
tell part of the story but listening to this thing
is unreal. Wish you could be here.”

Raymond Magaro
Los Angeles, CA

Raymond's system is diagrammed in Figures
Zand3.

dri\g%— /

horm
false. ceiling -
doorway
adjacent recm Iistening
roowm

Figure 2, Cross-section2l outline of Magaro™s stralght hom
installation. His home has a stepped ceiling and he mounted
the speakers in the empty space above the *'step”.

left channal right channe)|
woofar horn ofer horn
|52 &2
controls
\twecter
horm
midra doorway to
horn e adiace
voam

Figure 3. Appeararke from listening room of Magaro’s
instailation.

Theory

An exponential horn is a horn whose
cross-sectional area Increases a certain
percentage for each inch of distance from the
throat. Its name derives from the fact that the
area can be expressed as an exponential

function: - md
A Aoe @
where e is Eulers constant {2.718), and m is

the horn taper factor in inverse inches. Figure
4 shows the definitions of A, Ao, and d.

L

i

Flgure 4. “Ao" isthroat area, “Am"' ismouth area, “L" B length of
horn, "A’" Is cross-sectional area at distance “'d” from throat

The greater the value of m, the faster the
harm expands. For example, if m equals .10
per inch, then the horn expands by a factor of

e'0:1108

for each inch, or about 10% per inch.

The theoretical low frequency cutoff
point of a hom is set by the taper factor
according to the formuia

fo=TF = 1080m

where fc is the theoretical cutoff frequency in
Hz, ¢ is the speed of sound {13575 inches/
second), and 4 piis a constant (12,57,

The “theoretical cutoff” is merely a
mathematical quantity and a well-designed
bass horn can actually respond down to
about 65% of fc in a normal sized listening
room, (It is much easier to get good bass in a
normal listening room than in the infinite
vastness known as “free space”. There Is no
basis for the common belief that you need a
big space to reproduce big wavelengths. If
that were true, headphones would have no
hass atall.}

™

Mouth Area

To obtain effective low frequency
radiation, the mouth must also be of
adequate size. If the mouth is too small, low
frequency waves will not be "launched”
when they reach the mouth but instead will
be refiected back up the horn. The homn
mouth, if circular, should have a diameter at
ieast equal to one over pi wavelengths of the
largest wave (lowest frequency) to be repro-
duced. If the shape is other than circular, the
mouth should have equivalent area. Based
on this rufe, the motith area should be:

el
Am = gy

£= {owest -Frequenc:
to be reproduced.

Throat Area

The third basic parameter of horn design
is the throat area. The throat area will depend
on the driver used, but a coarse rule of thumb
that works well is to make the throat area
equal to half the driver diaphragm {piston)
area. Beranek {Ref. 2, Ch. 9) goes Into this in
detall,

A good throat area for low-resonance
{15-20 Hz) 15" woofers is about 50 square
inches.




'Horn Length

The last basic parameter of horn design
‘is length. The length (L} is not independent of
-the other parameters; it depends on the taper
‘rate (m] and the mouth and throat areas {Am
“and Ao). The formula is:

L Am

Once Ao, Am, L and m are set, in-
: termediate values of A may [theoretically) be
obtained from equation (1). This is an easy
task for those fortunate enough to possess a
calculator with log and exponential
functions. Those not so biessed can de-
termine the throat areas by a graphical tech-
nique using semiloragithmic graph paper.
This is paper with a iogarithmic scale on one
axis and a linear scale on the other, as in
Figure 5. This kind of paper has the
charactéristic that any straight line drawn on
it obeys an equation of the form '

y=ae bx
where y is the logarithmic scale and x is the
linear scale. A giance wili show that this
equation is of the same form as equation (1),
only the variables are different.

If you know Ao and Am and the ‘hom
iength, you can use Figure 5 to determine
intermediate cross-sectional areas as foliows.
Put a dot at “’d equals 0" and “A equals A0™
for the throat area, and another at “d équals
hom length” and “A equals Am” for the
mouth area. Connect the two dots by a line.
You can then read off the horn area "A”
required for a given distance 'd” along the
length of the hom.,

In many cases you will know Ao, Am
and fc but not the length, The theoretical
cutoff frequency [and taper raté) is propor-
tiona! to the siope of the fine. We have pre-
drawn some slopes for different cutoff fre-
quencies so you can also use the graph with-
out having to know the hom  length
beforehand--a difficult calculation using’
equation {2}. To use this technique take 3
steps: - : ) C :
{1.) " Place adotatthéthroatareaAoonth
left axis. : :
{2.) Draw a line of the slope required for
the designied cutoff, that is, make your line
paralie! to the line iabeled with the cutoff
frequency you warit.

{3.}) Make a dot where your line passes
through your mouth area {Amj}. Read the
hom length on the horizontal axis.

A Shortcut {Pun Intended)

" You wili find that bass homns designed
strictly according to the formula are quite
long. Olson demonstrated [Reference 1, Pg.
114} that the horn can be shortened consid-
erably, with little adverse effect on the bass
response, by using a faster taper rate in the
throat end. In addition this extends the high
frequency range of the homn.

|

il
T
i
Y
L

W MR RAR N

£ Line slopes

for various

cutoff

TTTITT
T

1" 5

throat

10 15 20 25 30 35
Distance down the horn (d) in.

40 45 50 55 WO 65 7O

Flgure 5: Logarithmic scale for romn length.

Shape

The cross-sectional SHAPE of a horn is of
little importance--the cross-sectional AREA is
the-key factor. Changes of shape along the
path of the homn are OK as long as they are

gradual, with the exponential taper formula-

held true in the transition region.

. Most homs are round or rectangular {or
both, changing shape along their length) be-
cause these are convenient shapes to fabri-
cate and install.

Angular Dispersion

Dispersion (uniform coverage over a
wide angle) for a horn operating below 500
Hz, particularly a folded hom mounted in the
corner of a room is no problem. Aspeakerina
corner really needs only 90 degrees disper-
sfon because the walls prevent the listener
from ever standing more than 45 degrees off
axis. Furthermore, low frequencies have littie
directional characteristic. You can design
your horn for construction convenience with
regard to dispersion consideration.

Folds and Standing Waves

The width of the horn at folds sets an
upper limit to the high frequency perform-
ance of folded horns. Sound will not go
around a bend if the width of the bend is a
haif wavelength or more, Standing waves
occur between the walls of the horn {side-

ways in the hom). Because of this, low fre-
quency horns rarely work above 700-1000
Hz and should be crossed over to a midrange
driver at some lower frequency.

Behavior Around Cutoff

Homs have a rolloff around the theoreti-
cal low end cutoff. In this rolioff, the hom
presents a mass load to the driver, It is poss-
ible to adjust the total spring constant of the
driver (cone suspension stiffness plus the stiff-
ness of the air chamber behind the cone) so
that the spring load equals the mass load in
the regioit just below the theoretical cutoff.
Then the driver's stiffness reactance will
cancel the hom’s mass reactance and the low
end frequency response will be flat over an
extra third or half octave,

The effect probably takes place to some
extent in every hom system that has a sealed
chamber behind the driver; you can maximize
the effect by trial and error, using drivers of
different resonant frequencies or varying the
air volume of the sealed chamber by partially
filling it with air-displacing solid material such
as foam blocks. Not fiberglass--fiberglass it-
selfis 99% air.

Some designs use a constriction at the
throat to increase the throat mass reactance,
which at low frequencies can counteract the
stiffness of the driver cone suspension and air
chamber.




Construction _
The hom itself Is not difficult to con-
struct. Build it out of 3/4-inch plywood or
particle board. If you use plywood, we sug-
gest AB interior grade. Brace the horn walls
with 1™ x 2’ braces set on edge. Braces keep
the hormn walls from vibrating. Seal the
comers of the horn with sllicone rubber glue
(RTV). Airtightness is extremely important.

Ringing

A hom is supposed to be a channel for
vibrations in the air, which means that the
hom wall itself should neither vibrate nor
radiate sound, Many homs are made of
metal, which is quite susceptible to carrying
vibrations--aspecially if the mouth is unsup-
ported, in which case the horn forms an ai-
most perfect bell, The result is hom wall re-
sonances which make the reproduced sound
“tinny” or “harsh.”.

When using a metal hom, mount the
mouth on a flange of some material with high
intemnal damping (such as wood) to prevent
ringing.

Horn Folding

Bass horns are big, and the biggest di-
mension is the length. Folding the bass horn
changes it from a long skinny structure to a
more compact shape.

Perhaps the simplest way to fold the
bass horn is ta coil it around on itself as in
Figure 6. The University Classic design Is of
this type.

The Classic works best on the floor and
against a wall.

Paul Klipsch was the first to come up
with a really practical folded horn. As well as
the hom itself being folded, it used the comer
of a room as part of the hom. His classic paper
in the “Journal of the  Acoustical Soclety of
America’ [Ref. 3) describes it fully.
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and E. it can be shown from ray optics that a
plece placed along line DE will make a perfect
reflector to “'tum’ the wave,

(]

Flgure 7. Extend line AB to point £ Extend fine CB to point
D, Ny drawe line DE betweeen points Dand £,
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Figure 8. This shows how reflector DE "folds™ the sound
wave around the comer,
Room Placement

Most folded hams benefit from comer
placement but do not require it. However,
nearly ail require placement on or near the
floor and against or near a wall for optimurn
bass performance. A speaker near the in-
tersection of the wall and floor is radiating
into quarter-space {Figure 9); and in a corner,
it is into eighth-space. The limited radiation
angle and "partial space” provides a more
nearly optimum load on the mouth of the
hom, which in the case of bass homns Is nearly
always smaller than optimum for radiation
into half or fuli-space.

Figure 6. Folded bass hom using the coifed-around
configuration.

Corner Refilectors

When laying out a foid, install a reflector
in the comer to help the wave tum the
corner. [See Figure 7, which shows a method
for determining where to place the reflector.)
Extend line BC to point D. Extend line AB to
point E. Now draw line DE between points D

16
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Flgure 9. A speaker near the intersection of wall and floor
{left} radiates into quarter-space. A speaker in a comer [right}
radiates into a solld angle equal te half that, or eight-space,

Frequency Range

A given hom normaily will cover only
about three octaves at the most, that is, a
frequency range of about eight to one from
the lowest frequency to the highest. Because
of this, horns must be used in multi-way
systems--usisally a three-way system with
separate bass, midrange, and treble sections.
it only makes sense to use homs for the high
end too.

Equalization

Due to the compromises necessary in
bass horns--non-uniform taper rate, folds,
less-than-optimum mouth  area--they are
rarely as flat in frequency response as, say, an
acoustic suspension speaker. The horm's vir-
tue is bass that goes low and is powerful,
However, a speaker with such bass response
will often excite room resonant modes. As a
result, the performance of a bass horn can
often be improved with an octave-band
equalizer, Many installations work well with
about 5 dB of boost in the lowest octave
{20-40 Hz}, 0 dB in the next octave [40-80
Hz), and 5 dB of cut in the next octave [80-
160 Hz). The other equalizer sections are set
flat (O dB). Records vary tremendously in the
amount and quality of bass in the bottom
octave: so judicious readjustment, as neces-
sary, can have dramatic results,
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Why Cross Over?

Most speaker system buillders buy the
raw speakers from a supplier and then build
their own enclosure. When it comes to
crossovers, those who wish to buy one
ready-made are usually faced with a very
limited selection with little to go on to choose
the right one. Those who wish to build their
own have difficulty finding parts and building
information. We hope that this report will
provide some of the needed information.

Just about every high quality speaker
system in use today has at least two speakers,
a woofer and a tweeter. Two speakers can
divide the audic spectrum between
themselves and each do a better job. One
specializes in low frequencies, the other In
high frequencies. The crossover network
routes to each speaker the part of the
spectrum it can best reproduce.

After speakers and enclosure, the most
important single factor in speaker system
performance Is the crossover network, A
properly designed crossover can bring out
good sound even from cheap speakers, and is
absolutely necessary to obtain from high
quality speakers their maximum
performance.

The most significant advantage of a
good crossover is its ability to reduce in-
termoduiation distortion in the speakers to
very small proportions. Intermodulation dis-
tortion is the worst form of distortion in
speakers and is what gives the speaker Its
generally accepted status as the “‘weakest
link™ in the stereo reproduction chain. This
distortion is generated by the motion of the
waoofer voice coil in its magnetic field, which
cannot be made perfectly uniform. The waoof-
er's sensitivity changes as the coil moves from
regions of high field to low field, and any mid
or high frequencies being reproduced by the
woofer are modulated by the low frequency
that caused the cone motion. This form of
distortion is particularly objectionable be-
cause it does not occur in nature and is very
discordant to the ear. The cure is to exclude
the mid and high frequencies from the
woofer and have them repraduced by one or
more other speakers. A crossover which
achieves this will make a vast improvementin
sound quality. The speaker designer who
takes the trouble to incorporate the right
crossover in his design will find that the re-
suits repay his diligence immensely.

This chapter covers the basic principles
of parallel section crossover networks. Par-
allel section crossovers have a separate sec-
tion for each speaker, which makes it possible
to tailor a network for any possible combina-
tion of speakers.

Two way, 6 dB per actave crossover
The simplest form of crossover
network is shown in Figure 1. It is called a
two way system because the frequency
spectrum is divided into two parts, above
1670 Hz and below 1670 Hz. The low fre-
quency section is merely an inductor
which acts as a low pass fiiter and the high

Chapter Four: Crossover Design.
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Flgure 2, Capacitance and Inductance vatues for bds/_&tave crossaver sections. Use the upper three lines to determine capacitance d, the

lower thiee lines to detemine induictance.

frequency section is a capacitor which
acts as a high pass filter. The value of the
inductance of the low frequency section
is determined by the formula: R

L=

——

2T+

where L is the inductance, f is the
crossover frequency, and R is the im-
pedance of the woofer.

The value of the capacitance in the
high frequency section is determined by
the similar formutfa: |

CoMFR

Here C is the capacitance, f is the
crossover frequency, and R is the impe-
dance of the tweeter. In both formulas
the frequency is in hertz and the impe-
dance is in ohms. Capacitance is in farads
{F) and inductance in henries (H}.

Both of these formulas are expressed
in graphical form in Figure 2. Once the
crossaver frequency and impedance have
been chosen, the required parts values
may be read directly from the graph.

At the crossover frequency the signal
to each speaker will be 3dB down, and
each speaker will be radiating half power
compared to what it radiates in the center

of it’s frequency band. Thus the total radi-
ation from both speakers at the crossover
frequency will equal the power radiated
at the other frequencies, and there will be
no hole or peak in the frequency

response.
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Flgure 1. Two-way, 6d8/octave crossover. The ground
merely indicates a common connection point Inside the speaker
system.

This type of network has a rather
gradual cutoff beyond the crossover fre-
quency. Itis called a 6dB per octave crossover
because outside its desired frequency band
each speaker receives 6dB less signal for each
octave beyond the crossover frequency.




. 12 dB per octave erossover

A crossover network with a sharper
cutoff characteristic, 12dB per octave, is
shown in Figure 3, The two systems have this
in common: each consists of two sections,
one for the woofer and one for the tweeter,
The two sections are fed in parallet from the
input terminals, All the crossover systems dis-
cussed in this report share this feature; each
speaker Is driven by a crossover section for
the part of the spectrum allocated to that
speaker, and ali the sections are connected to
the input terminals in parallel,

Crossover networks may be made for
speaker systems of any complexity by con-
necting appropriate sections in parallel.

Each section passes only signals of fre-
quencies falling in its share of the audio
spectrum. It blocks out signals of other fre-
quencies, If the impedances of all the speak-
ers in a system are the same, the impedance
of the whole system at the input terminals
will be the same as that of the speakers. At
any given frequency, only one speaker is
drawing power; the other speakers are
isolated from the input by their crossover
sections. [Right at a crossover frequency, of
course, two speakers will be drawing partial
power.)
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%n ﬁ?qa J_ ( :

venc C1z F
o-—-l__— seckion y -
n 1;
b =
wals

(‘2;&&}7) 3 ‘tu.-eeter'
(IEEMH)
lOn

Flgure 3. Two-way, 12dBfoctave crossever. The parts values
showrt are for an 8-ohm system crossing over at 1160 Hz.

12 dB per octave midrange section

Highpass and lowpass 12dB/octave
sections may be cascaded {the output of one
feeding the input of the next), as in Figure 4,
to give a 12dB/octave midrange section
without difficulty. Use equations | and 2 to
calculate the parts values.

I

_R 0
OL=imf @ C= 247 1R

The formuias are the same as those for
12dB highpass and lowpass sections atone,
Also the formuias are the same for both the
highpass and lowpass parts, so both in-
ductors have the same value, as do both
capacitors.

These formulas hold good for both high-
pass and lowpass sections. The formulas are
similar to those for 6dB/octave sections ex-
cept that the inductance is 1.414 times the 6
dB/octave value and the capacitance is .707
times the &dB/octave vaiue,
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Flgure 4. Cascade 1248/cetave midrange section for use in o
patatiel-connocted Crossover network, [his section is simply con-
T et paradiel at the InpUt Lermingts With e Wooler aret tweeter
saetions. Caleulate invalues for C and L from equation [T and [2).
18 dB per octave networks

Even steeper rolloff characteristics can
be obtained with more complex netwarks.
Figure 5 shows an 18dB/octave system. This
type s rarely used except for special
applications.

( $7m*‘l) =

Flgure 5. Two-way 18dB/octave crossover. The values shawn are
for an B-ohm system crossing over at 1670 Hz.

The formulas for the 18dB/octave

crossover in Figure 5 are:

_ 3R
LI = e = |, ‘5;\clg>ggfodave.

L,_ i_ = 0.5 x 6dB/octave
value

3R =
Lamgm © 072 bdbectove
C a Pz £33 x 6dB/octave
J 3TFR valye.
=1 .
Com 3 s = Q. 6633%2 dB/octave.
C3 5 F‘R =2 x %adféodave.

Three-way crossover systems

The crossovers described so far have all
been two-way systems. Three-way crossover
networks use sections similar to those al-
ready presented for the woofer and tweeter,
plus a third section of an inductor and
capacitor series for the midrange. A typical
three-way system is illustrated in Figure 6.

The system of Figure 6 Is a 6dB per oc-
tave three-way crossover, A 12dB per octave
system appears in Figure 7. Note that while
true 12 dB sections are used for the woofer
and tweeter, the midrange section is of the
same type as Is used in the 6 dB system, The
cutoff slope of this type of section lies bet-
ween 6 and 12dB and depends on how many
octaves wide the midrange band is.

£8mH woofer
oy
nput
T At fw:-tnr'
+—ir ‘-% J
mldrange
g 2‘4"": 3 i r&r\ge.
S J

Flgure 6. Three-way, 6dB/octave crossover. The parts values
shown are for an B-ohm system with crossover frequencles of 710
and 5000 hertz.

For &dB/octave midrange sections of
the type shown in Figure 6 a speciai formula
is necessary. The midrange inductor and
capacitor interact and shift the crossover fre-
quencies that the simple formulas may not be
used to calculate their vaiues.

= ._._R_—
- ZW(FH— ﬂ_)

! ] !
©= 27R ( . +‘H)
Where FH equals higher crossover frequency
and FL equals lower crossover frequency.
Highpass and lowpass 12dB/octave sections

have a little less interaction but are better
used in a cascade-connected crossover.
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Flgure 7. 12dB/octave three-way crossover. The parts values
given are for an 8-ohm system with crossover frequencies of 590
and 3500 Hz.

Four-way erossovers

Four-way, five-way, and even more
complex crossover systems may be assem-
bled by putting additional sectionsin parallel.
The extreme high and low frequency sections
are either 6 or 12 dB per octave networks as
described for two-way systems. The other
sections are midrange-type networks. A typi-
cal four-way system with crossover fre-
quencies of 250, 1300, and 8000 Hz s shown
in Figure 8.
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Flgure 8. Fourway, 8-ohm crossover system wilh crossever fre-
quencies 250, 1300 and 4000 hz The speakers for four-way
systems are often called woofer, midrange, tweeter, and
supertweeter.

Other types of networks

in situations where speakers all have the
same basic impedance, two other crossover
network types are useful. They are the

cascaded and the series network. Both these -

network types can offer certain advantages.
However, before we start, remember that ali
speakers must have the same impedance,
This is not a serious problem. Take, for exam-
ple, a system planned with a 4-chm woofer,
8-ohm midrange and 16-ohm tweeter. We
simply parallel the higher impedance speak-
ers with resistors to bring the total impe-
dance to 4-ohms (the lowest value) in each
case. The resistor would be a 10-watt unit
with the foliowing resitance:

R = Z
paralle]  speaker : R'total

@ Zspeakar Rtotaf)

Which yields 8-ohms for the 8-ohm unit and
5.33-ohms (5.1 or 5-ohms will do) for the
16-chim unit. Table | shows the correct par-
aliel resistors for various impedance values.

Nowadays 16-ohms impedance is rarely
used [except in horn drivers) because transis-
tor amplifiers wili generally deliver only haif
as much power to a 16-ohm load as to an
8-ohm load. Homn drivers have very high
efficiency so this fact is of little consequence
in their case.

Note that reducing the load impedance
by paralieiing a resistor will not put more
power Into the driver. The amplifier will in-
deed put out more power into the lower
impedance, but the extra power goes into
the resistor, not the driver,

Theoretically, you also can Increase
the impedance a driver offers to the crossover
network by adding a series resistor, but the
series resistance will also change the fre-
quency response of the driver if it is greater
than a small fraction (10-25%) of the driver
impedarice.

Table 1
To get With a Parallel a
driver of resistorof
4 ohms 8 ohms 8.0 ohms
4 ohms 16 chms 5.1 chms
8 ohms 16 chms 15.0 ohms - -
The cascaded network o

A 6dB/octave parallel network mid-
range section needs special formulas—
not so in the cascaded network. A crossover
in this type is shown in Figure 9. You will note
that the high frequencies from the bass/mid-
range crossover are routed to the midrange
tweeter crossover.
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Flgure 9. Thyee-way, 6dB/octave cascaded crossover, The parts
values shown are for an B-chm system with crossaver frequencies
of 710 and 5000 Hz. Calculate values for other frequencies from
equations [4) and (5). L-pads for the tweeter and midrange are not
shown but would nermaliy be used.

The cascade design relies on the princi-
ple that a 6dB parallel network with equal
load impedances (say 8-ohms) in each branch
“looks like™ a pure, simple 8-ohms at the
input to the network. Since the midrange/
tweeter crossover in Figure 9 looks like 8-
ohms at all frequencies, there is no interac-
tion between compartments and they are all

calcuiated by the simple  6dB/octave

formulas:

@ C = _,L.b_. @ L= ._R___
2T FR 2T

This network also has a further less ob-
vious advantage. The extreme lows [below
the waoofer/midrange crossover frequency)
are eliminated from the tweeter at a 12 dB/
octave slope. This is beneficial because some
tweeters can create excessive intermodula-
tion distortion with even small amounts of
enerqy fed to them at low frequencies.

A greater advantage is realized with
12dB/octave networks since considerable
duplication of values occurs and one can
avoid a trip to the heart of Japan for exotic
capacitor values. As mentioned before, with-
out the cascaded system, some interaction
would occur bebween Crossover components
resulting in odd-ball differences in com-
ponent values and hair-raisingly complex
formulas for calculation.

A fully cascaded 12dB/octave network
is shown in Figure 10. Note that all com-
ponents are calcufated from the 12dB/
ocatve formulas {1} and (2), and that while
two more components are required, only
four different values are needed as compared

with six In conventional paraliel designs.
Much better midrange performance can be
expected with this crossover.

You can expand the cascade principle to
create four-way or even five-way systems
with little difficulty — so long as all the load
impedances are the same. For 12dB cascade
networks we recommend that the crossover
frequencies be at least one octave apart. For
6dB cascade networks this precautlon is not
necessary. :
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Flgure 10. 12d8/octave cascaded three-way crossover, The parts
values given are for an 8-ohm system with crossaver frequencies of
590 and 3500 Hz. Parts values are cakculated from equations [1] and
{2}. Note that the midrange phase Is reversed, as for other 1208/
otave nebworks. L-pads would nommally be used on the midrange
and tweeter.
The serles network

It is also possible to design a crossover
with the woofer and tweeter connected in
series fwhen their impedances have been
equalized). Figure 11 shows such a con-

nection for a crossover frequency of 1670 Hz.

1

wosker

Flgure 11, Seriescomnected &dB/octave crossover for a fre-
quency of 1670 Hz. Parts values are calculated from equations (4)
and (5); the values shawmn are for an 8-ohm system.

The parts values are the same as for the
parallel connected circuit and can be de-
termined from the &dB/octave formulas,
equations {4) and (5).

The last type of crossover we will discuss
is the 12 dB/octave series connected circuit.
As usual, this network has its own band of
devoted followers. For those interested, Fi-
gure 12 shows the most popular series con-
figuration. The formuias are:

@ L @ C ’

= R = - L A—
242 Tf YZ 2T fR




. Flgura 12, 12dB/octave senef-{omected network. Patts values
© are caleulated from equations (6] and 7). MNote that the tweeter's
phase Is reversed,

Note that compared to the paraliel
wired 12dB/uttave network, the inducl-
ances are cut inhall and the capacitances are
doubled. Thus this network can be cheaper
to make than the parallel fonm,

Some woofers have a large vaice coll
inductance and a minor advantage of this
circuit is that the voice coif inductance can be
“allowed for" as part of the series inductance
in the woofer ieg of the crossover network.
Make the series inductor: .

L -L. .
actual  calculated

You use a smaller serles inductor and avoid
the high frequency loss and phase problems
that volce coil inductance can cause if not
provided for In the deslgn. You can ako use
this trick with the 6dB/octave and 18dB/
octave parallel crossovers,

voice.coil

Is serles better than parallel?

Theoretically, any frequency response
characteristic and phase characteristic that
can be achieved with a parallel crossover
network can be achieved with a series
network, and vice versa (though the parts
values to do it may be different).

The & dB/octave networks of both the
series and parallel type have constant voltage
and constant phase characteristics; that is, if
you “add back together” the output from
both high and low sections, the total ocutput
signal is equal to the input signal in both
amplitude and phase.

18 dB/octave netwarks also are con-
stant voltage — the “added back together”
signal is equal in amplitude to the input sig-
nal.  However, the constant-phase
characteristic is not present. Whiie at very
high and very low frequencies the output is
in phase with the input, there is some phase
shift around the crossover frequency. Again,
this is true for both the series and parallel
configurations.

The 6 dB series network is beginning to
come back into favor so it may be appropriate
to make a few additional comments on it
here. In particular, two myths have grown up
around it.

Biyth ena: It has been thought that
the constant-amplitude, constant-phase
characteristic is a property of the series
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network. Examining Figure 11, it is easy to
see that the sum of the output voitage {Vab
plus Vbc) must be equal to the input-voltage
{Vac}, since the two loads are in series with
the signal source. However, as mentioned
above, this is also true of the & dB parailel
network, though.more difficult to prove

) mamematically (Ref. 1),

" Myth tweo: Ashley, one of the leading
authorities on crossover network design, in
his 1973 paper {Ref. 2), analyzed the series
hookup of Figure 11, which he called a

'zeta” crossover, He wrote that reducing the

inductance and increasing the capacitance in
this network {zeta less than 1.0 in his nota-
tion) wauild give some peaking and make the
slope around the crossover point greater
than &6dB so It “acted Hke' a 12dB network.

Many designers accepted this as true at the

time. Ashley brought this up again at the
1976 Intemational Loudspeaker Symposium
at the University ot Colorado. He observed

" that the input impedance of this network

drops when a larger capacitor and smaller
coil than those nomaily called for {equations
4 and 5 } are used. In fact, for zeta equals .5
as he originally suggested to get “12dB/
octave” performance, the input impedance
drops by a tactor of 2, doubiing the power
drain on the amplificr. So he now recom-
mends that this ¢lrcult be used only with the
normal coil and capacitor values. He re-
marked that systems built using nomat
valties also sound best. So used in the best
way, the simple series hookup is still just a
piain old 6dB/octave network and has no
special “sharpness” around the crossover
point.

Disadvantages of the 6dB per
octave series network.

While some designers favor the 6dB

series network, we recommend against it for
three reasons:
1) Resistance in the coil prevents attenua-
tion of bass energy to the tweeter from ever
exceeding about 20 to 26 dB. See Figure 13,
Thus, there is always about 5 to 10% of the
bass voltage reaching the tweeter, moving
the cone around and causing intermodula-
tion and pushing the tweeter closer to its
overload limit for both mechanical and ther-
mal damage.

[n the parallel system, on the othier hand,
the signal to the tweeter continues to deciine
(at the 6dB/octave rate) indefinitely as you
go down to frequencies below the crossover
paint.

= Faral fe]
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Figure 13. Signal to the tweeter for 6dB/octave series and paralle!
crossover nebviorks. The crossover frequency is 3000 Hz and the
coil resistance Is equal to 16% of the tweeter Impedance in both
cases. Note that the series network ailows substantialiy more bass
signal “leakage™ into the tweeter.

2) If a wire to the coil comes ivose, the
tweeter will be in series with the full output
current from the amplifier and is likely to be
destroyed.

3) 6dB/octave is a very gentle siope for a
two-way system in any case, and works the
tweeter harder than necessary. A 12 dB sec-
tion for the tweeter lets it run cooler with less
bass “leaking in™ to cause intermodulation
distortion. Parallel network design makes it
easy to match a 6 dBwaoofer sectionand a 12
dB [or steeper) tweeter section, which, whiie
not blessed with the mathematical symmetry
so dear to theoreticians, works well with real
woofers and real tweeters.-Figure 14 shows
an example of such a “mixed slope” design,
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Figure t4, Three-way crossover for hom midrange and hom
twieter, the crossover frequendes aré 700 and 5000 Hz. The
high-side rolloffs are &dB/octave and the lowr-side rolloffs are
12dB/actave. L1 and CT are calculated (rom equations {1} and (2]
and L2 trom equaben (S

Some partisans of the 6dB series
network claim that the system can be
more efficient because the inductor and
jts resistance are not in series with the
woofer to cause signal loss. The coil may
not be in series with the woofer to their
eyes, but it certainly is to the signal cur-
rent. The current has to pass through
either the coil or {worse yet] the tweeter
to get to the woofer.

Nevertheless, many manufacturers
use the &6dB serles network. Its simplicity
makes it cheap to build, and this network
may be necessary where economy is a
dominant constraint. Because of its disad-
vantages, however, we recommend. that
if you want a series network, you use the
12dB version as in Figure 12,

Crossover tweaking

A speaker with a crossover designed
to theory would work perfectly if the
loads and drivers on the crossover
network were pure resistances and their
acoustic amplitude . response were flat
with no phase shifts within their range.
Alas, this is not the case.

The most advanced crossover de-
signers use a theoretical filter network
only as a starting point. They measure the
frequency response output of the
speaker, make listening tests, and modify
the crossover away from theoretical to get
better actual results. In this way, the
speaker system can be made to perform




better than the drivers used. Without fre-
quency response measuiing equipment,
it is difficult to do this In your own dé-
signs. ‘However, there are a few things
you can do by ear. _
© i the sound output in the lower
midrange of a two-way system seems
weak, it may be because the upper-bass
output of the woofer is weak. Moving the
woofer crossover frequency up half an
octave [41%] or so to allow it to overlap
the tweeter may help. it will raise the
waoofer’s acoustic output a few dB's at its
upper end and change the woofer
tweeter phase relationship, which may
have been causing cancellation before.

if the extreme highs in your system
are weak, and your tweeter uses an L-pad
or resistive padding to match its ievel to
the rest of the System, you ¢an boost, the
extreme highs by bypassing the L-pad
with a capacitor as in Figure 15. The effec-
tiveness of this bypass capatitor will vary
with the setting of the L-pad, but since
you nommally use the L-pad at only one

setting, you can choose the capacitor by .

trial and errorj for that particular setting.
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Flgure 15. Capacitor shunting the upper resistance of the Lpad to
boost the extreme highs, A capacitance of 1-4 uF is usually about
right, arxd should be selected by ear. The arrows connect 10 the fest
of the crassaver nébvork,

Designing colls
A formuia for the air-core coils of the
type shown in Figure 16 gives:

- . 0008 N%
L=
: br +H +10d
whére

L equals inductance in milithenries mH],
N equals number of tuins,

r equals mean radius in inches,

I equals length of coil in inches,

d equals depth of coil in inches,

Our experlence is that the formula is
only approximate, giving - inductances
within about 30% of the desired vaiue.
We use an inductance bridge to de-
termine the exact number of tums neces-
sary to get a desired inductance value,
This is the tough part — getting the right
value, The number of tums of wire re-
quired changes with different batches of
wire and different winders. Variations in
thickness of insulation and winding tech-
nique [wire tension, layer compactness)
change the outer diameter of the coil,
which affects the inductance.

We have found that coils of about the
shape shown in Figure 16 [with r equals |

Table 2: Coil winding data. The number of tums required to wind air-cofls of various inductance vahies are gn.'en. along with the colt

resistance, for various wire sizes, The coilsof .13 10 2 6mH areviound on a bobbin 1.5 inches indiameter fvhich becomes the inside diameter
of the coif) by .75 Inches wide. The coils of 3.0 to 20.0 mH are wound on a bobbin or cofl former 1. 5 inches in diameter by 1.0 inch wide.
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Flgure 16. Cross-sectional view of an alr-core. Equation (8} gives
an approximate formula for the inductance based on r, I, d and the
number of tums {N).

equals d) give the most inductance for the
least resistance and least weight of wire.
The other important consideration

for a coil, besides obtaining the correct

inductance, is to keep the coil's resist-
ance small to prevent slgnificant power
losses in the coil itself. The coil resistance
acts like a resistor in serles with the in-
ductance. We use a guideline that the coll
DC resistance should be iess than one-
tenth the speaker's impedance, This in-
sures an insertion loss of less than 1 de-
cibel. The resistance is determined by the
length of wire you use and its gauge
{thickness). For air-core coils under 1mH
you can safely use gauge 19, and probably
get by with wire as small as gauge 22
{larger gauges correspond to smaller wire
thicknesses), To keep the resistance low for

" standard,

Flgure 17. Coil winding fig.
¢oifls with much more wire, that is, with many

" more tumns, will require wire of greater thick-

riess {smaller gauge). The largest wire we Use
is 14 gauge.

. Table 2 gives the data we use for wind-
ing our crossover colis. It Is based on mea-
surements of the actual inductance and re-
sistance of the coils. Cofls wound with
round,  heavy-film-insulated,
magnet wire using this table wiil have induct-
ances accurate to well within plus 5%.

How to wind colls

Yot can wind your own coils, Magnet
wire Is avallable at electronic hobby stores
and electronic distributors.

Figure 17 shows how to make a jig for
winding colis with an electric drill.

Make the “core” piece out of dowel
3/4" or 1" long by 1.5 diameter. The bolt
is 1/4'" by 3” or so. End plates are masonite
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or 1/4” plywood. Wrap a cardboard coll
liner around the core and hold it with
plastic electrical tape before winding the
coll. The iiner enables you to get the coil
off the core after winding. Paint a spot on
one side of the winding jig and go slowly
50 you can count the tums. Tie the coil
together with electrical tape after wind-
ing. You can reuse the coll for as many
times as you like since it is not left trapped
in the coil after winding {except the card-
‘board coil liner becomes a permanent
part of the coii}. Use silicone rubber glue to
to mount the coil on your crossover.

Other things you should know

A capacitor may actually be two or
more capacitors wired in paraliel. The
combination capacitance s equal to the
sum of the capacitances of the individual
units.

The plus terminal of a speaker Is
marked by a red or green dot, a red in-
sulating washer, or the letters “T1" or

"I"

Speaker impedance

All the speaker systems shown in the
figures as examples have had a woofer,
tweeter, and midrange of the same nomi-
nal impedence. It is not necessary that ali
the speakers of a system be the same im-
pedance, however. Since the crossover is
designed with a separate section for each
speaker, it is only necessary that each sec-
tion be selected for the impedance of its
corresponding speaker. Thus, for exam-
ple, one may use an 8-ohm woofer, 4-
ohm midrange, and 16-ochm tweeter in
the same system provided that one makes
the woofer crossover section for 8-ohms,
the midrange section for 4-ohms, and the
tweeter section for 16-ohms.

If you have speakers which have un-
known impedances you can determine
the impedance by measuring the voice
coil resistances, Speaker AC Impedance
is generally 30 to 50% higher than the
voice coil DC resistance. Thus 8-ohm
speakers will usually have resistance of 5
to &-ohms; 4-ohm speakers, 25 to 3-
chms; and i6-chins speakers, 10 to 12-
chms. This is not a hard and fast rule and
speakers with DC resistances outside the
ranges stated are often found. A safe
approach is to measure the DC ohms and
use the next higher standard impedance
value as the speaker impedance. Using
this rule, a speaker with a 9-ohm DC re-
sistance would be considered a 16-ohm
speaker.

Some speakers use a two number im-
pedance rating system, for example 10/
15 ohms.” The first number is the DC
resistance and the second is the nominal
impedance; so this speaker would have a
16-0hm rating by our system.

Some speaker system  designs  use
more than one woofer, ar more than one
tweeter or midrange. If two woofers of
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the same impedance are used, they may
be wired in series or parallel (usually
paraliel). The load impedance on the
crossover will then be double [series) or
haif {parallel} the impedance of one
woofer, If four woofers are used, they
may be wired in series-parallel which re-
sults in a combined impedance equaf to
the impedance of a single woofer. In
these cases where woofers {or whatever)
in combination are used, the impedance
of the combination should be used for
the corresponding crossover section.

VWhen the different sections of a
speaker system have different impe-
dances, the system impedance which is
presented to the ampliffer will vary with
frequency. This is of no consequence so long
as the system impedance never dips below
the amplifier's minimum safe load impedance.
The latter is 3-ohms or less for nearly all tran-
sistor amplifiers rated for use with 4 to 16-
ohm speaker systems.

The speaker system impedance will
equal the impedance of the woofer sec-
tion at low frequencies, the tweeter sec-
tion impedance at high frequencies, and
s0 on. The speaker system builder should
rate his system impedance the same as
the lowest impedance section. This Is the
most conservative approach because low
impedance loads put the heaviest strain
on amplifiers.

L-pads

The L-pads shown in most of the ex-
amples are used to set the level of the
midrange and tweeter relative to the
woofer. Midranges and tweeters are gen-
erally more sensitive than woofers and it
is usually necessary to “cut back™ the sig-
nal going to them in order to obtain un-
iform frequency response. The L-pad is a
special kind of volume control which
maintains a constant impedance load on
the crossover regardless of the control’s
setting. An ordinary volume control or
potentiometer varies its input impedance
as the setting is changed. This is unac-
ceptable because it would cause the
crossover frequency to change.

Although the L-pad is a three termi-
nal device and Is represented by the same
symbo! as an ordinary potentiometer, it
actually contains two variable resistors in-
side. As one varies the signal level to the
speaker, the other equalizes the load im-
pedance on the crossover.

L-pads are wirewound to enable
them to handle the high power levels at
which speakers operate. When connect-
ing up L-pads it Is necessary to wire the
terminals properly. The terminal num-
bers shown in the figures coarrespond to
the numbers on the terminals of the L-
pads supplied by Speakeriab. For other
types consult the manufacturer’s instruc-
tions packed with the unit.

If the tweeter and midrange are less
sensitive than the woofer, L-pads cannot

be wused to equalize the speaker
sensitivities. L-pads can only reduce
midrange and tweeter sensitivities, not
increase them. Usually the only time the
woofer section is more sensitive is when
two woofers in paraliel are used. Then it
may be necessary to use multiple tweet-
ers and midranges as well.

The proper technique for adjusting
L-pads is as follows. First, set all the L-
pads to minimum {full counterclock-
wise). Turn the balance control on your
ampiifier alf the way to one side so you
can adjust the L-pads one channel at a
time. Turn up the midrange [-pad until
the midrange and woofer sounds
“blend” so that it is difficult to tell which
sound is coming from which speaker.
Then do the same with the tweeter L-pad.
When the L-pads are properly adjusted
you will not be able to hear the “highs”
and the “lows™ separately; the music will
sound all as one, improper adjustment of
the L-pads puts a step in the frequency
response to which the ear is very sensi-
tive. it makes the different frequencies
sound separated.

oy A2

F-l-gure 18, L-pad terminai numbering diagram [rear view).

Colis and Capacltors

Coils for use in crossover networks come
irt two styles, iron core and air core, The iron
core types are generally less costly because
they use less copper, the most expensive
material. They also are inherently self-
shielded and less susceptibie to hum pickup.

Air core cofls will pick up hum if
mounted near a source of AC magnetic fields,
such as a power transformer or turntable
motor, but this is easily avoided. Crossovers
are usually mounted inside speaker en-
closures where there are no sources of hum.

Capacitors suitable for use in crossovers
are also of two types, solid dielectric and
nonpolar  electrolytic,  Solid  dielectric
capacitors have two plates separated by a
dielectric of paper, mylar, or ofl impregnated
paper. Nonpolar electrolytic capacitors have
two aluminum plates separated by an
electrolyte soaked gauze, Passing AC current
through the capacitor forms a very thin in-
sulating anodic film on each of the plates.
These films are the dielectric in an efectrolytic
capacitor.

Solid dielectric capacitors  provide
superior stability and lower power loss com-
pared to electrolytic capacitors, but are much
larger and more expensive for a given capac-
ity. Crossovers with a low woofer crossover
frequency require large capacitances: usually
only electrolytics are practical in such a case.




Nonpoiar electrolytics are available in
only a few standard sizes and it is often
necessary {0 wire units in parallel to obtain
the desired capacitance value. The capac-
itance of a parallel combination is equal to
the sum of the capacitances of the individual
units, The voltage rating of the combination
is the same as that of the lowest-rated unit.

Unfortunately nonpalar electrolytics are
not stocked by all electronics paris houses
and may sometimes be difficult to obtain.
Speaker builders have tried to “"synthesize” a
nonpolar electrolytic by wiring two DC
{polarized) electrolytics in series back-to-
back, but this does not work. DC electrolytics
are made with a dielectric film on only one
piate, and when the AC audio signal passes
through them jt begins to form a film on the
other plate also, The second fiim has two bad
effects. First, it reduces the capacitance to a
low value, changing the crossover frequency.
Second, it is very weak and is easily punc-
tured by strong signals, causing pops, clicks
and sound level variations in the midrange or
tweeter. The unsuspecting speaker builder
ends up with mystifying “bugs’ in his system
that he can never track down.

Whether of the air core or iron core type,
the coils must be made with low series resist-
ance to avoid power losses in the coil itself
and to aveid changing the effective damping
factor of the amplifier. This second considera-
tion requires lower resistances than the first,
50 it is the determining factor,

The amplifier damping factor is equal to the
load impedance (usually 8-chms) divided by
the Thevenin equivalent source impedance
of the amplifier. The latter is nearly always .5
ohm or less for transistor amplifiers, resulting
in damping factors of 16 or greater. A high
damping factor is desirable because it gives
the amplifier “tight control” over woofer
cone motion at very low frequencies. In-
terposing any resistance between the amp-
lifier and woofer, either by long speaker
wires or by a coil, has the same effect as
higher amplifier source resistance and lower
damping factor. It changes the woofer bass
response and in an extreme case causes a
“boomy” peak in the frequency response.

The coll resistance should be no more
than a tenth of the woofer impedance in
order to avoid these effects,

Power handling capabllity

The power capability of a crossover is
determined by the voltage rating of the
capacitors, the power rating of the inductors,
and the power rating of the L-pads.
Capacitor voltage rating required for a given
power level is determined by the formula:

V =4YZRP

R is the system impedance rating in ohms, P is
the power level, and V is the capacitor vol-
tage rating. Table 3 gives the power levels
obtainable with common impedances and
capacitor ratings.

While capacitors must stand off the full
speaker system power, inductors and L-pads
need handle only the power going to their

Table 3.
Effect of capacitor voltage rating on cross-
over power handling capabiliity.

Voltage  Power Handling Capability
Ratng  4ohm  8ohm  160hm
10V 12w 3\ 3w
25V 78\ 39w 19w
50v 312W 156w 78W
100V 1250 625w 312w
Table 4.

Frequency distribution of power in music

Frequency 300Hz 600Hz 1200Hz2400Hz
Maximum per-

centage of 50% 25% 10% 5%
power above

that frequency

corresponding tweeter or midrange speak-
ers. This is only a fraction of the system
power. How great a fraction of the poweritis
will depend on the choice of crossover fre-
qQuencies and the frequency distribution of
the energy in the audio signal. Table 4 shows
the maximum power which may be expected
in a midrange or tweeter section versus
crossover frequency.

For midranges, use the lower crossover
frequency to determine the power which the
midrange inductor, L-pad, and midrange
speaker must handle. For tweeters, use the
upper crossover frequency to determine the
power which the tweeter and its L-pad must
handle. For example, in a three-way system
with crossover frequencies of 600 and 2400
Hz, the midrange components will have tobe
capable of handling 25% of the system
power, and the tweeter components 5%. So
for a system power rating of 50 waltts the
midrange inductor, L-pad, and speaker must
have ratings of 12.5 watts. The tweeter and
its L-pad must have ratings of 2.5 watts.

The woofer and its inductor should be
rated to handle the full system power, 50
watls,

Ratings for the speakers, inductors, and
L-pads may be obtained from the
manufacturer’s specifications. Several power
rating systems are in use; any may be used so
fong as it is used consistently. The difficutty
arises when one component is specified in
DC power and another in “program mate-
rial”” power. The problem is complicated by
the fact that none of the speaker power rat-
ing methods correspond to any of the amp-
lifier power rating methods.

The most common speaker and speaker
component rating methoed is *“watts program
material”’. It equals 2.5 times {approximately)
the “watts RMS” or “watts DC", {Watts
RMS” and “watts DC™ are the same in
speaker ratings). A speaker system rated at
50 watts program material may be safely
used with an amplifier rated at 50 to 100
watts RMS per channel, This is possible be-
cause all those extra amplifier watts are used
as reserve power to avoid clipping. A 100
watt RMS per channel amplifier playing music

at full output {just on the verge of ciipping the
music peaks} will actually be putting out only
10 to 20 watts of average {RMS} power.

Thus a 20 watt RMS speaker system may
be safely used with a 100 watis RMS amp-
lifler to play music. For reproducing sine
waves in the laboratory it’s a different story.
For sine waves, all the ratings are the same
and the amplifier running at full 100 watts
capability would burn out the speaker
system in a very short time.

We are discussing the maximum power
rating of a speaker system, of course. There is
also the minimum power required to drive it.
Here most speaker makers use the same
system and specify required power in terms
of minimum amplifier power in watts per
channel RMS. The minimum power required
is determined simply by the woofer used.
Most woofers available require 20 watts or
less, and a few 30 watts, Generally the
heavier the speaker's magnet, the more ef-
ficient itis and the less power it requires,

Mounting

The most convenient methed of mount-
ing crossover networks is to glue the
capacitors and inductors to a board, then
fasten the board inside the speaker en-
closure. A suitable glue is silicone rubber
“bathtub caulk™, such as General Electric
type RTV-108. Do not pass metal nails or
screws through the coils because currents
induced in the metal wili change the effective
inductance values. For the same reason,
mount the crossover at least three inches
from any other large metal mass, such as a
speaker frame. A metallic enclosure should
not be used to house a crossover containing
air core coils unless there are generous clear-
ances inside.

The L-pads may be mounted on the
same board as the crossover, and the board
mounted over a recess in the back of the
speaker enciosure so that the control knobs
are accessible at the back, Altermatively the
L-pads may be mounted where convenient
and connected to the rest of the crossover by
wires.
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Chapter Five: Using Theile-Small Parameters.

introduction

The purpose of this chapter is to show
you how to design louidspeaker systems us-
ing thiele-Small parameters. There are a
number of different types of designs with
which you can do this:

Type Theoretical name
Vented box 4th order
Vented box with simple

resistor-capacitor equalizer 5th order
Vented box with active

equalizer 6th order
Sealed box 2nd order

A given woofer will usually work in sev-
eral af the design types listed. Other types are
also possible; this paper covers these four.
Within each type, or “order,” there are a
number of combinations of parameters called
~alignments”, Usually a woofer fits directly
into only one alignment in each order, de-
termined by one of the woofer parameters,
Qts. We will take the approach that you have
a woofer with known parameters, and want
to see what performance it wilf give in dif-
ferent ““orders”. We have included a lot of
examples to filustrate the design methods.

Theory

Australian scientist Neville Thiele first
worked out a comprehensive theory that re-
lates the bass performance of a loudspeaker
system to the parameters of the driver and
enclosure (Ref. 1). He applied his theory
primarily to vented speaker systems. Another
Australian; Richard Small, took Thiele’s
theory a few steps further. He applied it to
sealed systems (Ref. 2), and also extended
vented-box theory to take into account
fosses in the box (Ref, 3).

Thiele and Small based their analysis on
certain parameters of the driver and box.
These parameters, as they defined them, have
come to be called *'Thiele-Small parameters,”
The most important driver parameters are:

£ Natural resonant frequency of the
S woofer (measuredona
flat baffle)

€5 Acoustic compliance of the woofer

Vas Volume of air having same acoustic
compliance as the driver
suspension

ng Mechanical Q of the woofer
due to mechanical loses

Qe,s Electrical Q of the woofer as

controlled by the electrical
damping, which depends on the Bl
product and voice coit resistance {Re),

Total Q of the woofer taking

into account both mechanical losses
and electrical damping; related to
Qms and Qes by the formula:

{
O o Yo

The most-used box parameters are:

Vab  Airvolume of the box
Acoustic compliance of the air volume
of the box

'Fb Helmholtz resonant frequency of a
vented box, that is, the frequency at
which the mass of air in the vent

- resonates with the compliance of the
airvolume in the box

Q of the vented-box Helmoltz
resonance; taken here as equal to
Smali's QL {ref. 4, p. 306). Small’s QL
(ref. 4, p. 306).

Q,,  SystemQof asealed box second-
S order) system.
Figure 1 illustrates some of these defini-
tions; for their complete derivations, see Re-
ferences 1-3.

b Oriver with
Input Qs f5.Vas
"t
Air valume Vo,
Sy T Vent -~
Areaof resonates
At R b i
to ],
e— L., —
kL, —H

This chapter extends Thiele’s approach to
take account of box Josses in vented systems,

Alas, a number of half-baked conclu-
sions have grown up around Thiele’s theory,
mixed with old time bass-reflex “lore”, to add
to the confusion. We will try to clear up some
of that, too.

The heart of Thiele's theory is his Table |
{p. 187, Ref, 4} and gives a number of align-
ments, or combinations of parameters, which
may be used to design speaker systems with
flat, extended bass response.

Probably Thiele's most famous align-
ment is the No. 5, or fourth-order But-
terworth [B4) alighment for a vented box.
First, you have to start with awoofer that has
Qts equalling .383. Let’s say you have a 10-
inch woofer with Qts equalling .39. The
calculations are outlined.in Example i.

EXAMPLE 1. A fourth-order deslgn assuming Q
= Infinfty. (Thiele assumed this to simplify

his analysis.) Given a woofer with parameters:

Qg = 39
Vas = 7.47 cu, ft.
£ = 22.8 Hz

-3
From Allgneent § ia Table 1 we have,

Vap/Vag = +707
£/ = 1.000
£y/6, = 1.000

Therefore the enclosure paraméters and £,

are,

Vap = 707 % 7.47 = 5,28 cu, ft.
3% = 1,000 x 22.8 = 22.8 Hz
E] = 1,000 x 22,8 = 22.8 Hz

Flgure 1. Vented box loudspeaker system. LV is the physical
length of the vent. Lva, the equivalent acoustical length, Is a litde
longer because of end cofrections.

FYYS

The terms “fourth order,” “second or-
der’” and so on, derive from the mathematical
equations that describe the system’s be-
havior. The “order” of a speaker system is
equal to the number of “‘energy storages” it
has. A sealed box system, for example, has
two: the kinetic energy in the moving mass of
the cone, and the potential energy in the
compressed spring of the cone suspension
plus air compression In the box. Thus itis a
second-order system.

A vented speaker is a fourth-order
system because it has two more energy stor-
ages; the potential energy storage in the
compressed air in the box is separate from
that of the cone suspension spring (the cone
cari-be displaced whether or not the air is
compressed and vice-versa), and the vent air
mass is the fourth kinetic energy storage.

Adding a simple resistor-capacitor
equalizer to the vented box system adds
another storage, charge on the capacitor,
and makes a fifth-order total system.

Thiele’s theory is a mathematical theory,
and to really understand its derivation you
have to be fairly skified in mathematics.
Fortunately, you do not have to fully under-
stand it to apply it--part of Thiele's genius.

Going through the procedure step-by-
step: First we need to know what box val-
ume to use, From Table | we have

Vab/Vag = 707
50 we may calculate
\/E;E) = (\C;E,//\éas ) \435; = .-71377 X ‘71‘?:7
=5.28

So our box needs to have volume equal to
5.28 cu. ft.

\We also need to know what frequency,
fb, to tune the box to. Again referring to the

table, we have 'Fb /’Cs = .000

So we may calculate
Ty (/fs )fs = 10005220 = 22.8Hz.
So the box should be tuned to
'Fb = 22 8H=
And as the final step, we have from the

table -
e /g = 1.000

so that

{3‘:({3/{5)% = 1.000x 22.8 Hz.




Auxiliary filter
No. Type K R:gs)le Qrg Var/Vas Fu/fs  f3/f5 faux/fs Qaux hzle;:t
{aB)
Fourth-order alignments
9 c4 .4 .49 557 2,062 JT16 600
8 cd 48 .20 .518  1.789 . 757 641
7 c4d .6 .07 .466 1,372 .829 . 729
[ c4 .8 - . 415 .948 .927 .B67
5 B4 1.0 - .383 L7107 1.000  1.000
4 083 - - .303 .339 1.23 1.45
3 oB3 - - .259 L2 1.42 1.77
2 QB3 - - 209 J134 1.73 2,28
1 983 - - .189 095 2.00 2.68
Pifth-order alignments
14 c5  ,278  1.00 1.102 5,236 .781 .685 2,47
13 C5  .355 43 L8924 4,405 .798 .704 2.07
12 cs .4 .25 810 3.663 814 .724 1.81
11 cs 7 - .545 1,715 .912 .852 1.22
10 B5 1,0 - L477 1,000 1.000 1,000 1.00
Sixth-order alignments
19 C6  .414 .10 .399 .800 .841 .554 .58 1.93 6.0
18 Cé .5 .02 .371 662 .898 L620 .64 2,38 1.1
17 C6 .6 - ,348 552 931 .698 .71 3.15 10.1
le C6 .8 - .317 429 .979 . 850 .86 3.78 11,6
15 B5 1.0 - .299 L3686 1.000 1,000 1.00 4.52 13.2

TABLE 1. Design data [rom Thiele's 'summary of loudspeaker alignments.” The notation here, which foligw’s Small's, is slightly different
from Thiele’s. Cits here corresponds to bis Qt; Vab/Vas here & equal to the rediprocal of his Cas/Cab. The two left-hand columns give the
numbers and type-names Thiele used to label the alignments. Some of the Chebiyshev alignments give some frequency-response ripple inthe
passband which Is specified in d8 [peak-to-peak) in the fourth columa. k™ ks a mathematical constant used in generating the afignments,

frelated to the ripple obtained.

So our cutoff {3dB down) frequency will be
228Hztoo.

Thus Atignment 5 gives one combina-
tion of box volume {5.28 cu. ft) and tuning
frequency {22.8 Hz] that wili give flat re-
sponse, namely down to 22.8 Hz. As you can
see, the B4 design is simple because

-,("3 = 'Fb" {-‘S
The next example, Example 2, uses the
Speakerlab W1208R, a 12-inch woofer. Its
Qs vaiue of .408 comes close to Alignment &
in Table 1, which calls for Qts equalling .415.
(In acoustics, anything within two percent of
anything else is dang close.)

EXAMPLE 2, A fourth-order design assuming 1N

= infinity. Given the woofer parameters,

Qpg = 408
Vis = 16.3 cu. ft,
£ = 18.3 Hz

=
Fron Alignment 6 in Table 1 we have,

Vop/Vas = 948
f/f, = 927
f3/E, = 867

‘therefore the enclosure parameters and t'3

are,
vab = .943 x 16.3 = 15.5 cu. ft,
fb = .927 x 18.} = 17.0 Hz
E3 = .B87 x 18.3 = 15.9 Hz

So the W1208R can be used ina 15.6
cubic foot box to get response down to 16

Hz. Both examples provide superb bass re-
sponse in large boxes--probably not practical
designs for most people. Nevertheless, you
can see how easy it is to design speaker
systems using Thiele’s Table 1, and why
Thiele is justly famous. Before Thiele’s work,
speakers were designed on a trall-and-error
basis with a lot of tinkering with box sizes
and box tuning,

The alignments listed in the Table are
not the only ones possible; there are an infi-
nite number of other alignments *‘hidden be-
tween the lires,” and you can get them by
interpolation. If yot have a woofer whose Q
lies between .466 and .518 [Alignments 7
and 8), for example, you can find values for

Vab/vas ? ’cb/'Fs ? {\3/705
by taking values between those given for the
two alignments, More on interpolation later.
Thiele’s Aiignments 1 through 4, which
he calis “Quasi-Third Order’ alignments, are
really more fourth-order {vented box} align-
ments for woofers with Qts values below
.383. "Quasi” Butterworth means that he
used some mathematical trickery to extend
the table so you couid use it for a wider range
of woofers. Another way of doing the same
thing that he suggested {p. 189, Ref. 4}is via

"sub-Chebyshev” responses. The terms
“Butterworth”,  “Chebyshev”,  “quasi-
Butterworth”,  "sub-Chebyshev”--  ab-

breviated B, C , QB, and SC--all refer to
mathematical techniques for generating the
alignments that we won't go into here. Smalt
covers it in Ref. 4, p, 325 for any of you math

wizards that are interested in the arcane
details.

Table 1 suffers from a major limitation for
practical designers--it asstimes zero box Ios-
ses {infinite box Q, Qb) for the vented system.
Actual boxes do have losses, and those losses
make Qb finite. Typical well-made boxes
have box Q around 5 to 20. Small gives 7 as
good typical value for Qb.

Fourth-order system alignments
forhoxQequalto7

Small solved the math to take account of
box losses (Ref 3). A box designed to Table |
will have some sag in the bass due to the box
losses. Figure 2 shows that sag for the system
of Example 1. Small provided the mathernati-
cai tools to “'rewrite” Table ) to take account
of the box losses. However, he provided his
resulits in the form of graphs, which are not as
convenient to use as a table like Thiele's,

+3

Or

1
W

Amplitude (d8)

10 20 100

50
Frequency {(Hz}

Figure 2. Frequency response of the Example 1 loudspeaker
sysiem design. Curve 1--response assuming (as Thiele did} that Qb
equais infinity, The sfight peak Is due to the fact that the woofer's
Qts, .39, does not quite equal that catled for by the atignment, .383.
Crirve 2--response with same woofer and enclosure, assuming that
the hox has C equal to 7, as mast do. The response is poorer, Cunve
3--same wooler in the Example 3 system.

{The frequency response data for these curves, and the other
graphs in this paper, were calculated using a computer program.)

We have recalculated the data, this time
into “aiignment table” form, shown as Table
2. As well as assuming box Q equal to 7
rather than infinity, Table 2 differs from Table
! in two other ways:

1} Rather than quasi-Butterworth {QB3)
responses for the low Qts values, we
calcuiated sub-Chebyshev {SC4) responses
because they were easier. They provide a
slightly different response shape and also
work fine.

2} Table 2 also has four extra columns
that give additional useful information for
advanced speaker design work. The last col-
umn lists what we call the “alignment
factor”, Ka, which is useful for comparing
alignments and choosing or designing a
woofer to hit a given box volume and effi-
ciency target. The other three columns pro-
vide data that is valuable for “forcing” a
woofer into an alignment that it doesn’t re-
ally fit because it has the wrong Qts value.
Later on in this chapter, we will tell you how
to use these columns.

In general, box losses mean that to get
truly flat response for a given woofer, you
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Ripple 2
k (gg) Qs Vab'Vas £/ s 3/t Vat/ Vas@es ! £/ (£5/Qp4) £/ (£5/01¢) Xa
.25 2.26412 .894044 8.88417 535773 . 464929 11.1147 , 479004 415667 .927638
+3 1,46383 .76605 6.217 .580319 . 499555 10.5942 .444553 .382684 .B40484
.35 -934504 681993 4,86258 621722 .534629 10.4546 42401 .364613 797263
4 +586276 623071 2.9799) 661364 .570459 10,2517 412077 1355437 772137
.45 .359654 579697 3.33743 +699598 6069331 9.9314 + 405555 .3518636 . 75627
.5 214477 .546488 2,84357 .736397 .643816 9,52143 .402432 .3518638 745722
.6 067859 49883 2.1371 .805066 117922 8.58857 . 401591 .358121 733393
.7 .016847 465808 1.66705 .866144 .79132 7.68305 . 403457 . 368603 72734
.8 .002648 .441012 1.34219 .918939 .B63142 6.901 . 405263 . 380656 . 72472
.5 .000133 . 421251 1.111 .963409 .932954 6.26081 . 405937 +393¢08 724344
1 0 404814 L.942225 1 1,0605%9 5.74967 .4045814 .405055 . 725651
1.1 0 399727 8146171 1.02%46 1.06605 5.34608 .402237 416533 .72833
1.2 [\] .378402 720066 1.05267 1.12938 5.0288 .388334 .427359 .732173
1.5 0 . 348853 539158 1.09375 1.3074 4.43062 . 381558 .456091 .749099
1.7 Q .333598 469178 1.10495 1.4167 4,.2158% . 36861 472608 76348
2 1] . 31542 402065 1.10841 1.56698 4.04126 . 349616 +494256 . 787271
2.5 0 .293918 340676 1.09848 1.78118 3.94356 .322862 ,52352 82711
3 Q 279571 .308129 1.06364 1.95232 3,94229 »302955 .545813 862237
3.5 Q 269676 .288831 L.08977 2.08639 3.97153 .288491 562649 891026
4 0 +262639% L276451 1.05816 2.19077 4.00775 .277913 .57538 .913948
5 Q .253629 . 262051 1,04127 2.33643 4.07367 264097 .592587 346413
TABLE 2. Fourth-osder loudspeaker system afignments based on enclosure Q (b equalto 7,
need a little larger box and higher fb tuning.  Fifth Order Alignments
So systems designed to Table 2 turn out to Many people find this an attractive BrwBramp | gudspeaker
have a little farger Vab and higher f3 than  alignment because it calls for a fairly com- Ioput ¢
Table i. pliant woofer in a vented box. The woofer
In Example 3, Table 2isused todesigna  suffers from a great deal of “cone B RZ
system for the same woofer used in Example  bounce™ in response to tuintable rumbile
1 with Thiele’s table. and other forms of subsonic noise. = -
Comparing Example 3 to Example 1, you in his paper, Thiele had assumed that Passive filter -
will see that Table 2 makes the box a littie  the designer would eliminate subsonic

bigger and fb and 3 are a little higher. The
frequency response shape is also a little bet-
ter, as curve 3 in Fig. 2 shows. Example 4 on
the next page gives a practical design for a
real woofer.

EXAMPLE 3, A fourth-order design assuning [N
= 7, Glven the woofer parameters,

Qg = 29

Vas =

£, =

7.47 cu. Tt
22,8 Hz

From the %X = 1.1 alignment in Table 2 we have,

Yap/Vag = 816
fb/fs = 1,029
Eo/f, = 1,066
Therefore,
Vap = «Bl6 x 7.47 = 6.1¢ cu, ft.
£y = 1.02% x 22,8 = 23,5 Mz
£ = 1.066 x 22.8 = 24.3 Hz

3

EXAMPLE 4. A fourth-order design assuming Qp
= 7, The Speakerlab WS08R, an 8-inch woofer,

has parameters:

Qg = 354
Vag = 4,24 cu. Tt.
£ = 24.2 Hz

8
From the k = 1,5 alignment in Table 2 we have,

VopVag = <539

Ebjfs = 1.094
f.'!/fs w 1,307
Therefore,
Vip 7 .539 x 4.24 = 2,29 cu. ft,
fy = 1,094 x 24,2 = 26.5 Hz
fJ o 1,307 x 24.2 = 31.6 Hz

26

energy, if necessary, by filtering out out-
of-band signals elsewhere in the signal
chain. Alas, such filtering does not appear
in conventional stereo equipment. The
rumble filters, subsonic filters, and low
filters In stereo receivers and preamp-
lifiers are notoriously imprecise things
with considerable effect on the low and
midbass--up to as high as 200Hz, believe it
or not--as well as on the subsonic (below
20 Hz) energy.

Thiele suggested using a fifth-order
alignment, such as Table 1's Alignment
10, rather than a fourth-order one. A fifth-
order system is a vented speaker system
with a simple resistor-capacitor auxiliary
filter (Fig. 3), usually called an equalizer,
ahead of the power amplifier. Since the
filter is passive, it introduces no noise,
hum or distortion into the system. It
eliminates subsonic noise without dis-
turbing the bass response, since the de-
sign of the speaker has taken it into ac-
count; fifth-order alignments make the
filter an integral part of the system, rather
than a tacked-on “extra” with uncertain
effect on the frequency response,

The auxiliary filter also saves amp-
lifier power and allows use of a high-
compliance, low-Qts woofer without
subjecting the woofer to excessive cone
excursion and  possible  suspension
damage.

Unfortunately, Small did not apply
his analysis taking account of finite Qb to
the fifth or sixth-order cases. We have
done so, and the resulting fifth-order
alignments appear in Table 3.

Thiele’s fifth-order alignments are in
Table 1, Alignments 10 through 4. Qur
Table 3 differs from Table 1 in that:

Flgure 3, Fifth-order loudspeaker system. The speaker and
enclosure are similar to the fourth-order system. The new
element Is the passive resistor-capacitor 608 octave high-pass
filter, generally placed ahead of the power amplifier. The
filter's cutoff frequency will be

AN —
VR 2ar(Rr2)(C)

We recommend a value of 51 Kohms for R2, for compali-
bility with standard impedance levels at the interface bebween
preamp and amplifier, or in a tape monitor loop. Then the
capacitor needed will be

O= 1

2T1, 1 (51000)

The T megohm

transients.

1} Again, Table 3 assumes Qb equals 7.

2} Sub-Chebyshev (SC5} responses are
included to cover Qts values down to .26,

Comparing the values of Vab/Vas and
f3/fs in our fifth-order alignments to those
for the same Qts values in the fourth-
order alignments in Table 2, you will see
that the fifth-order systems take iarger
boxes and have higher cutoff fre-
quencies. This is the cost of the subsonic
filtering action of the equalizer, which,
being a gentle 6dB/octave filter, has some
effect on the high bass.

The most important parameter of the
filter in designing the systein is faux, its
cutoff frequency. The filter may be in-
serted between preamplifier and power
amplifier, or in the tape monitor loop of a
preamplifier,  integrated  amplifier  or
stereo receiver. if the system includes a
tape deck, the auxiliary fitter shouid go
after the tape deck in the loop--between
the deck’s LINE OUT jacks and the receiv-
er's TAPE iN or TAPE MON jacks.

Example 5 shows a fifth-order design
using the same woofer as Example 3.
Comparing the two examples, you will
see that the fifth-order system takes a 12%

R1, eliminates switching

resistor,




Ripple

X {dB} Qe Vav'Vas B/
.25 1.35356 1.48688 40,2284 .673029
.3 .786891 1.21932  17.5466 709679
L35 .449613  1.04311  11.682 739083
.47 1251183 919124  8.71077 .765082
.45 .136404 827551  6.83614 789266
.5 .071489 .757452 5.5307  .812323
6 .016965 .657776  3.B445  .g56115
.7 .002973  .590684  2.83151 .8971k
.8 .000294 .54256  2.17915  .935007
10 477735 1.4265% 1

1.2 o0 435305 1.03141 1.04962
L5 o .392139 721099 1.09775
.7 o J371074  .603712  1.11586
2 o0 346494 .492733  1.12858
2.5 0 317445 .392711  1.12771
37 o 1297657 .34038  1.1154¢
3.5 0 .283654  .309628 1.10068
PR 273455 .290027  1.08669
5 9 260084  .267367  1.06419

2

Eaux‘/fs fs/fs Vab/(vasql:s ) fb/(fs/c'ts) faux/(fs/ots) fj/(fs/Qts) Ka
2.52728 637451 18,1938 1.00078 3.758 . 947875 2.49302
2.18898 66062 11.8044 .865239 2.6688 .B05438 1,83392
1.9411 682071 10,7364 . 770955 2.02478 711475 1.56956
1.75418 L7034 10,3112 .703214 1.6123 .646576 1,40731
1.6091% .725422 $,98208 .653158 1.33186 600324 1.29259
1.49462 +748108 9.63984 615295 1.1321 .566656 1,20599
1.32536 795629 8.88555 ,563132 871789 523345 1.08397
1.20727 .845412 8,11509 .529917% 713129 .49938 1.00353
1.12033 .89661 7.4027 .507298 607847 +AB64GS 948088
1 1.00048 6,25067 477735 477735 477962 880445
,918928 1,10334 5.44306 .456906 L 400014 . 480289 .844858
.B34275% 1,25206 4.68938 .430469 «327152 .490983 .82181
. 192115 1.346861 4.3844 .414067 .293933 . 499692 817847
.742231 1.48102 4.10411L . 391047 257179 513164 .821605
.682387 1.68421 3.89706 .3587987 « 21662 .534644 841351
641141 1.86001 3.84177 +332024 .19084 +553651 LB867121
611747 2,00854 3.8482% v312211 »173524 .56973 .892806
590246 2,13191 3.87852 297161 . 161406 582981 .91596
.561863 2.31696 3.95378 2276737 . 146109 602513 .952731

TABLE 3. Fifth-osder loudspeaker system alignments based on enciosure O {Ob) equal 2o 7.

smaller box and gives 17% (.23 octave)
higher cutoff frequency.

As long as you are providing a filter
anyway, you may as well make it a more
effective 12dB/octave one and go to sixth-
order system alignments which provide
greatly increased performance.

EXAMPLE 5. A Eifth-order design assunming Qb =

7. Given the woofer parameters,

Qg = .39
Vig = T.47 cu. fr,
Es = 22.8 Haz
Froa the k = 1,5 alignment in Table 3 we have,
Vab/van = 72L
fb/fs 2 1.098
Eaux/Ey = 834
f3/fs = 1l.252
Therefore,
Va, = 721 x 7,47 = 5.3% cu, ft,
fb = 1.098 x 22,8 = 25,0 Hz
faux = 834 x 22.8 = 19.0 Hz
E = 1,252 x 22.8 = 28.5 Hz

Sixth-order system alignments
Sixth-order systems also use an aux-
iliary filter, in this case a 12dB/ocatve filter

as in Figure 4.
Sl o]
T

— A
Auxilisry Fiter L—

Pewer arnp

N
v

FIGURE 4. Siah-order loudspeaker system. The auxiliary fiiter
is a [2dB/octave, second-order, high-pass filter. It must be an
active filter to get its Q, Qaux above 5. Ref. 7 describes a practkcat
design for the fiter.

The fifter Is second order; with the
vented speaker itself, which is fourth or-
der, it raises the order of the total system
to six. Our sixth-order alignments appear
in Table 4 on the next page. Note that:

1) Again, we use sub-Chebyshev
alignments to cover Qts values below
312,

2} Thiele calculated three types of
sixth-order alignments, which he called
Class I, Class W, and Ciass lil. [We in-
cluded only the Class | alignments in
Table 1.) A sixth-order system can be
analyzed as three component second-
order filters in cascade. Each of the com-
ponent second-order filters has a diffe-
rent Q; for the Butterworth case, the
three Q's are 2.0, .707, and .5. You choose
one of the imaginary component sections
to make real in your auxiliary filter, The
other two “‘recombine” ({mathematically]
into the vented speaker’s fourth-order
equivalent filter.

If you make your auxiifary filter the
high-Q one, your system is Class I; the
mid-Q one, Class II; the low-Q one, Ciass
. We computed alignments onily for
Class [ systems.

3} Thiele originally specified the
fiiter’s peaking in terms of a parameter he
calls Yaux. We have used Qaux through-
out this paper since Q is more familiar to
most people. Yaux and Qaux are related
by the formula:

|
Qaux FVY;ux_*?—_

A design using Table 4 appears in Ex-
ample 6. Comparing it to Example 3, the
fourth-order system using the same
woofer, you will see that the box is a little
bigger [{6.41 versus 6.10 cuft) but the
cutoff frequency is nearly an octave lower
{14.0 versus 24.3 Hz) Thus the sixth-order
design gives a tremendous improvement
in bass response compared to the others.

This improvement is obtained at the
cost of first, more complexity; you have
to provide an active auxiliary fitter, And
second, it draws more power from the
amplifier. The auxiliary filter provides
bass boost which the ampiifier has to sup-
ply as additionat output power.

The filter goes between your amp-
lifier and preamplifier or in the tape

EXAMPLE 6. A sixth-order design assuming Ob =

7. Glven the woofer parameters,

Qpg = .39
E; = 22.8 Hz
Vas = TAT cu. ft.
Froa the k = .5 alignment in Table & we have,
VabVas = 858
f/Es . = 876
foux/Es = 1.386
Caux = '3.77
Ey/E, = .6ls
Therefore,
Vap = .858 x 7.47 = 6.4L cu. ft.
£y = .876 x 22.8 = 20.0 Hz
Foax = 1.386 x 22,8 = 31,6 Hz
Qaux = 3.77
£y = 4616 x 22.8 = 14,0 Hz

monitor loop. Reference 7 describes a
simple filter you can buiid.

Example 6 calis for Qaux equals 3.77,
which demands 11.6 dB of bass boost.
This is impractical for most systems,
which would not have that much reserve
amplifier power. Generally, Qaux around
2 is desirable. It corresponds to a max-
imum -boost of & dB, which most -amp-
liflers can handle. The elimination of
wasted low frequency energy in the sub-
sonic region makes available more amp-
lifier power for use as boost. Example 7
shows a design using a woofer with Cts
equalling .312, which takes Qaux equal to
1,93 and 6.0 dB of peak boost.

Second-order system alignments
Most of the attention paid Thiele's
and Small's work has centered on the
vented-box  alignments, However, their
results also show that the second-order
[sealed enclosure) alignments have some
very useful properties and can provide
quite  respectable  performance. The
theory for second-order systems, though
simpler, was actually fully developed by
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Ripple

k (dB}) Qs Var/Vas £/t faux/fs
.27 626827 ,531489 1.72085 .696606 .44708

v3 423505 ,499197 1.54138 .725809 ,4708%

.35 .216443 ,45944  1,30002 .770769 ,511086
.4 107644 ,430758 1.11447 .810776 .55161

5 023830 .391663 .858442 .875715 .631992
.6 004241 365705 .69901 .922453 ,710241
.7 ,000525 .346892 .595355 .9%4747 ,785956
.8 .000033 .332543 .525085 .976455 ,859293
9 +321253 ,475628 .990753 .930551
1 0 .312187 .439667 1 i

1.5 ¢ ,285764 .352892 1.01315 k.32439
2 ¢ L274057 .322139% 1.01163 1.6112

3 Q . 26453 .300112 1,0069 2.06514

o Pilter peak
aux height (dB)

6.92927
6.24015
5.3549

4.69178
3.7654

3.14998
2.71224
2.38552
2.1328

1.93185
1.34074
1.05854
.798057

16,8364
15.9319
14.6131
13.4764
11.5935
10.077

8.81672

1,59057
,205426

2, . '
E3/E,  Van/ WagQe)) £/ (£ 0} £, /10,70 0)

+431682
+455253
+49519%
+535512
+615893
5694981
172622
.849137
92494

1.0004

1.3795

1.76547
2,52397

6.09192
6.18538
6.15874
6.00624
5.59612
5.22664
4.94753
4.74827
4.60864
4.51122
4.32142
4.28905
4,28876

£3/(6,/0, 0 K,

. 370238 .237618 4229434 .419028
.362322 2235047 .227261 41717

. 354122 .214813 .227514 417034
» 349248 .23761 , 230676 »419311
+ 342985 .247528 .241222 .428265
. 337345 4259739 . 254158 441073
+ 331194 272642 . 268016 . 456692
+ 324713 .285752 .282374 47461

.318282 .298942 .29714 -494483
312187 .312187 +312311 516042
.269521 378464 .394212 +642103
277245 ,441561 48384 .786121
266355 .54629)1 667667 1.08417

TABLE 4. Sixth-order loudspeaker system afignmets based on enclosure O (b} equal to 7.

EXAMPLE 7. A sixth-orda: deaign assuming =
7. Given the woofer parameters,

Qg = 312

v = 11.67 cu, ft,

as
£ = 18.2 Hz

s
Froa the k = 1.0 alignment in Table 4 we have,

Vap/Vag v 440

£ty = 1.000

£ oux/Ea = 1.000

Uaax » 1.93

£3/1, = 1,000

Therefore,

Vap = 40 x 11,67 = 5.13 cu. Et.
t, = 1.000 x 18.2 = 18,2 Hz
Eaux * 1.000 x 18.2 = 18.2 Kz
Qaux - 1.93
£q = 1,000 x 18,2 = 18,2 Hz

Small [Ref. 2] after Thiele developed the
theory for vented systems.

The formulas for sealed-box systems
don't work quite the same way as the
athers, since a given woofer with a given
Qts will work in a range of box volumes.
{for the fourth-order and higher designs,
you will recall, each alignment called for
one specific Qts value) Table 5 presents
the second-order design formulas in an
“alignment table” similar to the others.
Note that Vab/Vas and fb/fs in the table
are not constants, but formulas invoiving
Qts. This is because in second-order
systems, as we said, each alignment will
fit many woofers and vice-versa. The
formuias using Qts “adjust” the aiign-
ment to fit the Qts value of whatever
waoofer you are using. Also observe that
this is not “alignment jamming,” second-
order alignments are inherently able to
accept a wide range of Qts values.

Unlike vented systems, which have
two Q's, Qts and Qb, the second-order
system has only a single system Q, Qtc.
Woofer damping and box losses combine
in this one O value.

There is one limitation in fitting dif-
ferent woofers into different second-
order alignments; Qtc must be greater
than Qts. if you try to use an alignment for
Qtc less than your woofer’s Qts, the elf in
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your calcutator will cali you on it by giving
you a negative value for Vab.

The best known alignment in the
table is the Qtc equals .707 one, which is
the Butterworth {B2) alignment. It gives
“maximally flat” [maximum Q with zero
peaking) frequency response--see Fig. 5.

EXAMPLE 8. A second-order design with O,

= ,707. Given the woofer parameters,

Qg = 39
vas # 7,47 en, ft,
£ = 22.8 Hz

5
From the th = 1,0 alignment in Table 5 we

have,

2
vab/vas = 1/(.5/0ts - 1)

£/E, = JT0V/Q
Therefore,
- z ., -
vabfvas = 1/{.5/.3% 1) 437
f3/£5 = ,707/.3% = 1.8l
and
V,, = 437 % 7.47 = 3.26 cu. ft.
EJ = 1,81 x 22.8 = 4l1.3 Bz
FXAMPLE ¢. A second-order design with th =

1.0, Given the woofer parameters,
Qg = .39
v = 7,47 cu. ft,
3 = 22,8 Hz
From the Q.. = 1.0 alignment in Table 5 we
have,
1/ (1.6/0, .7 - 1)

18670,

Yab/Vas ©

E3/f5 =
Therefore,

Vo Vas = 1/(1.0/.397 - 1) = 179
f3/Es = ,786/.3% = 2,02

L179 x 7.47 = 1.34 cu, ft. '

2,02 x 22.8 =

ab 7

E =

4 46.0 Hz

Example 8 applies the Qts equals .707
alignment to our exemplary woofer. This
alignment is not the most efficient one (in
terms of best f3 for a given box volume
and efficiency), however. The most effi-
cient alignment is the Chebyshev {C2)
alignment with Qtc equal to 1.1, which
gives a peak of 1.83 dB [Fig.5}. The Qtc

equal to 1.0 Chebyshev alignment is very
nearly as efficient, and has a peak of only
1.25 dB. Example 9 applies this alignment.

let’'s compare the Qtc equals 1.0
alignment to the fourth-order system of
Example 3 and the B2 alignment we just
calculated in Example 8 (ali using the
same woofer);

4thorder B2 C2{Qis1)
Ex.3 Ex.8 Ex. 9
Vabjcuft) 610 3.26 i.34
f3 (Hz.) 243 41.3 46.2

The shape of the low-end frequency

-response curve for a sealed-box system

depends only on Qtc which in tum de-
pends on Qts, Vas, and Vab. This graph
shows the response curve for a woofer in
various box volumes. To apply it to a
given woofer; T} calculate 5fs/Qts, fs/Qts
etc., and write the answers in the spaces
provided along the frequency axis at the
lower edge of the graph. 2} Using the
formula, calcuiate Vab for Qtc equals .7,
Qtc equals .8, etc., and write the answers
in the Vab coiumn.

Thus for a given woofer, the Qtc
equal to 1.0 sealed-box alignment
dramatically reduces the box volume
compared to the B2 alignment, at scme
cost in bass response. This alignment may
be used effectively with high-Vas {high-
compiiance) woofers which would other-
wise demand Impractically large box
volumes.

The sealed system’s more gentle rol-
loff below {3 {12 dB/octave) compared to
fourth, fifth, and sixth-order systems (24,
30, and 36 dB/octave] gives better re-
sponse to the extreme lows than simple
comparison of f3 values would suggest.

The sealed-box system has three
other factors in its favor:

i) The enclosure can be partially fil-
led with damping material, which slows
down the speed of sound and can in-
crease the “effective” volume. For exam-
ple, when you use the Speakerlab
W 1208R 12-inch woofer in a 2.2 cuLft. box,
filling the box one-quarter to cne-half full
with Dacron will effectively increase the
volume by about 12% and increase fs/Qts
by about 6%. Vented systems cannot be
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Figure 5. The shape of the low-end frequency response curve for a sealed-box System depends only on Qe wihich In tum depends
on Qs, Vas and Vab. This graph shows the response curve for a wooler in various box volumes. To apply It to a given wooler: 1)
calculate 55/Ots, F5/Ots etc, and write the answers in the spaces provided along the frequency ads at the lower edge of the
qraph, 2} Using the formula, calcutate Vab for Ote equal to .7, Qtc equal 10 .8 etc, and write the answers in the Vab column.

th vab/vas

.5 vt - b
.6 /¢ 36707 - 1)
.7 /e 49/0, % - 1)
.707 w50/, % - 1)
.4 1 -64/%52 -
.9 v mva -0
1.0 /(1. Em/Qts ~ 1}
1.1 17210, 2 - 1
1.2 1/ (4470, % - 1)
1.3 r/(.6s/0, . - 1)

E3/f5 K, Pea;:Bl)\eight
'T”/Ql:s 1,311
.?25/0':5 1.084
«707/Q, L953
.707/Qt5 .952
.'1‘18/{%s .385 .21
.747/Qts 851 .69
786/Q, L8935 1.25
<832/Q, o .830 1.83
1883/Q, ¢ .831 2.41
.936/0 L8356 2,97

Table 5, Second-order loudspeaker system alignments. The values of the design ratios Vab/Vas and 13/fs depend on the Qts of the
woofer used, so the table entries for those ratios are formulas rather than constant numbers,

filled with damping material because it
spoils Gb, the box Q. [Though a one-inch
thick liner on the walls to eliminate
echoes and “"boxy” sound is OK.)

2) It doesn’t have a vent to take up air
volume. In a vented system, the vent
takes up some volume (Fig, 1} so the
actual box volume has to be larger than
Vab by that amount.

3} The sealed system’s gentler rolioff
means the phase shift in the bass region is
less. This seems to give the bass more
realism and “punch,” but we have not
made controlled tests.

Theory does not address the ques-
tion of which response “shape’ is son-
ically the most accurate. We have found
that for acoustic suspension [C2 align-
ment} speakers, the Qtc equal to 1.0
alignment (as in Example 9), which has a
1.25 dB peak, gives the most natural
sounding reproduction.

Some speakers with a reputation for
“high efficiency”” have Qtc as high as 2.0.
The resulting 6 dB peak makes the bass
sound loud, though not accurate to the
critical ear.

You can study efficiency versus Qtc
value simply by running down the Ka col-
umn in Table 5. As you can see, Ka (which
is proportional to f3 for a given valume
and efficiency] rises drastically for Qitc
values below 0.8.

Unlike the higher-order designs, the
second order system is simple enough
that there are straighforward (though
complex]) algebraic formulas to express
the cutoff frequency, peak height, etc.
The following information is from Small,
Ref. 2.

The speaker's gain at the system
resonant frequency fc for a second-order
system is simply equal to Qtc, the systemn
Q. Thus in Figure 5, for example, for the
Qtc equal to 1.0 curve, fc is equal to the
frequency where the curve crosses the
0 dB axis.

The cutoff {-3dB) frequency is a func-
tion of Qtc and is given by:

-1C—:3- = (A)tc —2)+’\/(/th "2)?‘+4
2.
The frequency of the bass peak top,

for Q'Ec = V’\fz._

'F(.l,-max _
[V (ZQt =)
The height of the bass peak, indB, is:
: 3 4
G(JW)max = 20’03'0 th.
Qp 2 ~ .25

Interpolating between alignments

Unlike the hypothetical woofer with
Qts equal to .39 that we have been using
in the examples, most woofers will land
with Qts values between alignments. The
way you handile this is by interpolating.

Interpolating is ke filling out your
income tax forms, a challenge but not
much fun. It is easier to do than to ex-
plain. But it is also easy to make mistakes.
Most peaple already know how to in-
terpolate; mainly what we want to do is
give you two rules that will help you avoid
mistakes.

For an example, let's recalculate Ex-
ample 1. To refresh your memory, it ap-
plied Thiele’s Alignment 5 {from Table 1)
to a woofer with Qts equal to .39, even
though the alignment called for Qs
equal to .383. This caused some erfror,
which showed up as a slight peak in the
response curve [cuive 1 of Fig. 6). Let's
use interpolation to create a new align-
ment for Qts equal to .390 exactly. The
new alignment will lie between Thiele’s
Alignment 5 and 6.

Refer to Example 10, which is
a "worksheet™ for interpolating. Lines 1
and 3 give the design ratios for Align-
ments 6 and 5. 29
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EXAMPLE 10. Worksheet for interpolating.

Alignment Qg Vab/vas fb/fs f3/fS
Line 1 6 415 .948 927 .867
Line 2 new . 390 760 .984 V971
Line 3 S ,383 707 1.000 1.000
Tine 4 L032 241 -.073 =,133
Line 5 . 007 .053 ~.016 -,029
Line 6 . 219

Here is the procedure:

1) Subtract each entry in Line 3 from the corresponding entry above In Line 1,
Write the answers on Line 4. [You thought we were Kidding when we said it was like
doing income tax, didn’t you?)

2) In the Qts column only, write the new Qts value needed, .390, on Line 2.
Subtract Line 3 from Line 2 and write the answer on Line 5.

3) in the Qts column, divide Line 5 by Line 4. The answer is your interpolation
factor, iF. Write it on Line 6.

4] For all columns except Qts, multiply the Line 4 entries by the IF and write the
answers anLine 5.

5} For all columns except Qts, add Line 5 to Line 3 and write the answers on Line 2.

All done. Line 2 is the new alignment.

Here is the mathmatical basis for the above procedure.

The general interpolation formula is:

- W(Q1s) - B(Gks)
A(Qus) ~B(Qs)

W(Q{S) = (Jp value wanted

B(Q.s) = Qpe of line below

AlQrs )7 Qps of line above
So for Example 10,

,390-.383 - .O07 -7 ..219
415 — 383 032 32

The above may be expressed verbally as ““390 Is 7/32 [.219) of the way from .383 to
415, Then fb/fs will also be 7/32 (.219] of the way from the line-below value to the

line-above value:
ﬁ)/%— 1000 = 219
927 ~ 1.000
Note that the denominator here is (927 - 1.000), not {1.000 - 927). Soiving for ib/fs,
fi /fs=-219(927-1000) 1.000= . 984
or in general terms
W(F,/fs)= IF [A(f /1) - B(f/ %5 ) +B(f, /)
where W(Fb / £5) is the wanted value.

of ‘Cb/‘cs and so on,
Similacly for Vap/Vas, {5 /f5, ete

W(Va, /vas) = IF [A (Vb /\/ag)— B(Vap /Vas )]+ B (Vab/Vas )
W(f3/Ts)= 1 [A(Fs /fs) B(F3 /%5 )]+ Bt /%)

IF

30

b A 1 . 1

20 30
frequancy (Hz)

oo

Flgure 6. Curve |--woofer with Qts equal to .39 in a system
aligned for & woofer with Qts equal to 383, that ks, with Vab
equal to 528 culft. and Vas equal to 228 Hz Curve 2--same
woofer in the alignment obtalined by interpolation in Example
10; Vab equals 5.68 cuft, fb equals 22.4 Hz

Did you see where we used (927 -
1.000) in the denominator, not {1.000 -
.927)7 RULE 1: the position of the num-
bers in the formula depends on their pos-
itiont in the table, not which number is
larger or smaller. Observe in the example
that while Qts gets smaller, fb/fs gets
larger. The most common mistake in in-
terpolating is using the smalier number as
though it were lower in the table, that is,
mixing up 927 and 1.000. This is particu-
larly easy to do if you don’t use a work-
sheet as in Exampfe [0,

When you're done, check your re-
sult. Qts equal to 390 is closer to the
fower line value of Qts in the example;
then the value of fb/fs should also be
closer to the lower line value. Is it? Same
way for f3/fs- is It closer to the lower line
value?

RULE 2: aftways “eyeball” your an-
swers like this to catch simple errors.

If you have never done interpolation
before, we suggest that you check your
caiculations the first few times by “back-
terpolating”. Backterpolating s just in-
terpolating back from your answer to the
givens. You recalculate IF using the Vab/
Vas column, just the same as you did with
Qts, You should get the same IF as be-
fare. Then you use the IF to recalculate
Qts. You should get the same vaiue as you
had at the start. If your backterpolated IF
and Qts don't agree with your original
numbers, you know you made a mistake
somewhere,

Applying the new Vab/Vas and fb/fs
ratios from Example 10 to the Example i
woofer gives flatter frequency response,
shown by curve 2 inFig. 6. _

Culinary secrets of the great chefs

Most of the stuff so far we have pre-
sented “cookbook” style: "do thus-and-
so and you will get a speaker system with
such-and-such characteristics.” For
people who like to know where the re-
cipes come from, here are some of the
physical  principles  behind  speaker
operation.




The sealed enclosure system s
easiest to analyze. When a woofer is put
in a sealed box, the sealed “air spring™ in
the box adds more “spring constant” to
the cone-and-voice-coil moving system
and raises the resonant frequency of the
moving structure. So fc, the system reso-
nance, is always greater than fs, the woof-
er’s free air resonance. The smaller the
enclosure air volume, the stronger the
“spring”, and the higher fc. The fre-
quency is proportional to the square root
of the total spring constant. For the
woofer alone, the total spring constant is

|
A
With the woofer in the box, itis

i/vas+ l/vab

So pttting the woofer in the box in-
creases the total spring force by the factor

i [
Afaa " /Vab

X
Vas
and the frequency increase ratio [fc/fs) is

ivenb
e ﬁ = K/as+ ’/Vab ’/2'

D
8 /Vas

The Q of the resonating system is
proportional to the frequency, so

Q. £ /1 VAR
6{5 = {39- = /VélS +/Vab ~
ts s ;
Mg
f,

or . Qe

g Qts
Thus, to summarize, putting the

speaker in a box ralses the resonant fre-
quency (called fc rather than fs when in
the box| and also the Q {now called Qtc
rather than Qts). In an infinite box, we
would have

ﬁ‘- = 'Fs and Q{:c. =Qt5

This leads to the one limitation in fit-
ting different woofers into different sec-
ond order alignments: Qtc must be
greater than Qts. If you try to use an align-
ment or Qtc less than your woofer's Qts,
the formulas will give a negative value for
Vab,

To the sealed box system designer,
the most important number describing a
given woofer is probably not any one of
the standard parameters, but rather the
ratio fs/Qts, which wili be in hertz. it rep-
resents the system resonant frequency
for the woofer in an enclosure. volume
that gives Qtc equal te 1.0. The cutoff
frequency f3 is then equal, as Table 5
shows, ta .786fs/Qts in such a system.

The box volume that will give Qtc
equalto 1 is

thus  Yas Qts %! Qe 2)

is the second number of most interest in
sealed box design.

Alignment Jamming

We get a lot of letters from speaker
designers, and one of the things they like
to do is use a different alignment than the
one called for by the Qts of their woofer.
Since Qts is one of the most critical
parameters, this sort of “alignment jam-
ming" can lead to serious errors.

Here’s a hypothetical exampie. Let's
say we want to bulld the Example 3
system, which called for a 6.1 cu.ft. enclo-
sure, in a smaller box, say 4 cuft This
suggests that we need an alignment with

Vb _ 40
—_— A, 3
Vye 747 237

The first impuise of your typical energy-
wasting,  alignment-jamming  American
citizen is to apply the k equal to 1.5 align-
ment from Tabie 2 as in Bad Example 11,

As you can see, the calculations give
values for Vas and f3 that don't iook too
bad. Alas, the response is that the woofer
Q is all wrong. The Q is directly refated to
the cone mass, which is the most critical
factor in relationship to the box volume
and box tuning frequency (fb}.

The cure is to use the “compound
parameters” N

{;//izzts ar)ci \43%//E:)t5 2.

to do your alignment jamming. This
makes the box correct for the cone mass
and damping, so the errors fall into the
compliance. System performance is least
affected by compliance errors, particu-
larly high compliance woofers {usually in-
dicated by low Qts values), D.B. Keele de-
scribes the theory behind this in Ref. 5
and it is also covered further in Ref. 6.

Here's how to do it with a fourth-
order design:

1} Calculate fs/Qis and VasQts2 for
your woofer.

2} Pick the alignment you want to
use. As a rule of thumb, your woofer
should have Qts within 20% of the value
called for by the alignment.

3) Calculate the design parameters
Vab, fb, and f3 using the factors from the
table.

Vab , ch ,
VAb/ Vis Qs ® J’"s/ Qs
ard i..

*s Qs

Our woofer has VasQts2 equal to
1.136 cu.ft., so to use it in a 4 cu.ft. box,
we need an alignment with

b A0 . g4
VisQs?® 1I30

Looking back at Table 2, there is no align-
ment with this VasQtsZ equal to 3.521,
meaning {ouch] it can’t be done. How-
ever, the k equal to 2.0 alignment doesn’t
look too bad, since its Vab/VasQtsZ factor
is only a little larger than the one for the k
equal to 1.2 alignment—meaning it will
take only a little larger box. Example 12
applies this to our usual woofer. As curve
2 in Figure 7 shows, this gives a flatter
response shape.

The procedure for fifth and sixth-
order designs is the same, with one addi-
tion. Calcuiate faux using the factor faux/
{fs/Qts) from the appropriate table, in the
same way you calculated fb and f3,

Alignmenit factor

The last column in Tables 2-5 lists
what we call the “alignment factor”, Ka. It
is usefuf for comparing the performance
of different alignments. As s well known,
there is a tradeoff between bass re-
sponse, volume and efficiency. Some
alignments give better “bargains” in the
tradeoff than others; Ka tells you which,

BAD EXAMPLE 11. A fourth-order design assuming
Qp = 7. Given the woofer parameters,

Qg = .39

Vas =

fs =

7.47 ou. ft.
22.8 Hz

Froa the k = 1,5 alignment in Table 2 we have,

Qpe = 349
Vop/Vas = #539
/8, = 1.094
Ey/E, = 1,307

Therefore, applying some arithgetic,

v =

ab +539 x 7.47 = 4.03 cu. ft,

Eb = 1.094 x 22,8 = 24,9 Hz

Iy = 1,307 x 22.8 = 29,8 Hz

+
W

o

Anplitude. (dB)
¢

1
A

- i
220 % 100
Frequency (Hz)

200

FIGURE 7. Curve |--Bad Example 11 design Curve 2--
Example 12 design.
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EXAMPLE 12. A fourth-order design assuning 0b

= 7, Given the woofer parameters,

Qg = .39
Vag = 7.47 cu, ft.
£, = 2.8 Hz
Tharefore,
2
VagQts ™ 1.136 cu. ft.

£/ g = 58,5 Hz

From the k¥ = 2,0 atigpment in Table 2 we have,

2y -
Vat/ Waglis™ ) = 1.041
L/1E/Qg) = .350
E3/(ES/QtS} = L.494
Therefore,

Vap = 4.041 x 1,136 = 4.5% cu, ft.

fb = ,350 x 58,5 = 20.5 Hz

£ = 494 x 58.5 = 28.9 Hz

3

Here's how it works. let's say you
have a design requirement for a 2 cubic
foot system operating at 1/2% efficiency
{radiating into halfspace]. You want to see
what kind of cutoff frequency {f3) values
you can get with the d equal to 1.5 and k
equal to .5 alignments in Table 1.

It can be shown that f3 is the product
of three factors:

~F:374‘(8)‘ I'ﬂ'ﬂ"He:\.r

Km and Kev are explained further
in the next section. For now, you should
know that for a 1/2% efficient, 2 cubic foot
system, and assuming typical mechanicai
losses in the wocofer, the product KmKev
is equal to about 49 Hz.

Using Ka, we can calculate f3 for the
two aiignments:

K Hs x KmRey = {:3
15 .749 x 49 36.7Hz
B 746 x 49 3b.6Hz

Thus the two alignments give nearly equal
bass response. Note, however, that they
demand quite different woofers. The k
equals 1.5 alignment has

Vap/Vas =539

so that
Vas = Vap (Vab/vas) =
2.0/.539 = 3.71 e

The k equal to .5 alignmerit, on the other

hand,
MO Vg = 2643

n

1

so that
Vs = Vap (Vab/vas) =
2.0/2.843= 103 cuft.

32

The alignment factor also makes it
easy for driver designers to work back-
wards from system performance specifi-
cations {NO and f3} to the driver paramet-
ers needed, which is otherwise rather dif-
ficult. We just showed how to find the
woofer's Vas; finding fs is easy. Using Ka
gives us f3, and the tables give f3/fs for
each alignment, so

fs

K f5/(f3/15)
L5  367/1307 = 43H=

n

n

"

5 Bb.of .04 = 23.6Ha

\We now have ali the woofer paramet-
ers. fb {and faux if appropriate) can be
obtained by applying the coefficients
from the tables as usual.

Remember that these computations
are subject to severai conditions:

1} You need some knowledge of your
woofer’'s mechanical losses. In the exam-
ples we have been assuming that Qes/Qts
equals 1.25.

2) It assumes that you can design {or
select) a woofer with parameters to fit the
alignment. We are not talking about com-
paring different alignments for the same
woofer now; that would mean different
Vab for each alignment. Here we are talk-
ing about different woofers for a given
Vab.

3} It assumes the woofer is radiating
into ideal halfspace, that is, there are no
room acoustic effects. Real rooms will
actually make the system perform better
because of bass reinforcement and sound
pressure level (SPL] Increases due to
reflections.

in spite of these limitations, the
alignment factor is very effective for mak-
ing comparisons between alignments.

Efficlency-volume factor

This section is mostly math analysis.
Math analysis helps some people under-
stand physical phenomena, and for
others it just gets in the way. You can skip
this part without missing too much if you
belong to the second (larger) group.

The formula for the efficiency-

volume factor is
e Ng /%

Ky =
ey ey,

where NO equals the midband efficiency as a
pure ratio (NO equals 1.0 is 100% efficiency}
C equals velocity of sound equals 1131 a
second.

The famous tradeoffs between bass
response, efficiency and box volume ap-
pear in this factor. You can see that if you
double NO (holding everything else con-
stant), Kev wili increase by the cube root
of 2, 1.260 times, Doubling the volume
will decrease Kev by a factor of one over

the cube root of two, or .794. And, as we
have seen, 13 is proportional to Kev (as-
suming the other factor’s constant}.

This ail derives from work by Small
[Ref.3}. He gives the efficiency as:

4465 Vas

c3

NO =
as
this can be rewritten
< 3N0 Vs 5
4%‘{]’22 \{a E;

-Fsz

Therefore,

f =f§.1c RE ¢*NpQes ) /5
3 FS S"_FTS" “”TZVBS

The part in parentheses can be expanded
into three other factors so that

SETUSENLEE
o | Vas % Qs
x( eINy )'/3
W Vap

or 423 = }ﬂéa x Pﬁ[?ﬁ x }ﬂf:\/

We have been calling the first factor,
Ka, the alignment factor because the
three factors in it come from the align-
ment data. Thus Ka depends only on the
alignment chosen and Is useful for com-
paring alignments. 1t is a pure ratio,
Assuming the other factors {box volunie,
efficiency, and mechanical losses} are
held constant, f3 for different alignments
will be proportional to this factor,

We may call the second factor, Km,
the mechanical loss factor. It is also a pure
ratio, !t depends primarily on the driver
construction, though anything else that
affects either Qts or Qes or both will
affect it. Small points out [Ref 3} that the
Q of the woofer in the system, which he
calis Qt, can be different from Qts, the Q
of the woofer itself. Stuffing in the box
around the woofer will add mechanical
damping and make Qt jower than Qts. In
that case Qt should be used in place of
Qts in design work and in the previous
formula above. Resistance between the
amplifier and speaker wifl raise both Qes
and Qts, and if the change is appreciable
the modified values should be used in
calcuiations.

We have called the third factor, Kev,
the efficiency-volume factor. It has units
of hertz. in comparing systems with dif-
ferent efficiency and volume specifica-
tions {assuming the same alignment and
driver mechanical losses} f3 will be pro-
portional to Kev.




{The subscript “"ev’” here has no relation-
ship to the Electro-Voice Company, where
coincidentally Ray Newman and Don Keele
made some of the first practical applications
of Thiele and Smail theory, described in Refs.
11and4.)

For frequent calculations it is convenient
to have Kev defined for NO in percentage
points and Vab in cubic feet:

Key = 7156(Ny/Vap )5 Hz.

If you examine the first equation in this
section, you will see that the value of Kev can
also be reduced by lowering c, the velocity of
sound inside the enciosure. Filling the encio-
sure with a gas heavier than air, or partially
filling it with damping material in the case of a
second-order system, will redtice the velocity
of sound and therefore reduce f3. {Increasing
the value of pi would also have the same
effect].

The preceding analysis describes the de-
taiis of the efficlency-volume-bass response
tradeoff, but does not explain physically how
it comes about. How it arises is easiest to
visualize in the second order case,

Assume a 2 cu.ft. system with Qtc equals

1.0. Both fc {and hence f3) and efficiency are
controlled mainly by the same factor--cone
mass. Increasing cone mass reduces fc, re-
duces efficiency, and increases Qtc. B) pro-
duct {magnetic field strength times the length
of voice colf wire in the field) also has an effect
on the efficiency, but much less effect than
the cone mass has. When you increase cone
mass, you have to increase Bl to correct the
Q. But the Blincrease is not enough to fully
offset the efficiency decrease due to the addi-
tional mass. Resuit: iower bass response takes
maore mass which costs you efficiency.

Note that, given constant Q, higher B1
product is associated with lower efficiency--a
surprising resuit. Doubling the cone mass
(and increasing B1 by 4 1% to keep the Q the
same} reduces fc a half-octave and reduces
efficiency 4.5 dB.

Also let us remind you that the “*1/2
octave costs 4.5 dB” law assumes a given
alignment, in this case the second order Qtc
equals 1.0 alignment. Between alignments
the law does not hold; one alignment may
provide much better f3 for a given volume
and efficiency than ancther. Hence the re-
lentiess search for better alignments by re-
ientless searchers like John Hoge, Mile
Nestorovic, and J. Robert Ashley.

Comparing alignments

We have used the same woofer for most
of our examples, one with Qts equal to .39. In
the sixth-order case, We preferred a woofer
with Qts equal to .312 because it allowed a
more reasonable degree of bass peaking in
the auxiliary filter, This led to designs for the
different system-types (orders} calling for
much different box volumes and perform-
ance. To summarize them here:

Ex. Order Vab F3

3 4th 6.10 cu.ft. 243 Hz
5 5th 539 cufi. 28,5 Hz.
7 6th 5.13 cu.ft. 18.2 Hz.
8 2nd 1.34 cu.ft. 46.2 Hz.

Order Qts Ka f3
(Hz}

4 .39 .728 35.7

5 .39 .822 40.3

6 312 516 25.3

2 .39 .B51 41.7

fs vas fb Eaux Qaux
tzy  (£63) (Hz)  (mz)

33.5  2.45 34.4

32,2 2.77 35,3 26.8

25.3  4.56 25.3 25.3 1,932
21,8  8.65

Table &. Four Joudspeaker system designs for NG é&bals 1/2% Vb equats 2.0 cu. ft. F3 was determined using Ka. fs, fo and fauwx were
determined using f3 and the factors f3/fs, io/fs and faux/fs from Tables 2 - 5. Vas and Claux were detemmined sing factors fromm the tables.

Thus the fourth, fifth, and sixth-order
alignments all used boxes in the same volume
range, around 5-6 cu.ft. The fourth and fifth
order designs gave comparable performance
with {3 around 25 Hz. The sixth-order system
gave much better performance with f3 at 18
Hz. The second-order design cailed for a
much smaller box and much higher f3 than
any of the others,

All these designs had the same effi-
ciency, of course, since they used the same
woofer; the woofer with Qts equal to .312
we used in Example 7 was the same as the
Qts equals .39 woofer, except with the com-
pliance Increased. The moving mass, cone
area, and B1 product--which determine the
efficiency--were the same.

The woofer designer's work is made
more complicated by the fact that changing
one of a woofer’s mechanical properties--
compliance, cone mass, mechanical resist-
ance, voice coll resistance, etc.--can cause
several of the Thiele-Small parameters to
change. It is interesting to see the effects of
the change in this woofer,

Increasing the compliance shifted all
three of the Thiele-Small parameters; Qts, Vas
and fs. Increasing compliance by a factor of
1.563, as we did, decreased Qts by a factor of
1/1.563, or 0.800, from .39 to .312. It de-
creased fs by the same factor, from 228 to
18.2 Hz. And of course {.563 times 7.47
cu.ft., the old compiiance, was ! 1.67 cuft,

That the efficiency was unchanged by
these shifts is reflected in the fact that the

quantity _% 3 Va b
Gis

which is proportiona! to the right side of
Smalt’s efficiency equation, stayed constant.

Another useful way of making compari-
sons is to choose a certain box size and
efficiency, and then apply different align-
ments and see what sort of 3 we can get.
This requires that we be able to vary woofer
parameters to suit.

Let us assume NO =5 %
Vip = 2.0 cuf.

Let's use Ots equal to .39 alignments for
the fourth and fifth-order cases, and the
practical Qts equal to .312 alignment for the
sixth-order case. For the second-order case
let’s use the Qtc equal 10 .9 alignment, which
has fairly high efficiency and desirable shape,
with Qts equal to .39 woofer. Assume, as we
have been, that Km equals 1.077,

t3

2rnd order

Amplitude (d8)

50 100 200
Frequency (Hz)

Figure 8. Frequency response curves for the four systems in Table
6. Curve 2--second-order system. Curve 4--fourth-order system.
Curve 5--fifth-order system. Curve 6~sixth-order system.

Table 6 gives the design values that
resuit,

The frequency response curves for the
four systems are plotted in Figure 8, The
fourth and fifth-order designs give similar re-
sponse. The second-order design has cutoff
frequency comparable to the last two and a
peak of .69 dB. The sixth-order system gives
about a half octave more bass than any of the
others.

Vent Design

Avent has acoustic mass that depends
on its physical length (Lv} and cross-sectional
area [Sv}. The equivalent acoustic length [Lva
is a little longer than the physical length be-
cause the air just outside the ends of the vent
moves too and contributes some mass,

The acoustic mass is proportional to
Lva/Sv. Note that this Is not simply the mass
of air in the vent, which would be propor-
tional to LvaSv. The area Sv goes in the de-
nominator because smaller vent area means
higher acoustic mass; in a small vent, the air
has to move faster through the vent for a
given volume flow,

Thiele has given us {Ref. 1):

Lya /Sy = 2697/(szvab)

where Lv is in inches, Sv in square inches, and
Vab in cubic feet.

Most vented systems use a duct
mourited in the front panel as in Fig. 1. For
this type of vent,

Lyg=by t.8234/5y

where the second term is the correction for
the air at the ends.
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If the vent is simply a hole in the front
panel--which is sometimes the case for large
enclosures--then:

Ly =Ly +.9984S,

where Lv is just the thickness of the panel and
the second term represents the air around
the hale, which contributes most of the mass,

Thiele got these formulas from Langford-
Smith, Ref. 13. Langford-Smith got them from
Plach and Williams, Ref. 14. The formulas
agree with Beranek’s data (Ref, 15, p. 132},
Nevertheless, it's a good idea to make your
vents adjustable, just in case. You can adjust
plain-hole vents with a sliding shutter to vary
Sv, and duct-type vents by trimming the duct
length.

Let’s design a vent for the fourth-order
systemn using the WBO08R that was described
in Example 4. See Example 13,

For unobstructed airflow, we need
clearance between the end of the duct and
the back panel at least equal to the duct
diameter, 3 inches. So if the inside front-to-
back dimension of the enclosure is 13 inches
or more, that will be fine.

We have made plans for a narrow,
tapered enclosure as shown in Fig. 9. {When
peopie ask why it’s narrow at the top, teli
them that the narrow front panel area
around the tweeter reduces diffraction
effects from the cabinet edges and provides
better imaging. {The reai reason is that we
want a speaker that iooks like one Starbuck
and Boomer would have.}

Examining the equation for Lva/Sv, the
first equation in this section, you will see that
the greater the area of the pipe, the longer it
must be. While it might seem the smaller the
duct the easier it is to make, in small ducts the
alr velocity gets high and “wooshing” noises
and lower box Q can restit. We recommend
that you make the vent as large as practical, 3
inches in diameter at least if possible.

Once you've built the enclosure and
vent, it is not difficult to measure fb and ad-
just the vent to correct it if necessary. At the
box resonant frequency, the woofer cone
motion is minimum, so any method of detect-
ing minimum cone motion will enable you to
identify fb if you have a calibrated sine wave
oscillator.

Two possible ways:

i} Put a sound level meter [or
microphone with amplifier and meter) up
to the woofer cone and find the fre-
quency at which woofer output {not total
system output] dips.

2) When the woofer’s cone motion is
minimum, its impedance s minimum,
Find the minimum-impedance frequency
between the two resonant impedance
peaks a vented system displays. Refer-
ence 12 tells how to measure the
impedance.
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EXAMPLE 13. A vent for a speaker system with

Yab =
b a 26,5 Hz

2.29 cu. ft,
f
Therefore:
2
L,a/8, = 2697/(£,"V,p)
= 2697/126.5% x 2.,29)
= 1.677 in,71
Hote that L__/s, has units of
reciprocal inches, in.71
1f we use a 4-inch dlameter vent, then

s, = (w/90% =

v 12.57 sq. in.

Lya = [Lya/8y18, =

= 20,95 in.

1.677 % 12,57

700 long. We can elther use a passive
radlator--it's easier to get enough acoustic
nass with a solid diaphragm in the vent than
alr--or try a smaller diameter duct.,

Por a 3-inch diameter vant,

Sv =

Lya =

This 1s pore reasonable. The ond

(r/4) x 32 = 17,07 sq. in,
1.677 x 7.069 = 11,86 in.

correction will be
.823Jsv = ,823Y7.06% = 2.19 in.
Therefore,

B, = L, - 2.1% = 11.86 - 2,19 =

.67 in.

Limitations of the theory

All this theory is based on the
assumption that the woofer is a rigid
piston, that is, ail parts of the cone move
in unison and the cone does not flex (ex-
cept at the surround, of course).

Perhaps, we should have titied this
section “Finding woofers that fit the
theory”. The theory applies best to woof-
ers with heavy, strong cones, It works
better with small drivers, which tend to
have fairly rigid cones compared to their
weight, than with larger drivers.

AJso the theory applies so long as the
pressure in the box is not too high; in a
very small sealed box, for example, the air
pressure tends to “clamp” the outer pars
of the speaker cone while the center re-
gion and voice coll move independently.
The same thing happens with very-high-
QO box resonance; the cone becomes im-
mobilized due to large box “back pres-
sure”™ but the voice coil can move anyway.
Thus alignments that result in very high
box pressures are the most critical. Alas,
these are also the alignments that provide
the most extended bass in small boxes;
copious low frequency bass radiation is
associated with large air volume flow in
and out of the box, creating high pres-
sure, The better the alignment, the more
important the need for a rigid cone
structure.

tweeter

O

vent

woofey

Flgure 9. Speaker system designed according o Examples 4
and 13. The enclosuré Is 30 In. high and 16 in. deep. It s &in.
wide at the top and 16 In. wide at the bottom which gives [with
3/4-in thick walls] an intermnal volume of 227 cufu

Woofer cones made with a “'sand-
wich” type of laminated cone construc-
tion, or reinforced with some materiai
such as Speakerlab‘s Polylam™ cone treat-
ment, are more rigid than plain paper.

For most woofers 12-inches in diame-
ter or less, with strong cones, systems
designed to the theory will work weil;
errors just change the performance num-
bers a litde. In many calculations the er-
rors are self-cancelling. Cone flexing
raises measured fs, Qes, Qts, and Vas.
These errors tend to cancel out in calcula-

fions involving  efficiency,  Small's
equation Zpr 3y

N o ATA45 Vo

0 ¢ 3Qas

suffers the most. It tends to give un-
realistically high efficiencies—off by a
factor of two or more--for woofers with
fiexible cones. Designers  sometimes
calculate the efficiency of available woof-
ers from published specifications for fs,
Vas, and Qes, but the results can be mis-
leading. A woofer with a large diameter,
light cone will have large fs and Vas and
get a high rating from this equation; un-
fortunateily, such woofers are most prone
to cone flexing, and the actual efficiency
will be much less than calculated. Sensi-
tivity ratings [usually expressed In terms
of dB SPL at 1 meter, I watt] are a
more reliable gauge of woofer efficiency.

Units

We have used English units: {cubic
feet, etc) throughout this chapter be-
cause that is what the table saw is marked
in. Since the alignment tables give the
design parameters (f3/fs and so on} in di-
mensionless ratios, however, you <an
also use metric units and everything will
come out all right; if your woofer specs
have Vas in cubic meters, for example,
then when you multiply that by Vab/Vas
to get Vab, the iatter will come out in
cubic meters.




Pitfalls

There are a number of pitfalls that
often trap first-time speaker designers.

To beginners, Neville Thiele's Align-
ment No. 5 (Ref.1) iooks the best because
it calls for a very simple design--a woofer
in a vented box. However, as we polnted
out earller, speakers designed to this
alignment are unusually susceptible to
turntable rumble because the cone is un-
loaded at subsonic frequencies.

Half-Truth no. 1: “Vented speakers
have less cone travel”. This one keeps
appearing in print by authors whe should
know better. It’s hard to see how it got 50
far, since there are plenty of wvented
systems around where you can see the
cone bouncing like crazy. We can only
guess this is another case of the power of
the printed word over visual evidence.

The truth is that only in their useful
frequency range do vented systems have
less cone travel. Below the low frequency
range limit cone motion rises again, as
can be seen in Thiele’s Figure 10 of Refer-
ence 1. So in order to get maximum
power-handiing capability and minimum
distortion, a filter or equalizer of some
kind is usually needed to eliminate sub-
sonlc noise.

Vented-system cone  displacement
continues to rise as you go down in fre-
quency, being limited at DC only by the
cone. suspension  compliance.” In the seai-
ed system, on the other hand, cone
motion is limited by suspension compliance
plus air stiffness in the seled box and is held to
a reasonable limit with or without additionat
filtering. :

Haif-Truth no. 2: "Vented speakers
are 4.5 dB more efficient for the same low
frequency response and volume,”

This one started with a truth
published by Richard Small in Ref. 8. He
compared  Thiele’s fourth-order  But-
terworth alignment, No. 5, to the sealed-
box second-order Butterworth (B2) align-
ment, and ohserved that the Alignment 5
system was 4.5 dB more efficient. This
conclusion is perfectly valid, so far as it
goes, Alas, many people have gone a step
further and assumed that this means that
vented systems are in general more effi-
cient than sealed ones.

Not so. All fourth-order vented
systems are less efficient than Thiele's
theoretical Butterworth alignment, and
most sealed systems are more efficient
than the B2 alignment. Vented systems
suffer because the theoretical alignment
does not take account of energy losses in
the vent. it is these [osses that make Qb
finite (typicaily 7} rather than infinite,
Vent losses reduce the efficiency by
about 2dB.

In sealed designs, on the other hand,
a very efficient alignment, and the one
most  acoustic-suspension  speaker mak-
€rs use, is the alignment with Qtc equal to
1.0. It is about 1.7 dB more efficient than
the B2 [Qtc equal to .707) alignment.

Thus the efficiency difference be-
tween real vented and sealed systems is
reduced to only about 0.8 dB, or 20%, or
for the same efficiency and low-end
cutoff {-3dB down) frequency, the vented
box’s volume can be 17% less. However,
this does not take account of the volume
taken up by a ducted vent, and in most
small systems the vent indeed must be
ducted, adding to the volume required.
Under close scrutiny, the 45 dB ad-
vantage of the fourth-order wvented
system over the sealed system nearly
disappears.

Half-Truth no. 3:*‘Some higher-order
lequalized} alignments are extremely effi-
cient.”” This one comes from the defini-
tion of “efficlency” used, where effi-
ciency is taken as the midband efficiency.
Some of the alignments with very high
midband efficiencies require consider-
able bass boost. This demands extra
power from the amplifier, and the effi-
ciency rating makes no allowance for this
extra power required. When you do allow
for it, it becomes obvious that the amaz-
ing efficiency rating is only fllusory. Thiele
made note of this in his original paper [p.
188, Ref. 1), but many other people have
neglected this point.

Untruth no. 4: No. 3 also comes in
another, even worse version: “You can
make a speaker system more efficient by
porting the box”. Given the woofer, the
type of enclosure has no effect on effi-
ciency; the efficiency is determined by
the woofer alone. What you can get by
indiscriminantly porting a box is a nice
boomy resonant peak, which will indeed
imake the speaker sound louder if you like
maximum noise and minimum accuracy.

Where venting a system really pays off
is in the sixth order (equalized] systems.
These do indeed provide substantially
more bass response for a given system, at
the cost of Increased design complexity.
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Chapter 6:

The bass reflex, once famous for the
stomach-shuddering bass it couid deliver
from a gargantuan box (and the hemia
yot got from moving the box} has been
long overshadowed by the miniscule
acoustic suspension speakers. But now
bass reflex is back again, smaller but
better.

The old boom-box builders used to
live by one rule: BIG. Their favorite saying
was, “"the only substitute for cubic feet in
a speaker enclosure is more cubic feet.”
And it worked. Those immovable mono-
fiths reafly put out the bass, if you had
some place to put them.

Now an Australian, A N. Thiele, has
found out how to build the old rafter-
fattlers in 2 reasonable size (Rel. 1)
Others attempted to reduce the size by
going to ducted ports and high comp-
liance waoofers, but all they did was find a
new way to make a “leaky acoustic
suspension.”  Acoustic suspension  thigh
compliance} woofers have a nasty
tendency to seif-destruct when used in a
non-airtight box. They count on the seal-
ed air to act as an “air spring” and provide
the restoring force that the ultra-loose
cone suspension lacks. In an unsealed
box the cone travels too far and the
woofer eventually tears itself apart.

Thiele made two discoveries through
mathematical analysis. First, the self-
destructive cone-flopping you see in bass
reflex occurs at ultra-low subsonic fre-
quencies mostly generated by tumtable
rumble and other forms of noise. You can
filter these frequencies out with no loss in
reprodiction accuracy.

Second, the port of the small bass
reflex has the ability to put out super bass
under special circumstances. Although
the low frequency port radiation is nor-
mally a few dB lower in amplitude than
radiation over the rest of the spectrum
(because the port is ducted), the port can
still put out the huge air volume flows
needed for solid low bass. The port must
be ducted in the small bass reflex because
the mass of air in the port must be in-
creased to counteract the effect of smail-
er box volume. The inertia of the in-
creased air mass makes it harder to move,
but can be overcome.

Thiele's cure for both  these
problems—cone-flopping and  reduced
bass sensitivity-—is an equalizer. The
equalizer cuts out the destructive sub-
sonic energy and boosts up the bass
around the critical port radiation fre-
quencies. With conventional speakers,
bass boost often just overdrives the cone
and increases distortion. Thiefe demon-
strated that if the boost is applied to the
bass refiex around the port resonant fre-
quency, where cone motion is minimum
and port radiation maximum, the speaker
can radiate tremendous energy with little
increase in distortion.

36

Jass Reflex Equalizer.
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Flgure 1. BASS REFLEX EQUALIZER. The cireuit Is a secand order highpass fiiter, which cuts out subsondc frequenies and boosts
frequencies around the bass reflex port resonance. Each operational amplifier is one section of the 4737 dual op amp Integrated circuit,
Capaditors C2 and C3 control the characteristic frequency and potentiometer R4 controls the peak height. The vatues of C2 and C3 shovm
give a characteristic frequency of 34 Hz. The maximum peak height is about 9. 08.

For the equalizer Thiele recom-
mends  second-crder  highpass  filter
{which calls an auxiliary circuit). He gives
three reasons for using the equalizer:

1) it reduces the speaker cone motion

2) it reduces signal energy below the

cutoff frequency of the system,
thereby avoiding wasting amplifier
power in this region.

3) it extends the low frequency re-

sponse of the system

Equalizer Design

The equalizer goes in the signal path
between the preamplifier and amplifier.
Nearly all modem preamplifiers and
stereo receivers come equipped with a
tape monitor circuit which is very con-
venient for accomplishing this.

A suitable design for the equalizer is
shown in Figure 1. This circuit is de-
scribed as a “high pass second order filter
of the controlied source type” in the
standard texts on active filters [Ref. 2}.
This kind of filter has three characteristics
that make it ideal for use with the bass
refiex: a sharp cutoff at the low end to
eliminate subsonic energy, a controllable
peak in the response at low bass fre-
quencies to exploit the port radlation,
and flat frequency response from 100 Hz
up that leaves the rest of the frequency
spectrum unaffected.

Use of an integrated circuit dual op-
erational amplifier, the 4739, makes con-
stiuction of the clreuit relatively simpie,
The pinout of the 4739 is shown inFig. 5.

The circuit shown in Fig. 1 has a
characteristic  frequency, which Thieje
denotes faux, the auxiliary frequency, is
controlled by the two capacitors C2 and
C3 which are equal in value. To obtain any
desired characteristic frequency use the

formula
23.2
C2=C3= F
aux
where faux is in heriz and C2 and C3 are in
microfarads. Figure 2 compares the re-
sponses of the filter for different peak
height settings. We set the characteristic
frequency at the unusually high value of
154 Hz (C2 and C3 equai to 0.15 uF] for this
measurement so the low frequency roll-
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Flgure 2. Frequency response of the equalizer with different peak
helght potentiometer settings. The characteristic frequency is 154
Hz in all three case&‘l‘hesl;ght rise at 2.2 kHz & an error in the test
equipment, not a characteristic of the equalizer.

off of the filter would be well within the
range of the analyzer and fully displayed.

At large peak heights the peak fre-
quency approaches faux, the
characteristic frequency of the filter, but
at lower peak heights the peak frequency
tends to be considerably greater than
faux. This s a normal characteristic of a
second order highpass filter. The peak
frequency becomes very difficult to mea-
sure accurately for peak heights below
about 5 dB.

The two RC networks Ci-R1 and C4-
RS also contribute some fow-frequency
rofloff—about 2 dB at 3 Hz. Their main effect
is to make the cutoff of subsonic energy a
little sharper.
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BASS REFLEX EQUALIZER 575—PARTS LIST

1- Circuit card {opticnal)

I- 117 V primary, 24 or 25 VCT secondary, 85 mA [or more) transformer.

4- IN4002 or ather 100V, 1 A [or greater} rectifying diodes.

4- 1000 uF, 25V or greater electrolytic capacitors.

1- LED [Light Emitting Diode) for ON indication.

2- Raytheon or Exar 4739 Integrated circuit operational amplifiers.

2- 14-pin dual-in-line IC sockets {optional),

2- 100.0hm trim pots for maurting directly on printed circult board (altematively you can use one
100 ohm dual-ganged, 1/4\ or greater, pot for panel-mounting).

2- 150 ohm, 5%, 1/4W carbon film resistor {color code: brown-green-brown-gold).

4- 1K, 5%, 1/4W carbon film resistor [brown-black-red-gold].

2- 47K, 5%, 1/4W carbon film resistor (yellow-purple-orange-gold).

4- 100K, 5%, 1/4W carbon film resistor {brown-black-yellow-gold].

1- 1K, 5%, 1/2V/ carbon composition resistor [brown-black-red-gold}—goes next to LED.

2- .10 uF, 25V or greater capacitor.

2- 47 uF, 25V or greater capacitor.

4- .68 UF, 25V or greater capacitor,

4- phono {RCA} jacks for inputs and outputs,

1- on-off switch {optional if unit is plugged Into a switched outlet),

1- fuseholder and 1 A fuse.

1- line cord and plug.

Figure 3.

circuit.

COMPLETE SCHEMATIC of the Bass Refiex Equalizer 575. This Is 2 canvenlent parts layout for those of your handwriting the

Constructing the Equallzer.

The complete schematic and parts
list for the Bass Reflex Equalizer is shown
in Figure 3. We have given it a title—the
575. It is stereo and includes the power
stipply needed to power the integrated
circuits.

For those who have equipment for
etching their own printed cireuits, a pro-
ven design is given in Fig. 4, shown in
actual size. Fig. 5 shows where the parts
fit on the board.

Here are a few hints on construction.
Beginners should use only first-quality
parts, Bargain integrated circuits supplied
by electronics hobby stores and mail or-
der outfits usually owe their low price to
the fact that they were refected by some-
body for substandard performance.
Electric current is invisible, so uniess you
have test equipment (and the experience
to use it} you will not be able to debug a
circuit that does not work because of a
defective part.

Use good soldering techniques. To
get good solder joints, use 60/40 rosin
core electronic solder and make sure the
conductors you are soldering are clean.
The more actual metal-to-metal contact
between the conductors, the stronger
the joint will be. Put a little solder on the
tip of the iron to wet it so it will conduct
heat to the joint. Put the iron against the
Joint, heat it, then flow solder into the
joint. The joint itseif should be hot—hot
enough to melt the solder. However,
when the copper foil conductor of a
printed circuit card is over-heated, its
bond to the board relaxes and the foil lifts
off, frustrating any good mechanical
Joint. Do not melt solder onto the tip of
the iront and then carry it to the joint—this
Burns the solder and makes a poor joint.

Troubleshooting—if you get no sig-
nal at the output of the equalizer, mea-
sure the voltage at the output pins of the
integrated circuits {IC’s). The output of
any operational amplifier (op amp), with
no signal at the input, ought to be within 1
volt of ground. If it isn’t, the IC will prob-
ably be “locked up” close to either the
plus or minus supply voltage. If so, check
the DC current paths at the inputs of the
op amp.

If the bias is OK {output voltage near
0 volts at each op amp with no signaf pre-
sent) and the dang critter still won't work,
put a test signal on the input (a sine or
square generator is handy here) and fol-
low the signal through the circuit with an
oscilloscope. At some point the signal will
disappear—check that stage carefully.

Most of the bugs we find are simple
mechanicai problems——shorts between IC
pins or to the chassis, one voltage supply not
connected, etc. Have a friend look at the
thing—they might see something you can’t.
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\We have built, tested and used the
creuit of Figure 1 and 3, and the
accompanying circuit card of Figures 4
and 5. Whereas the Bass Reflex Equalizer
works well for us when properly con-
structed, we assume no responsibility for
damages incurred as a result of anyone
constructing or using the Bass Reflex
Equalizer.

Hooking up the Equalizer.

Recaiver or Preamp Bass Reffex Equalizer

?ae. Play )
sutput) {Enpt output
Lo oL input

o8B0 oR o

Flgure 8, BASS REFLEXEQUALIZER 575 printed circuit card. Thisboard is 4-3/4" x 7-3/8" measured from comner targets Views shown from
bottom, copper clad side,

cehg

PLUG 117V 24V

center-tapped 1000 uF

1000 uF 1000 uF
85 mA, 25V 26V 25V BV

1000 uF

i1 an-JJ
i Left Output

{CW rotation increases amplitude)

b

HCOK UP THE BASS REFLEX
EQUALIZER 575 into the tape monitor
circuit of a receiver or preamp as shown
above, The arrows show the direction of
signal flow. Labels used on receivers for
the tape circuit input are  PLAY,
MONITOR, ON, or TAPE IN. Labels used
on receivers for the tape circuit output
are RECORD, REC, or TAPE OUT. if you
have no tape monitor circuit you can in-
sert the equalizer between the preamp-
lifier and power (main} amplifier by using
the PREAMP OUT and MAIN IN jacks on
the receiver or integrated amp.

Recalver or Praamp Bass Raflex Equalizer

Aec. Play
(output} {input} autput  input
O L O oL o

—O R O— QRO

Figure 5. BASS REFLEX EQUALIZER 575 parts layout on circult card [top view). Be sure to orient the integrated dircuits, electrolytic
{lafge 1000 UF/25V) capacitors, diodes {1N4002), and LED correctly as shown. The integrated circuits are oriented by the notches at
one end. The electrolytic capacitors have positive or negative signs at one end or the other. The diodes have a band at the cathode
end. The LED's cathode will be the lead marked by a fiat spat or notch on the dm on the kens, of will be the shorter lead. The
phono jacks can be either mounted through holes centered on the asterisks shown on the crauit card paltern of can be
chassis-mounted. If mounted on the circuit card, be sure to connixt the phono Jack common terminals together, and then make a
cm;\ection from there to the point marked “grid” on the printed dircult card, shown here by a fine along the bottom edge of the
card,

Tape Deck

input output
LT ©,0— i

OHG

iF YOU WANT TO USE A TAPE DECK as
well as the equalizer, and your receiver
has only one tapemonitor circuit, you
can hock up both units as shown above.

.




Using the Filter.

Thiele gives design formulas for bass
reflex systems that use the equalizer.
However, from our point of view his maj-
or accomplishment was showing the tre-
mendous bass potential of reflex designs,
not his measurements and formulas on
how to do it. His design methods are
quite complex and require knowiedge of
speaker parameters supplied by only a
few manufacturers, [Speakerlab is one
that does supply the parameters.) You
may want to build a system using a woofer
which has unknown parameters. For trial-
and-error design we have a real time
analyzer that gives us a continuous dis-
play of a speaker system's frequency re-
sponse while we make adjustments on
the system. We can vary the vent of a bass
refiex and find the optimum size in a few
minutes,

You may not have a real time analyzer
but you can still work by trial and error
and get some pretty good results if you
have a good ear. This may not sound very
scientific but it is in fact the way many
speaker systems, and even some great
ones, were designed.

Take a bass reflex system that already
performs well and hook it up to the filter,
or even just put a likely looking speaker in
a fairly plausible box and adjust the vent
until it sounds best.

Then hook up the bass reflex equai-
izer. For a start you might use C2 equals
C3 equals .47 uF so faux equals 49 Hz. Run
the peak height up and down and see
what happens. If this has no effect on the
sound, faux is too low—raise it. If varying
the peak height definitely affects the
sound but does nothing to improve it,
faux is probably too high—reduce it. If
large peak heights make the bass over
strong but solid, you're in the balipark.
Reduce the peak height to where you get
maximum realistic bass. When you get it
set right, bass will go fow and be solid,
and the visible cone motion wili be sub-
stantially reduced below what it is with-
out the filter,

This approach will not give an “op-
timum™ design, merely one that is dang
good. Each of Thiele's alignments is op-
timum in the sense that each satisfies some
different mathematical criterion. A trial-
and-error  design will satisify only one
criterion—exceilent performance,
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