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T
he Zen Amp concept explores
how well you can make a sim-
ple audio amplifier perform. It
makes for an interesting illus-

tration of design technique, since more
complex circuits are inevitably com-
posed of collections of simple circuits,
and it is well recognized that the opti-
mization of these simple sub circuits is
usually the key to getting the most out
of the larger circuit.

Apart from that, there is aesthetic
pleasure in rendering a device in a sim-
ple way. Also you find thatother
things being roughly equalsimple cir-
cuits sound better musically. The Zen
series has so far demonstrated that sin-
gle gain-stage amplifiers have enough
stand-alone performance to justify their
use in audiophile applications. There is
no reason why we can’t go on from here
to build two and three gain-stage cir-
cuits, but we have not yet exhausted the
possibilities for single gain-stage ampli-
fiers, and so we will explore some more.

COMPLEMENTARY DESIGN
Previously we have limited ourselves to
single-ended Class A amplifiers, but it’s
time to try a complementary (push-pull)
design. Since this is supposed to be a
tutorial series, we need to ask the pri-
mary question, “What is meant by com-
plementary operation and why do I
want it?”

If there is only one gain device, there
cannot be complementary operation. If
there are two gain devices, you can op-
erate them in oppositionone of them
conducting more current while the
other one conducts less current and
vice versa. While this still constitutes
one gain stage, the two devices give

more gain and power, and in addition
certain types of distortion (principally
second harmonic) tend to cancel.

The reason for distortion in an ampli-
fier is pretty much due to the variation
of gain of the active devices over their
operating curve. As a transistor or tube
experiences greater and lesser voltage
and current over the audio waveform
its gain changes, producing distortion.
If an oppositely operated device has the
same sort of character but is operated
in reverse, the distortions of the two de-
vices tend to cancel each other out, and
you get better performance. This effect
is useful, although it is largely limited
to second harmonic (non-symmetric),
and does not help out at all on odd-
order (symmetric) distortions.

Technically, the Son of Zen project
(TAA 2/97) is a complementary stage by
virtue of having two sin-
gle-ended stages, one on
each side of the loud-
speaker. This has been oc-
casionally referred to as a
“balanced single-ended”
amplifier, and isn’t what
you normally think of
when you refer to a push-
pull amplifier. However, it
does benefit from the
same distortion cancella-
tion mentioned previously,
and its character is partly
the result of the comple-
mentary operation of the
transistors.

COMMON DRAIN 
OPERATION
Routinely, designers pro-
duce single-stage comple-

mentary voltage follower amplifiers by
using devices of opposite polarity types
with both a plus and a minus supply
voltage (Fig. 1), where two MOSFETs
operate in “Common Drain” mode, and
the signal goes in the Gate and comes
out the Source. The circuit has current
gain, but not voltage gain, and is simi-
lar to many of the output stages of ordi-
nary multi-stage amplifiers in which a
previous stage has done all the voltage
amplifying you need.

It operates by having the Source pins
of the MOSFETs connected to the out-
put, where they tend to follow the volt-
age presented to the Gates. A bias volt-
age is required between the input of the
amplifier and the Gates of the
MOSFETs in order to put the Gates of
the MOSFETs in the proper DC posi-
tion. A MOSFET requires about 3−4V
DC between the Gate and Source before
it will start conducting, and by adding
this to the input, you avoid losing the
first 3 or 4V of the input signal.

For driving loudspeakers, you usual-
ly want the amplifier to have both volt-

Sticking with single gain-stage ampsthis time with a push-pull

designthis series proves once again that simpler is better.  

By Nelson Pass

Zen Variations, Part 5:
The Complementary Zen
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FIGURE 1:
Complementary follower.





age and current gain. It is a rare pream-
plifier that will output the full voltage
needed, and this leaves the follower cir-
cuit of Fig. 1 useful only in a limited
number of cases.

COMMON SOURCE OPERATION
To get both voltage and current gain,
the amplifier will be operated in
“Common Source” mode, in which the
input goes into the Gate and comes
out the Drain. Figure 2 shows a sim-
plified complementary version of
such an amplifier. Q1 and Q2 are both
driven by the same input signal, but
because one is an n-channel device
and the other a p-channel type device,
their reactions to the input are oppo-
site. If the input voltage is positive in
polarity, Q1 conducts less and Q2 con-
ducts more, and the output voltage
goes negative, making this an invert-
ing type amplifier.

R1 and R2 form the input and feed-
back network of the amplifier, and the
gain of the circuit will be slightly less
than the ratio of R2/R1. On the positive
side, R3 and R5 form a network that
sets up the proper DC voltage bias for
the Gate of Q2, meaning 3 to 4V across
R3. Similarly on the negative half, R4
and R6 set up bias for the Gate of Q1.

C1 and C2 conduct the input signal
to the Gates of these MOSFETs while
blocking this DC Gate bias.

MORE PARTS!
Figure 2 will work just fine as it is, but
it’s usually more convenient to add
some little touches for extra stability.
Figure 3 shows a more detailed
schematic designed to make life easier
for those of you fearless enough to
build this amplifier (and I certainly
hope you do). First off, never use MOS-
FETs without some resistance in series
with the Gate pins, else they might just
fly away with parasitic high-frequency
oscillation all by themselves, and so we
have R7 and R8 to damp out that possi-
bility. The value is not at all critical
somewhere between 100 and 500Ω will
do the job.

Also, you will notice that we have
added Source pin power resistors to Q1
and Q2. These help stabilize the DC
bias a bit, and also give us convenient
spots across which we can measure the
current flow through the circuit. 

In this case, I have chosen two paral-
lel .47Ω 3W resistors to form a 6W
.235Ω resistor (because the Digi-Key
catalog offers only the inexpensive
metal film Panasonic power resistors
down to .47Ω). Like the Gate resistors, a
wide range of values will work fine. I
suggest between .1 and .5Ω, keeping in
mind that they should be able to handle
as much as 4A without overheating. All
the rest of the resistors will be happy at
.25W ratings, and none of them are crit-
ical in value except R3 and R4.

In a real amplifier, R3 and R4 as-
sume critical values, as they sensitively
control the bias current through the
amplifier. We want this bias current to
be in a well-defined range, as it bears
strongly upon the performance and
also the heat dissipation of the circuit.
Too little bias current gives high distor-
tion, and too much will cook the tran-
sistors. As a consequence, R3 and R4
are adjustable resistors (potentiome-
ters) which will be used to set up the
bias current exactly when the finished
amplifier is first tested.

Note in Fig. 3 that C1 and C2 have
now assumed some values and are po-
larized electrolytic-type capacitors. I
have no objection to film-type capaci-
tors, nor is there any reason not to by-
pass the 47µF electrolytic caps with
your favorite lower value film types. C1
and C2 should be rated at least the
value of the supply voltage, and I rec-

ommend 35V minimum for this project.
Q1 and Q2 are not particularly criti-

cal as to type. I use IRFP240 and
IRFP9240, which work fine, are com-
monly available, and are not too expen-
sive. Many other types will work fine.
Matching Q1 and Q2 is not important.

The heatsinking for Q1 and Q2 will
be an important issue, as we intend to
run them between 30 and 75W each, de-
pending on the supply and bias. This is
somewhat higher than we have seen in
the other Zen projects, and even more
effort will need to go into keeping these
devices at reliable temperatures. In
general, we can accept 50 to 60°C on
the heatsink near the transistor mount-
ing point.

The circuit of Fig. 3 is quite sensitive
to power-supply noise and fluctuation.
V+ and V− will need to be stable and
quiet; otherwise, the bias will wander
and noise will appear at the output of
the amplifier.

PERFORMANCE ANXIETY
We built up two separate channels of
the circuit of Fig. 3 and ran a series of
bench tests, measuring characteristics
at different supply voltages and bias
points. Figure 4 shows the total har-
monic distortion and noise (THD+N) for
the amplifier, measured at 1kHz and
driving 8Ω. The regulated supply volt-
ages V+ and V− have been set at 20V
each, and three separate curves have
been run, showing THD+N versus out-
put power in watts for bias currents of
1.5A, 2.0A, and 2.5A. These bias figures
produce heat dissipation for each de-
vice at about 30W, 40W, and 50W, 
respectively.

Figure 5 shows the THD+N for the
amplifier with the regulated supply
voltages V+ and V− at 25V each and
bias currents of 1.5A, 2.0A, and 2.5A,
dissipating about 37W, 50W, and 62W,
respectively, for each transistor. In Fig.
6 you see the same test, but with the
supply voltages raised to ±30V, and the
dissipation at about 45W, 60W, and
75W for each transistor.

From these curves we find perfor-
mance that is roughly similar to the
Zen Variations 2 project (July ’02), with
a bit more distortion but also a bit more
power. There is not a lot of variation in
performance between 1.5A, 2.0A, and
2.5A bias, although the higher bias
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FIGURE 2: Simplified circuit.



tends to sound better and is also better
with low impedance loads. Bias at only
1.0A gave much higher distortion
under all conditions, and so 1.5A is the
minimum recommended bias current.

The harmonic character of distortion
is primarily second harmonic at lower
wattages, in spite of this being a com-
plementary circuit, and reflects the im-
precise matching of the complementary
devices. Because the devices are slight-
ly different in gain variations, asymme-
try appears in the distortion waveform,
producing even-order harmonics. At
power levels above a couple watts, third
harmonic and other odd harmonic
components start to dominate, and of
course at some point the circuit simply
clips pretty much like any other amp.

Figure 7 shows the THD plus noise
from 20Hz to 20kHz measured at 1W
and without filtering. The distortion
climbs at the highest frequencies and is
essentially doubled at 20kHz. The fre-
quency response was measured as 
−3dB at about 10Hz and 100kHz.

The output impedance of the amplifi-
er is relatively high, approximately 2Ω,
giving a damping factor of about four.

This is gain dependent, and improves
inversely with gain, so that a higher
value of R1 proportionately increases
the damping factor.

QUIET, PLEASE
The ZV5 is much more sensitive to sup-
ply noise than other amplifiers, and
this is because the input AC signal is
referenced not to ground, but to the AC
value of the supply rails. To the extent
that the supply ripple noise is symmet-
ric, there is some cancellation, but what
remains is still amplified by the gain of
the amplifier. Typically you will find
that the value of the noise on the sup-
ply is comparable to the noise that ap-
pears at the output.

This means that the Complementary
Zen requires a very quiet supply. Given
a quiet supply, however, the noise fig-
ures are astonishingly good on our
sampleson the order of 18µV over the
audio band. As a rule, commercial man-
ufacturers are happy with ten times
that amount.

Providing the appropriate supply for
this circuit is an exercise in big hard-
ware. Usually when you say this you

mean big transformers, capacitors, and
heatsinks, but in this case you mostly
mean big capacitors.

Alternatively, you could design an ac-
tive supply using switching, feedback,
and other techniques to get the appro-
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Great Britain: 29 Drake Avenue Penkridge Stafford ST19 5UA tel 0 1785 711232
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FIGURE 3: Complementary Zen.



priate voltage and current at the noise
levels you want. You want a source im-
pedance around .05Ω or less and noise
around 10µV or less. I leave this ap-
proach to you as an exercise; this arti-
cle does it the big, dumb way.

Figure 8 shows the schematic of
such a power supply. In many ways this
is typical of the power supplies for the
Zen amps, but it uses all the tricks to
get low noise and low source imped-
ance. Big as it is, this supply is meant
for one channel only, as any signal im-
pressed on the supply by one channel
will show up on the other channel.

PRIMARY SCHOOL
Because the design of this circuit is
flexible enough to take advantage of a
range of supply levels, we cannot speci-
fy a particular transformer, and so we
will go through a quick exercise to de-
termine what we need.

The power transformer will need to
have the voltage and current rating ap-
propriate to the draw of the circuit. In
general, you should use a transformer
whose VA rating is more than twice
that of the circuit draw.

The rule-of-thumb formula for the se-
lection of the transformer is as follows:

VA rating (watts) = 2.5 * 2 * (regulated
voltage + 8) * bias current

For the example of ±20V at 1.5A (the
smallest example) you get:

VA = 2.5 * 2 * (20 + 8) * 1.5 = 210W

For the example of ±30V at 2.5A (the

largest example):

VA = 2.5 * 2 * (30 + 8) * 2.5 = 475W

Remember, this is per each channel!

SECONDARY SCHOOL
You want the unregulated supply com-
ing off bridge rectifiers B1 and B2 to be
about 8V higher that the desired regu-
lated supply, and that is why you see
the number eight added to the regulat-
ed voltage in the previous calculation.
Of this 8V, about a volt will be lost to
ripple, about a volt will be lost to DC
across the inductors L1 or L2, about 4V
will be lost from the Gate to Source of
regulator transistors Q3 and Q4, and
you will need the 2V left over to run a
couple of milliamps current through
R13 and R14 to drive the Zener diodes
Z1 and Z2.

A simple way to calculate the sec-
ondary voltages required is to start with
the regulated rail voltage, add the 8V,
add another 3V for bridge and thermis-
tor losses, and divide by 1.4, which will
give you the AC voltage rating of each
secondary winding. For the 20V exam-
ple, you have (20 + 8 + 3)/1.4, which
gives 22V AC.

This figure should be under load; in
other words, this transformer should
deliver this secondary voltage while op-
erated at 200W. If a 10% regulation fig-
ure is called out on the transformer
specs, then consider adding 10% to that
22V AC. When in doubt, buy a heavier
transformer with a bigger VA rating.

You may not get exactly the voltage
that you want, but this is not likely to
be a real problem. You may need to ad-
just your expectations for the voltage
rating of the Zener diodes Z1 and Z2 to

be about 2V less than the voltage 
appearing at the Drains of Q3 and Q4,
and everything will probably be fine. If
you want the difference voltage to be
other than the 2V, adjust R13 and R14
so that the current flowing through
them to the Zener diodes is about 2mA.

Fuse F1 is standard slow blow type
rated at 4A or so (for 120V operation). If
this proves to be too small, then try 5A.
If you are running 240V AC line power,
then you will need to halve that figure,
as well as run the transformer primary
coils in series rather than parallel.

S1 should be a nice, big, high current
rated switch. While it’s true that thermis-
tor TH1 will help reduce large turn-on
current surges, the rating of the switch
should be at 25A and 250V or better.
Thermistor TH1 is a Keystone CL60 type,
rated at 5A steady-state current. Of
course, you can leave both the switch
and/or the thermistor out if you wish;
they are not truly required for operation.

C3 should be a line-rated capacitor,
designed to sit across an AC power line
in safety. You can leave it out also, if you
wish.

B3 is a power diode bridge, and can
be rated the same as B1 and B2, which
are 35A at 200V or so. B1 and B2 clearly
have the function of rectifying the sec-
ondary AC voltage into the unregulated
rails. Some of you will wish to explore
the variety of higher-end types of diodes
that are available for this purpose, and
of course you are encouraged to do so.
The prototype was built with big, dumb,
cheap rectifier bridges with no preten-
sion whatsoever.

In the case of B3, the function is to
provide a connection to earth ground
(the one provided by your AC outlet)
with a small voltage barrier to prevent
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the ever-present ground loop that
haunts many systems. If your internal
ground starts exceeding about .6V
above earth ground, B3 will conduct it
off to earth, keeping you safe from
shock, I hope, in case of transformer
failure or some other mishap which
makes the ground more lively than is
wanted. There are other approaches,
and perhaps you can bypass B3 alto-
gether without picking up noise, but
for safety reasons you should never
disable the earth ground connection of
your system.

You will note in Fig. 8 that provision
is made on B3 for connection to the
ground of another channel sharing the
same chassis. If there is no other chan-
nel sharing the same chassis, you can
leave this pin unconnected, or better
yet, attach it to the same circuit ground
as the other pin.

Capacitors C4 through C8 are rated
at about 30,000µF (or more!) at a voltage
exceeding the unregulated rail voltage
(remember: regulated voltage +8V). You
cannot skimp too much on these capac-
itance values and still get a sufficiently

quiet supply for this amplifier. You can
parallel smaller values if you like, and
of course you can add the always popu-
lar film capacitors for additional bypass.

REGULATION RULES
The MOSFET regulators in this circuit
are simply followers, driven by the volt-
age appearing at their Gates. On a long-
term DC basis this is determined by the
value of the Zener diodes, but fairly
large capacitors C10 and C11 are provid-
ed not only to help filter noise, but also
to provide a very slow startup voltage.

Founded in 1982 as a manufacturer of magnetic
cores for transformers and inductors. In 1993
branched into products minimizing distortion in
fine audio systems.

In 1988 developed Laminax™, composites of foil 
conductors and dielectric film, used as winding 
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used in motors and power supplies 
throughout the world.

Milestones in Audio
1993
GOERTZ™ speaker cables US Patent. 5,393,933
1995
Air-Core Foil Inductors for crossover circuits.
2001
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BP30, Symmetrical, Balanced power supply.

All products are created and manufactured at our
facility in Bridgeport, Connecticut, USA.

www.alphacore.com
Alpha-Core, Inc. 915 Pembroke St., Bridgeport, CT 06608

• 800-836-5920 • 203-335-6805 • Fax 203-384-8120
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ZV5 can draw quite a bit of extra current
if awakened rapidly due to C1 and C2,
and so the 2200µF values for C10 and
C11 give it a gentle wake-up call.

You might imagine that large capaci-
tance would not be needed coming off
the output of the MOSFET regulators,
but in fact they are. Q3 and Q4 are oper-
ated without feedback, and their intrin-
sic “resistance” (the inverse of their
transconductance) is about .25Ω,
enough to produce some undesirable
modulation at AC frequencies. This is
squashed by the 30,000µF of C8 and C9
so that it doesn’t become an issue until

down about 10Hz or so, and by then
your woofer has much bigger problems
than the amplifier.

Note that Zener diodes Z1 and Z2
are chosen to be 4V higher than the
regulated voltage desired. The appro-
priate voltages can be formed by plac-
ing Zener diodes in series, but you
should consider the dissipation each
diode experiences. Typically, each
Zener diode will have about 2mA cur-
rent running through it, and this mul-
tiplied by the Zener voltage forms the
dissipation figure. For example, a 34V
Zener with 2mA current dissipates

78mW (.078W). A nice .5W Zener diode
would do well here, and would be un-
likely to break.

Diodes D1 and D2 are provided to
drain off C10 and C11 quickly when the
power is turned off, else the 20V Gate to
Source ratings of Q3 and Q4 might be
exceeded.

The particular characteristics of L1
and L2 are not very important. They
simply need to hold about 2mH of in-
ductance at a DC current up to 3A or so
without saturating or burning up. Your
standard big coil with fat wire will do
the job, and remember not to locate it
near the amplifier’s input. In fact, with
the exception of C8 and C9, the power
supply in general is best kept at a dis-
tance from the audio portion of the cir-
cuit. No need to get carried awaya
foot or so usually does the trick.

BIAS CHOICES
In previous Zen projects we have tend-
ed to limit the dissipation on the gain
devices to around 25W or so, but in ZV5
we are clearly playing a bolder game,
with dissipation figures as high as 75W
per device.
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FIGURE 8: Power supply (single channel).



The distortion curves of Figs. 4, 5, and
6 clearly show that there is not a big dif-
ference in distortion versus bias figures
between 1.5A and 2.5A, as the curves
tend to cluster together for these figures.

It’s true that in general the sound
does become better with the higher
bias figures, but the heat to be removed
climbs proportionately, and keeping
these devices as cool as possible be-
comes critical when you start exceed-
ing 25W or so dissipation.

Let’s just say it outright: There’s no
such thing as too much heatsinking.
Whatever you think will do the job, go
ahead and double it. Your friends and
neighbors (if not your wife) will stand
in awe of your massive heatsinks, and
probably your transistors will survive a
few years.

And if you find that you underesti-
mated your heatsinks, don’t despair;
any kind of fan blowing air across the
sinks will work wonders.

CONSTRUCTION TIPS
This is a relatively simple circuit you
can easily build with point-to-point
wiring. We will be offering a circuit
board and maybe some parts for sale at
www.passdiy.com, and there is very lit-
tle else that you can’t obtain from Digi-
Key and similar suppliers.

As always, MOSFETs are sensitive to
static electricity, so you should handle
them with some care until you solder
into the circuit. You need to mount the

gain devices to the heatsink with some
care, because the wattage is higher
than usual for these projects, and you
want to remove as much heat as you
can from the chip. Remember that the
metal of the transistor cases are Drain
connected, and unless you have made
special arrangements, you must electri-

cally insulate them using silicone mate-
rial or mica and thermal grease. If you
can devote an electrically isolated
heatsink to just Q1 and Q2, you can dis-
pense with the insulator, as the circuit
connects the Drains of Q1 and Q2 any-
way, and just use thermal grease (com-
puter geeks love Arctic Silver).
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Virtually none of the parts in this cir-
cuit are critical in value, with the excep-
tion of R3 and R4, which are adjustable.
Take care in the selection of poten-
tiometers for R3 and R4, since an open
wiper on either of them will result in
high current and probable failure. If
you get to the point where you can pre-
cisely replace R3 and R4 with fixed re-
sistors, feel free to do so. Outside of R3
and R4, feel free to alter the values of
the parts or use what you happen to
have on hand.

Similarly, a large variety of comple-
mentary MOSFET parts will work per-
fectly well. Don’t be afraid to try them
out. Watch out for the wattage ratings,
and by this I mean never run a part
higher than half of its power rating.
You may find that in rare cases the Vgs
figure is different enough to require a
higher potentiometer range than the
20kΩ of R3 and R4, but this is unlikely.

START ME UP!
At this point, assuming that you have
carefully constructed this circuit,
checked everything twice, and then
again the next day, it’s time to fire it up.

First, set the values of R3 and R4 to
the counterclockwise (minimum resis-
tance) setting. Don’t assume anything;
check it with an ohmmeter, because if
anything will kill this amplifier it will be
R3 and R4 set at maximum resistance.

Ideally it is nice to start an amplifier
up with a full range of test equipment,
monitoring all the voltages and cur-
rents, analyzing the distortion, tempera-
ture and so forth. I like to keep about
eight multimeters, three oscilloscopes,
an Audio Precision System 1, four sol-
dering irons and a fire extinguisher on
my bench. However, I’m going to sug-
gest that you can do this one with a sin-
gle Radio Shack voltmeter with a DC
scale that goes from 1mV to 100V. 

Also it will be helpful to have some
kind of load; some power resistor or
perhaps an old disposable dinky speak-
er (like the crummy one that came with
your computer). We aren’t planning on
sending any real power through it; we
just find that adjustment goes faster
with any kind of load.

You can fully adjust the amplifier by
alternately measuring the voltage
across two points: Output to Ground,
and across the parallel R9/R10 resistors
(going from the Source of Q2 to the pos-
itive regulated supply). The voltage
across the R9/R10 will tell you how
much current is going through the tran-
sistor Q2, and the voltage at the output
to ground will tell you when Q1 is oper-
ating at the same current.

Start out with the DC voltmeter on
the 2V scale, and attach the probes
across R9/R10. Turn the AC power on,
and stand back. After there is no explo-
sion or fire, check to see that the volt-
age read by the voltmeter is 0 or maybe
only a millivolt or so. If this is the case,
check to see what the voltage at the out-
put to ground is. It also should be quite
low0 to a few millivolts.

If these voltages are 0 and the fuse
hasn’t blown, then you are halfway
home. Check the unregulated and regu-
lated supply voltages and confirm that
you really did turn the amplifier on.
Confirm that there is about 2V across
R13 and R14 and the voltages across Z1
and Z2 and that the regulated supply
voltages are about 4V less than the
measured Zener voltages. It takes a lit-
tle while for C10 and C11 to charge, so
don’t become excited if these voltages

take 10 or 20 seconds to settle in.
Go back to R9/R10 and begin slowly

turning R3 clockwise until a few milli-
volts DC appears across R9/R10. Then,
looking at the DC voltage from output
to ground, slowly turn R4 clockwise
until the voltage goes from some milli-
volts positive to about the same num-
ber of millivolts negative. Repeat this
procedure, increasing the value of R3
slightly while measuring the DC across
R9/R10 and then increasing the value
of R4 while measuring the DC output
voltage.

Ultimately, you will want to arrive at
some stable DC voltages across R9/R10
while also having an output voltage
near 0. Assuming that you have chosen
R9 and R10 as .47Ω each, the following
voltages will correspond to the desired
range of bias current:

353mV = 1.5A       470mV = 2.0A
588mV = 2.5A

As the amplifier warms up, you will
need to trim these values, alternately
adjusting for the voltage across R9/R10
and then for 0V DC at the output. This
procedure could take a half hour,
maybe more, to get just right.

How much output offset voltage is
too much? More than 100mV, in my
opinion. As a rule, you should be able
to stabilize this circuit stable within
50mV after warmup.

CONCLUSION
This is a very good-sounding amp. It
sounds most like ZV2, but with a bit
more power and a little more punch on
the bottom. Whether it is actually better
or not is a matter of taste. At higher bias
currents, it definitely delivers more into
lower impedance loads. As of this writ-
ing I’m driving a set of Jordan 92s
mounted into rear-loaded horns (the up-
coming J-Horn project). I believe I could
live with this for a couple of years.
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BY CHARLES HANSEN
I recently bought a “pre-owned” Peavey
TKO 80 bass guitar amp, vintage 1980.
It is certainly well-used, with a tear in
the grille cloth, but the electronics are
in working order. The driver is dusty
and has mildew residue. The Tolex cov-
ering is shot, and most of the nickel-
plated parts have rust on them (Photo
1). It’s what Guitar Player magazine
might call a “pawnshop prize.” Howev-
er, I have owned two other Peavey gui-
tar amps, which have a well-earned rep-
utation for bulletproof reliability. There-
fore, I thought it was worth restoring. 

The Parts Express catalog is filled
with musical instrument, hi-fi, and car
audio loudspeakers. Confusion reigns
when it comes to choosing, so I contact-
ed G. R. Koonce, who has much more
experience in driver selection.

Peavey has a more recent 80W ver-
sion of the TKO 80, which uses their 12″
“Blue Marvel” driver in a vented cabinet.
My first attempt to order the TKO 80 user
manual and service schematic resulted
in the documentation for the newer amp.
A quick call to Peavey’s excellent cus-

tomer support line verified that
they still had the manual and
schematic for the older unit, which they
shipped right away. (Neither TKO 80 is
in production any more. The latest incar-
nation is the TKO-115 with a 15″ driver.)

THE STOCK TKO 80 DESIGN
The 20″ × 20″ × 11″ enclosure is made of
¾″ particleboard and plywood. It seems
to be a very stiff and solid enclosure.
The amplifier chassis (Photo 2) sits in
the top 3″ of the enclosure. The internal
closed-box volume for the driver is
1.24ft3. There is no stuffing or acoustic
absorber in the box, and it is not per-
fectly sealed. The speaker leads pass
through a ³⁄₈″ hole in the enclosure to
the amplifier chassis. 

With the bass plugged in, I found
that for the notes below C3 (55Hz) the
12″ musical instrument driver was dou-
bling the fundamental. At the lowest E3
note (41Hz), the 82Hz second harmonic
was very prominent. While this had the
advantage of maintaining the volume
level of the higher notes, it was hollow
and unpleasant sounding. 

I chose to replace the existing 12″
driver with one with more extended
bass response, even at the cost of some

volume. My primary use for this will be
as a practice amp and for moderate-
volume jazz jam sessions with friends. I
didn’t want to change the physical di-
mensions for several reasons. The amp
already weighs 46 lbs. The custom
grille board would no longer fit if any-
thing were added beyond the existing
front surface area. The power cord is
stored on two L-shaped brackets on the
rear of the chassis, so changing the
depth would limit the access. The
speaker leads plug into the circuit
board from the bottom of the amp chas-
sis, and the chassis would not be easily
accessible if the enclosure were deeper.
Any modification must be limited to
adding a vent or an adapter ring (but
preferably not both). 

MEASUREMENTS
The four-string bass guitar covers the
piano keyboard range of E3 to E above
middle C, or 41.2Hz to 329.6Hz (Fig. 1).
The TKO 80 amplifier is factory rated for
50W into 8Ω at 5% THD, 40W at 1% THD.
I ran some THD versus output power

Two audio veterans pool their knowledge and experience to restore

a classic bass guitar amp. By Charles Hansen and G. R. Koonce

Modifying Peavey’s TKO 80 Bass Amp
Part 1
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Finished TKO 80 bass amp.

PHOTO 2: 
Amplifier chassis.

PHOTO 1: TKO 80 bass guitar amplifier
as purchased with grille removed.



measurements on the amplifier (Fig. 2),
and it puts out only 30W at 3% THD,
1kHz into 4Ω. The power supply rails
drop from ±37V DC NL to ±28V at maxi-
mum load, 4Ω. At 41Hz, it makes 43W
into 8Ω and 28W into 4Ω, 3% THD. The
power transformer looks a bit small,
putting this unit into the “practice amp”
category.

With all the circuitry on one PC
board, there was no available connec-
tion to the input of the power amp sec-
tion. There is a preamp out stereo phone
jack, however. By rewiring this jack, we
were able to use the short center sleeve
to access the power amp input stage.
This is what I used to obtain the 1kHz
8Ω power amp’s only curve.

At low frequencies and low volume,
the THD is limited by 60Hz hum rather
than clipping (Fig. 3). The dip in THD at
60Hz is a result of the distortion test set
notch filter removing the hum as well
as the 60Hz fundamental. This doesn’t
seem to be power supply noisethat
would produce 120Hz hum due to the
full-wave rectification. There may be
pickup or ground-induced noise some-
where.

The harmonic distortion products
from the spectrum of a 50Hz sine wave
at 10W into 8Ω (Fig. 4) show the pres-
ence of the 60Hz power line at −61dB.
The 20-year-old filter caps (2200µF per
rail) are probably tired. You can now
get 4700µF in the same size package.
The amp is an old quasi-complemen-
tary design, and you can see severe
crossover spikes in the 1kHz distortion
residual signal (Fig. 5). The distortion
at this test point is 0.1%.

The existing bass/mid/treble controls
are passive, and interact like mad. There
is no position where they are flat even
within 2.5dB. The solid line in Fig. 6
shows the frequency response with the
tone controls as flat as possible. You can
also see a peak in the power amp’s re-
sponse (dashed line) at 60kHz, and the
limited LF response without tone con-
trol action (−5dB at the E3 41Hz funda-
mental). Testing with a 10kHz square
wave (not shown) showed underdamped
ringing, which verifies the HF peaking.
The pre gain control also reduces the LF
response at higher gain by increasing
the −3dB point of the input op amp.

Someone had done some work on
the circuitry since it was built in Au-

gust 1980. The preamplifier section has
an NE5532 dual op-amp, where the ser-
vice schematic shows a TL072. The two
“62792” NPN output transistors (select-
ed 2N3773s according to the Internet

references) had been changed to
MJ15024s, with a 1992 date code. All
the 100nF and 100pF caps in the audio
path are ceramic Z5U types in axial
packages (Photo 3).
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FIGURE 1: Bass guitar frequency range. B-2247-1



The final test of the stock performance
was to measure the acoustic frequency
response with a sound level meter. I also
measured the sound level with the TKO
80 amplifier driving my NHT SW2 sub-
woofer. This sub uses an external ampli-
fier with electronic crossover, so the sub
unit itself has no CO (Fig. 7). The big sur-
prise here is the high-frequency range of
the NHT sub. Note that the tests are at a
fixed 1V RMS output at 1m rather than
the usual 2.83V/m. At 1kHz and 2.83V

RMS the sound level with the TKO 12″
driver was unbearable, even with hear-
ing protection. 

In light of the amp’s poor 4Ω perfor-
mance, we decided that we needed to
select an 8Ω driver. I also plan to do
some design improvements to the elec-
tronics, which we will cover later. With
the basic requirements set, we started
digging through the Parts Express cata-
log to find a replacement 12″ bass driv-
er. We found that most of the “bass gui-

tar” speakers have a “response” of 50Hz
to maybe 3.5−4.5kHz. The non-musical-
instrument woofers all have lower re-
sponses: 26−35Hz.

BY G. R. KOONCE
SELECTING A NEW DRIVER
Selecting an available driver to meet
given system requirements is always a
difficult task. When you add the re-
quirement that the driver must work in
an existing box of fixed volume the job

FIGURE 2: THD+N versus output power, stock TKO 80. B-2247-2 FIGURE 3: THD+N versus frequency, stock TKO 80.
B-2247-3
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becomes much tougher. Consider the
items. In this case the gross box vol-

ume was fixed, because the external di-
mensions of the Peavey TKO 80 were

not to be modified. The design
box volume to be used was es-
tablished at 1.24ft3. One advan-
tage is that the driver is con-
nected directly to the amplifier
(no crossover), so you need not
consider any noticeable source
resistance.

The new driver must, of
course, fit in the existing box.
This probably restricts you to a
driver the same diameter or a
bit smaller than the original.
Generally, you can make an

adapter ring to allow mounting a small-
er driver. The other important items for
consideration are the system specifica-
tions: frequency response, maximum
SPL level, and efficiency.

This project required a system that
would go down to low E3 for the bass
guitar, or 41Hz. This required selecting
a driver that would produce a response
down to near 41Hz in the 1.24ft3 box
volume. Some equalization was possi-
ble to “flatten” the response down to
41Hz if needed. The spectrum of the ini-
tial E3 note attack from the unamplified
electric bass pickup, played normally,
is shown in Fig. 8.
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FIGURE 4: Spectrum of 50Hz sine wave, stock TKO 80.
B-2247-4
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FIGURE 5: 1kHz residual distortion signal, stock TKO 80. B-2247-5

PHOTO 3: Amplifier PC board.
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Here you can see that the second and
third harmonics are higher than the
41Hz fundamental. This is undoubtedly
why fundamental doubling in the stock
12″ driver was so effective in maintain-
ing volume down to the low E3. You can
also see low-level 60Hz power line har-
monics. The bass pickup is of the “hum-
bucking” type, but some interference is
unavoidable with an electromagnetic
pickup, and the amp itself has some
60Hz susceptibility (Fig. 3).

As the string vibration decays, the
fundamental increases while the har-
monics dampen out (oscilloscope
graph in Fig. 9). Another interesting
phenomenon is that the initial pitch is
a bit sharp, converging to 41Hz as the

string vibration decreases in amplitude. 
The high-frequency requirement was

a bit vague. The highest required note
is middle E, or 330Hz. To carry the
third harmonic at full amplitude would
mean about 1kHz on the high end; the
fifth harmonic would push you to
1,650Hz. A study of specifications for
current bass guitar amplifiers indicat-
ed that they were about 3dB down by
2kHz. A spectrum of the highest unam-
plified fretted note initial attack is
shown in Fig. 10. From this, 2kHz looks
like a reasonable upper-frequency limit
for driver selection.

Initially, we did not know the required
maximum SPL capability and required
efficiency. The amplifier power available

and the intended
application indi-
cated that extreme
efficiency was not
required. Bill Fitz-
maurice designs
music speakers
that require very
high efficiency,
and he thus uses
horn-loaded sys-
tems. Fortunately,
this system did
not require such

high efficiency, which greatly simplifies
the problem. Initial testing of the ampli-
fier (about 40W to 8Ω, 28W to 4Ω) and
the required playing level indicated a
minimum sensitivity of about 87dB/W/m
would be sufficient.

QUICK RESPONSE ESTIMATES
Looking through lists of T/S parameters
of affordable drivers can be a bit confus-
ing. Just how will any driver perform in
a given box? You can achieve some
quick estimates without resorting to de-
sign software.

Dr. Small defined an efficiency-band-
width product (EBP) for drivers used in
a direct radiator application; i.e., no
horn or other acoustic load on the driv-
er. The EBP is equal to the driver reso-
nance (fS) divided by the driver electri-
cal Q (QES): EBP = fS/QES. If the EBP is
50 or below, the driver will probably do
better in a closed-box (CB). If the EBP is
100 or higher, the driver will do better
in a vented box (VB). Between 50 and
100 you have your choice.

When dealing with the driver used in
a VB you can get a quick estimated op-
timum design just by the total driver Q
(QTS). If QTS is about 0.4 (for a total box
Q of 7), then the optimum box will be a
true Butterworth fourth-order (B4) re-
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FIGURE 6: Amplifier frequency response, stock TKO 80.
B-2247-6

FIGURE 7: Loudspeaker frequency response, stock TKO 80 and
NHT SW2.
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sponse. This means the box volume will
match the driver equivalent compli-
ance volume (VAS), and the box tuned
frequency (fB) will match fS and the sys-
tem −3dB frequency (f3): fB = f3 = fS.

As QTS goes above 0.4, then you tend
toward a Chebyshev (C4) response with
a bit of ripple. The optimum box size
will be bigger than VAS, while fB and f3
will be somewhat below fS. If the QTS
drops below 0.4 then you tend toward

the quasi-Butterworth third-order (QB3)
responses. The box volume will be
below VAS, but f3 and fB will be above fS,
possibly way above. 

I know some music people use the
boom-box 4 (BB4) alignment, with
which I have no experience. It has a
simple (without ripple) peak in its re-
sponse, but I don’t know how it is for
box size or f3.

You can also estimate how a driver

will do in a closed-box (CB) based on
driver QTS. Generally, you would design
a woofer CB with a total system Q (QTC)
somewhere in the range of 0.7 to 1.0. The
f3 will be at its lowest if you use the high-
ly damped QTC = 0.707 (B2) alignment,
but f3 is a slow-moving function of QTC.
The closer the driver QTS is to the QTC
you want, the bigger the box will be rela-
tive to VAS. The CB system resonant fre-
quency (fC) will be equal to fS × QTC/QTS
and, over the QTC range we are dis-
cussing, f3 will be about 80 to 100% of fC.

It is thus clear that low QTS drivers
will produce a small CB, but with a high
f3. High QTS drivers designed into a CB
at the low end of the QTC range will re-
quire a large box. Clearly, computer soft-
ware is the way to get exact values, but
these tips can give you a quick hint.

DRIVER TYPE OPTIONS
The system requirements for this proj-
ect mean three driver types are candi-
dates for solving the problem.

The first is music speakers, which
generally have very high efficiency and
thus big magnets. This typically means
they have a low QTS, which makes get-

TABLE 1
DRIVER IDENTIFICATION

NO. DRIVER SIZE, MAKE, AND MODEL ZIN (Ω) F-RANGE (Hz)
1 12″ Eminence Delta-12LF #290-416 8 45−3,000
2 12″ Eminence Kappa-Pro-12 #290-424 8 35−2,500
3 10″ Dayton Series II HD #295-110 8 35−3,000
4 12″ Pyramid Super Pro SPC #290-115 4 35−3,500
5 10″ Audax PR240ZO #296-105 8 27−2,000
6 10″ Dayton Pro Sound #295-060 8 35−3,000
7 12″ Dayton Treated Paper Cone #295-320 8 28−2,500
8 12″ Martin Sound Poly Cone #3130 8 18−5,000
9 11″ Hi-Vi D10G #297-430 8 23−2,000
10 10″ Peerless 850146 #297-636 8 23−1,800
11 10″ Peerless 831727 #297-616 8 22−2,800
12 10″ Vifa M26WR-09-08 #297-315 8 26−1,000
13 11″ Focal 11K7512 #297-535 8 38−2,000
14 10″ Phoenix Gold QX108 #293-550 8 32−1,200
15 12″ Peavey TKO 80 8

Notes: Size is nominal inches. # is Parts Express Catalog number. Zin is the rated driver impedance in ohms. F-range
is the catalog-specified frequency range.
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ting a low f3 difficult. Most affordable
music speakers are not known to have
a high linear displacement (XMAX) capa-
bility. Finding a music speaker to deliv-
er the required output level at 41Hz
might be a problem.

Normal woofers are also candidates,
as the efficiency requirements are not
so high as to exclude them. They
should certainly be able to meet the
upper-frequency-limit requirement. The
allowable 1.24ft3 box volume is a bit
small for a 10″ or 12″ woofer to get
down to 41Hz.

Subwoofer drivers are also candidates
at the required efficiency. Their main ad-
vantage is a large linear displacement
capability (XMAX rating), meaning a high
output SPL capability at the 41Hz lower
frequency limit. The question is whether
you can get such a driver to work with a
1.24ft3 box and whether it would go high
enough in frequency.

Many large drivers, of all classes,
have a dip in their response somewhere
in the 400Hz to 1kHz range. This is nor-
mally referred to as an “edge hole” and
is said to be caused by the surround be-
coming out of phase with the cone cen-
ter. Such dips are normally not identi-
fied unless a true driver frequency re-
sponse plot is available. These dips can
be rather deep, and if they fall on a fun-
damental or harmonic frequency that
you need, they can be a problem.

Large drivers also have a tendency
not to go away “nicely.” Generally at
the top end of their range, the response
peaks due to the development of cone
break-up modes. Again, if one of your
harmonics falls on such a peak, the
sound quality could suffer.

REFERENCE POWER AND EFFICIENCY
There is a lot of confusion in these two
areas that you must avoid. When com-
paring the rated SPL of drivers, you
must be careful. The efficiency of the
driver (acoustic power output versus
electrical power input) is defined in
sensitivity as a certain SPL at 1W input

at 1m distance (dB/W/m). This is the
value you need to consider when think-
ing about the input power required for
a given SPL output. 

Many drivers are given a voltage sen-
sitivity rating of a certain SPL at 2.83V
input at 1m distance (dB/2.83V/m). This
rating is very useful for matching driv-
ers in a multi-way system, but is some-
times used by manufacturers to make
their driver appear to have a higher effi-
ciency. An 8Ω driver will have the same
SPL in dB/W/m and dB/2.83V/m, since
2.83V will deliver 1W to an 8Ω driver.
However, a 4Ω driver rated at 90dB/
2.83V/m will really have a power sensi-
tivity of 87dB/W/m, since 2.83V will de-
liver 2W to a 4Ω driver. Watch for this
confusion factor when comparing driv-
er efficiencies.

In the “good old days” when most
speaker conceptual work was devel-

oped, the measurement of true power
into a device with a complex imped-
ance, such as a driver, was difficult.
Thus most developmental work was
done with “reference power,” which is
the power an input voltage delivers to a
fixed resistor; normally the voice coil
DC resistance (Re) or the nominal im-
pedance value is used. This may upset
some people, but in practice it makes
things easier to study and to under-
stand. Thus if a driver has a given rated
input electrical power (Pe), its maxi-
mum input in the high-frequency range
will be a straight line at Pe. 

You know this is not actually true be-
cause the input impedance varies, but
it is handy for discussing the maximum
power capability versus frequency for a
driver. Generally, when using reference
power the input power is labeled Per
and the output power labeled Par. This
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TABLE 2
DRIVER THIELE/SMALL PARAMETERS

NO. DRIVER FS VAS QES QMS QTS RE EBP SPL
1 Eminence 12LF  45.0 2.40 0.45 7.28 0.42 6.06 100 97
2 Eminence Pro-12 37.0 4.27 0.25 6.93 0.24 5.46 148 98
3 Dayton Series II 34.0 2.78 0.33 9.50 0.32 6.2 103 92
4 Pyramid Super Pro  30.0 3.89 0.36 7.98 0.34 3.1* 83 93
5 Audax PR240ZO 27.0 3.23 0.49 9.35 0.46 6.2 55 89
6 Dayton Pro Sound
7 Dayton Treated Paper 28.0 5.11 0.42 2.94 0.37 6.6 67 92
8 Martin Sound Poly 18.0 7.49 0.82 2.39 0.61 22 87
9 Hi-Vi D10G 22.0 5.88 0.50 2.23 0.41 6.7 44 88
10 Peerless 850146 22.6 5.10 0.40 2.56 0.35 5.5 57 88
11 Peerless 831727 22.3 4.81 0.38 2.62 0.34 5.4 59 88
12 Vifa M26WR-09-08 26.0 4.59 0.36 2.82 0.32 5.9 72 89
13 Focal 11K7512 38.0 1.83 0.43 1.97 0.35 5.75 88 90
14 Phoenix Gold QX108 32.9 2.07 0.60 6.27 0.54 6.78 55 87
15 Peavey TKO 80 52.0 1.07 0.78 3.30 0.63 6.71 67 89
Notes: fS in Hz. VAS shown in cubic feet. Re in ohms. EBP = Efficiency bandwidth product. SPL in dB/W/m, converted
from dB/2.83V/m if needed. *Indicated value was estimated as not shown in catalog. Values for driver #15 are mea-
sured/calculated values for original TKO 80 driver.

UDIOGOA Nwww. .com

Buy low. Sell hi-fi.
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TABLE 3
BOX DESIGNS AND LARGE SIGNAL PARAMETERS

NO. DRIVER BOX FB/QTC F3 ANOMALY 41Hz XMAX PE CONE DIA
1 Eminence 12LF 4.80 300 9.6
2 Eminence Pro-12 4.80 400 9.6
3 Dayton Series  II 5.50 250 8.0
4 Pyramid Super Pro VB −6dB 3.70 300 9.6
5 Audax PR240ZO CB −4dB 4.00 100 8.7
6 Dayton Pro Sound 
7 Dayton Treated Paper 4.50 80 9.6
8 Martin Sound Poly VB 150 9.6
9 Hi-Vi D10G CB 0.98 42 8.25 150 8.8
10 Peerless 850146 CB 0.78 −5dB 9.00 200 8.05
11 Peerless 831727 CB 0.75 −5dB 9.00 220 8.15
12 Vifa M26WR-09-08 VB 32 −6dB 6.50 130 8.5
13 Focal 11K7512 VB 42 −5dB 9.00 175 8.8
14 Phoenix Gold QX108 CB 0.89 45 0.7dB 11.60 150 8.1
15 Peavey TKO 80 CB 61 −21dB 80 9.6

(measured)
Notes: fB/QTC: for a VB fB is shown and for a CB QTC is shown. f3 in Hz. Anomaly is peak or ripple in dB. 41Hz indi-
cates how far down the response is at 41Hz. XMAX is in mm. Pe is electrical power limit in watts. Cone diameter in
inches is estimated as 80% of outside diameter.



article uses reference power when dis-
cussing the maximum power capability
of the drivers.

CLOSED-BOX VERSUS VENTED-BOX
CONSIDERATIONS
One of the prime considerations in the
use of a CB or VB is that a CB will have
a larger net box volume. The require-

ment is that the outside dimensions of
the TKO 80 enclosure not be changed.
Thus any port must be internal to the
box and will reduce the net box volume.
To do 41Hz at a reasonably high level
will require a large port area. Several
articles have appeared in aX recently
demonstrating that the port area must
be larger than had commonly been

thought. This would greatly reduce the
available net box volume if a VB design
is used.

There is some confusion over CB ver-
sus VB efficiency that must be clarified.
Everyone is aware that in theory the VB
has a 3dB efficiency advantage over the
CB, as it uses output from both sides of
the driver cone. Many people mistaken-
ly believe this means a given driver will
show a 3dB sensitivity advantage in a
VB over use in a CB. This is not true. 

The reference efficiency is designed
into the driver, and at high frequency
the driver will show this efficiency in
any direct radiator application. The box
type and alignment can change the
shape of the driver response at low fre-
quency, but at the top end of the driver
response the SPL level will be the
same. To increase the SPL you must go
to some loading technique such as the
use of a horn. 

So where does the 3dB advantage of
a VB appear? With a given driver it will
show up as a smaller required box size
or a lower f3 compared to the same driv-
er in a CB. Don’t be confused here.

If you can develop a VB design in the
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TABLE 4
LARGE SIGNAL PERFORMANCE PREDICTIONS

MAX AT HF MAX AT 41HZ OTHER LIMIT

NO. DRIVER SPL PAR PER SPL PAR PER SPL PER Hz
1 Eminence 12LF 
2 Eminence Pro-12
3 Dayton Series II
4 Pyramid Super Pro 116 2.5 300 108 0.4 200 106 58 48
5 Audax PR240ZO 108 0.4 100 95 0.02 13 102 60
6 Dayton Pro Sound
7 Dayton Treated Paper
8 Martin Sound Poly
9 Hi-Vi D10G 109 103 80
10 Peerless 850146 111 200 102 75
11 Peerless 831727 110 220 105 80
12 Vifa M26WR-09-08 112 220 105 98 75
13 Focal 11K7512 113 175 108 175 111 175 50
14 Phoenix Gold QX108
15 Peavey TKO 80 

(measured)
Notes: Max at HF shows the maximum values in the upper frequency range. Max at 41Hz shows the maximum values
at 41Hz. Other Limit shows maximum values for any limiting frequency between 41Hz and the upper frequency range.
SPL is dB/m level. Par is the acoustic power output. Per is the reference electrical power input.
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available net box volume, it may pro-
duce a higher output SPL capability at
low frequency than is available with a
CB. At the higher frequencies the SPL
limit is normally set by the electrical
power rating of the driver (Pe). As fre-
quency is reduced you will reach a

point where the limiting factor is 
the linear driver displacement capabili-
ty (XMAX). With the VB, the driver is
highly damped near the box tuned 
frequency (fB) and thus has a low cone
displacement.

Thus by proper selection of the VB
alignment, you can
develop a design in
which the port is
doing the radiating
down to near the
41Hz lower limit.
Such a design
would have a much
higher output SPL
capability at low fre-
quency, provided
the port is large
enough to sustain
this SPL level.

EQUALIZATION
If you can’t develop a design that is suf-
ficiently flat down to 41Hz, it is possible
to correct the response somewhat via
equalization. You need to keep in mind
that you may be modifying the re-
sponse in a region where XMAX is set-
ting the output power limit. This is al-
most a certainty with a CB design. If
this is true, then any equalization may
reduce the maximum average drive
level you can use, thus reducing the
output capability above the equalized
frequency range.

SOFTWARE
Small-signal analysis was done on pri-
vately developed software based on the
equations published by Dr. Benson1,
whose work includes consideration of
the Qs associated with the port, box
leakage, and box absorption. All VB
analysis was done using the default Qs
that are equivalent to a total box Q of
7. Benson’s equations have the advan-
tage that they plot the responses of the
cone and port independently for a VB.
This allows manipulating the design to
make the port the major radiator in

TABLE 5
QX108 RECOMMENDED ENCLOSURE DESIGNS

TYPE CLOSED-BOX VENTED BOX

VB VB FB PORT DIA. PORT LENGTH
“Musical” 1.50 2.25 35Hz 3″ 3.75″
“SPL” 0.60 1.75 45Hz 3″ 2.25″

FIGURE 11: Box design software plot of QX108 versus stock
12″ driver. B-2247-11
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the low-frequency range. 
VB designs were generally analyzed

via non-optimum design techniques at
the specified net box volume. Initial
work ignored volume loss to the port.
CB designs were via very high Qs emu-
lating a lossless box as is normally
done in CB design. The available net
box volume was entered and resulting
system QTC noted. The desire was to
maintain the final QTC below about 0.9.

Large-signal analysis was also done
on privately developed software based
this time on the work of Dr. Small2.

This software worked with reference
power and predicted the power sensitiv-
ity (dB/W/m) for comparison with the
driver specification. This software can
plot the maximum input power capabil-
ity versus frequency and identify
whether electrical power (Per) or dis-
placement (XMAX) sets the limit. The
software also plotted the maximum
acoustic power output capability (Par)
versus frequency and showed the corre-
sponding SPL level at 1m. The refer-
ence used is 1W acoustic producing
112dB/m.

Note that one critical parameter in
establishing the maximum power capa-
bility is the cone area, entered into the
software as cone diameter. This param-
eter is normally not published in cata-
logs, so was taken as 80% of the pub-
lished driver outside diameter. If you
are close to the true cone diameter,
then the computed sensitivity will
agree with the driver specification, so
this was checked. In most cases agree-
ment was good, but the large signal
analysis should be taken as an “indica-
tion” and not a “guarantee.” 

PHOTO 4: Enclosure routed for adapter ring. PHOTO 5: Adapter ring fit check.
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Again, remember that this work is
based on reference power, not actual
power delivered to the driver. If you are
using the driver at a power level where
this difference becomes significant, you
are flirting with disaster.

RESULTS OF DRIVER STUDY
We evaluated a variety of 10″ and 12″
driver data from various catalogs to
find an acceptable one. (We found no
acceptable 8″ drivers.) Table 1 identifies
the units that seemed to offer a possibil-
ity, along with data on the original 12″
driver in the TKO 80 (No. 15). Table 2
shows the T/S parameters listed for
each driver and the computed efficien-
cy bandwidth product. 

When the driver sensitivity was rated
in dB/2.83V/m it was converted to
dB/W/m based on the nominal driver
impedance. The T/S parameters for the
original 12″ driver were calculated from
free air and CB measurements with a
1mA constant current source.

The box designs used with each driv-
er are shown in Table 3. If it is a CB de-
sign, then the total system Q (QTC) is
shown. For a VB design the box tuned
frequency (fB) is shown. Remember in
all cases the box volume is fixed at

1.24ft3. The design f3 along with the
amount the response is down at 41Hz,
as read from the plot, is shown. 

Table 3 also includes the driver pa-
rameters required for large-signal analy-
sis. Keep in mind that the cone diameter
is not shown in the catalogs and was
taken as 80% of the driver diameter.

Table 4 shows the results for large-
signal analysis without any equaliza-
tion of the frequency response. The
maximum Per that may be used and the
expected Par and SPL for this input are
shown for three cases. The first case is
at high frequency where the limit is set
by electrical power constraints. The
case for the minimum needed frequen-
cy of 41Hz is also shown. 

In many cases a VB will have a re-
gion of limitation below that at 41Hz
and, in such cases, that information is
also shown. For a CB design some in-
termediate frequency above 41Hz may
be shown for additional information.

None of these drivers quite makes it
“flat” (above −3dB) down to 41Hz, but
several are within a couple of dB. At
this point we started to factor in other
criteria. For example, I have used driv-
ers from this vendor before and thus
had some experience that they meet
their published specifications. Also,
you must consider price. These all be-
come weighed along with the large-sig-
nal analysis results to select a driver.

The best candidates were deemed to
be numbers 10, 11, and 14. All of these
are nominal 10″ drivers, which give bet-
ter performance in a 1.24ft3 box than
the 12″ drivers we located. Note also
that all of these are CB designs, remov-
ing the requirement to make any al-
lowance for volume lost to a port and
thus a redesign effort as a VB. 

Weighing all the vari-
ables, we decided to go
with driver #14, the
Phoenix Gold QX108
10″. The deciding factor
was that this is a sub-
woofer driver with an
XMAX of 11.6mm (al-
most ½″) and thus de-
signed for large excur-
sion work. It would be
capable of the required
output level even if
equalization was used
and certainly can sus-

tain all the power the amplifier is able to
produce over the application frequency
range.

Figure 11 shows a comparison of the
CB performance of the QX108 versus
the stock 12″ TKO 80 driver.

MANUFACTURER’S RECOMMENDED
ENCLOSURES
The Phoenix Gold QX108 driver came
with an instruction sheet that recom-
mended some enclosure designs (Table
5). The instruction sheet said that “Musi-
cal” was a box of superior sound quality,
and “SPL” was a higher output with less
bass. Don’t be confused by this; as you
know, the SPL is designed into the driv-
er, and all these enclosures will show the
same SPL level at the upper frequencies.

We evaluated these designs via pri-
vately developed software based on the
work of Dr. Small. This software will de-
sign ports for a VB based on the classic
equations for a bare (unlined) box, but
will also design a more realistic port
length for a box with lined walls based
on many years of studying this topic by
David Weems. Based on these design
evaluations with the published driver
specifications, we decided to forgo the
recommended designs and use the ini-
tial CB design with the Phoenix Gold
QX108 driver.

MODIFICATIONS TO MOUNT THE NEW
DRIVER
Experienced speaker builders are, no
doubt, familiar with this section of the
article. You need an adapter ring to
allow mounting the 10″ QX108 in the
opening occupied by the stock 12″ driv-
er. First, we routed the enclosure
cutout with a ³⁄₈″ rabbet to accept the
ring (Photo 4), cut the adapter ring
from high-quality ¾″ plywood, and rout-
ed it with a rabbet to fit the one in the
enclosure. A fit-check of the adapter
proved it to be tight and accurate
(Photo 5).

Next, we drilled the adapter for the
existing 12″ driver bolt pattern, and for
the QX108 bolt pattern, with the holes
22.5° apart. We painted the adapter flat
black to match the front of the TKO 80
cabinet and installed eight 10−32
screws held by T-nuts. The speaker
leads go through a hole in the cabinet
on the amplifier shelf. A little silicone
rubber sealed the hole to make the en-

TABLE 6
PHOENIX GOLD QX108 MEASURED

PARAMETERS

PARAMETER MEASURED SPECIFICATION
Re 6.42Ω 6.78Ω
fS 34Hz (Z = 60.7Ω) 32.9Hz
QMS 4.18 6.27
QES 0.49 0.60
QTS 0.44 0.54
VAS 2.08 2.07
fC 55Hz (Z = 61.1Ω)
QMC 6.93
QEC 0.81
QTC 0.73
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FIGURE 12: Box design software plot of QX108 actual
versus measured data. B-2247-12
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closure airtight. I added acoustic foam
to both sides, the top, and the rear of
the interior of the cabinet. 

Now that the woodwork was finished,
we removed the tattered vinyl covering
(Photo 6) and glued new black Tolex
to the bare wood cabinet. We removed
the torn grille cloth from its frame, re-
placed it, and ordered new metal cor-
ners and rubber feet to finish off the
cabinet restoration.

With the QX108 in hand, we ran it in
for 12 hours at its specified resonance
frequency, then calculated its actual T/S
parameters based on free air and CB
measurements with the 1mA constant-
current source. We used the HP 339A os-
cillator to drive the current source box,
for a pure sine wave rather than the 3%
THD the function generator produces at
low frequency. The fS measured 35Hz
with a resonance impedance of 61.5Ω.

After free-air testing, we installed the
QX108 with the cone facing into the TKO
80 enclosure. With this method, you can
make voltage measurements right at the
driver terminals, eliminating the added
resistance of the enclosure’s speaker
leads. In order to ensure accurate CB re-

sults, you must add the air volume in
front of the cone (0.0128ft3) to the 1.24ft3

enclosure volume.
Before measurements, Chuck per-

formed the leak test that I suggested,
with a 1.5V battery applied to the speak-
er leads. In this test, the driver will take
an initial jump, then travel the last 10%
of its displacement in about a second if
there is no adverse air leakage from the
enclosure. This ad-hoc air leak test
turned out to be satisfactory. 

Next, we measured the CB parame-
ters to get VAS. This requires some pa-
tience. It takes about two minutes for
the mV readings to settle to a final
value, always increasing upward to-
ward the stable number. 

With the driver removed, we re-mea-
sured the free air data. We found fS
dropped to 34Hz and 60.7Ω. After crank-
ing the data through the spreadsheet,
the calculations revealed the parame-
ters shown in Table 6.

Welcome to the world of driver varia-
tions. I ran this measured data versus
the spec data in the design software.
The f3 is 54.9Hz versus 44.8Hz using the
spec sheet data. The curve looks flatter

using the measured parameters, but
the SPL is 2dB lower than the pub-
lished data predicts. Are these discrep-
ancies between measured data and the
QX108 specification within the accept-
able error ballpark?

Note the large difference in the QMS
measurement from the QX108 spec.
QMS is the Q due to mechanical resis-
tances, the losses in the surround and
rear suspension. These losses vary with
time, temperature (a lot), and humidity.
Thus that parameter is very variable.
Fortunately, it has only about a 10% ef-
fect on QTS, so the variations are not a
problem. The QMS value does vary in
the testing, but the accepted approach
is to make it a “don’t care” condition.

LISTENING TESTS—QX108 SUB
The next test was the important one:
how does it sound? 

Once we connected and installed the
amplifier, there was plenty of volume. 
However, there was an audible peak at
A3 (55Hz) and a slight bit of doubling
from E3 41Hz (82Hz doubling) to F#3
46Hz (93Hz doubling). This enhances
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I
t’s 7:10 PM on a typical weeknight,
and I’m comfortably esconced on
the sofa watching “Nightly Busi-
ness Report.” Piped through a ten-

band equalizer and an external power
amp, the voice of anchorman Paul Kan-
gas is clean and crisp, in sharp contrast
to the content of the day’s business
news, which is anything but clear. My
mind wanders as I contemplate the wis-
dom of bailing out of a mutual fund
while there are still a few pennies left
in it to save. 

BOOM-BOOM CARS
From some distant quarter I sense a
faint throbbing. Aw geeze, is the stock
market giving me another headache?
No . . . this is real. 

The throbbing grows nearer, louder,
and is now well defined: boom-boom-
bonk, boom-boom-bonk! I sit up and
glance instinctively at the heavy drapes
concealing a large picture window in my
living room. BOOM-BOOM-BONK! The
huge glass pane is resonating, adding its
own buzz to the annoying throb invad-
ing my home through walls and drapes. 

Then, mercifully, the phenomenon
gradually subsides and fades into the
night, leaving me once again in peace-
ful contemplation of my investment de-
cisions. It was just another annoying
boom-boom car.

IMPOSSIBLE POWER
The boom-boom car phenomenon
began in the mid-1980s, grew exponen-
tially in the 1990s, and today is a stan-
dard feature of our roadways. We’ve all
experienced these vehicles, typically
driven by a male in his late teens or
20s, whose mating call is the thunder of
monster subwoofers and the screech of
rubber tires on asphalt. My house is a
good 50′ from the street, yet the pulsat-
ing power of a boom-boom car is
enough to rattle my doors and win-
dows, and can easily be heard over a
block away even when the offending ve-
hicle has its windows closed. 

The audio power available in automo-
tive stereo systems today is incredible.
Systems rated 50W RMS per channel,
even 100W or more, are readily avail-
able. My first encounter with a boom-
boom car left me in a state of shock and
bewilderment. Being an educated man, I
knew such power levels were quite im-
possible, and I could prove it.

As a young audio enthusiast in the
1970s, I took an evening course in audio
electronics at a local community college,

taught by a colorful engineer with a day
job at a posh audio salon. Car stereo was
a subject of keen interest to the class,
but we were all rather disappointed to
learn the maximum power you could
ever hope to generate from car speakers
was a whopping 6W/channel. Enough to
annoy your passengers and perhaps the
car in front of you, but nowhere near
enough to flatten the neighborhood with
a sonic boom.

THE IMPOSSIBLE PROOF
The arithmetic of Ohm’s law is undeni-
able. You start with the basic relation-
ship for power in DC circuits:

P = V2/R    (1)

where P is power in watts, V is DC volt-
age, and R is DC resistance in ohms.
Since we’re dealing with AC waveforms
and want power expressed as RMS
(root-mean-square, the AC equivalent of
DC power), some adjustments are nec-
essary. First, substitute speaker imped-
ance Z in place of DC resistance. Then
substitute RMS volts for DC volts. That
relationship is

VRMS = 0.707VDC/2, or 0.3535VDC (2)

ignoring reactive effects and assuming
the peak-to-peak excursion of the AC
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estimate clipping power by measuring the quiescent DC supply.  

By Benjamin L. Poehland

The SOAP Factor

28 audioXpress 10/03 www.audioXpress.com

ABOUT THE AUTHOR
Ben is a retired research scientist with eleven publica-
tions in the field of natural product drug discovery and
molecular structure elucidation. No stranger to these
pages, Ben has contributed a number of articles on
audio restoration to TAA and Speaker Builder. His first
audio project was the assembly of a Dynaco ST-400 kit
in 1977, and he’s been addicted to “roll your own”
audio ever since. His personal motto is “Give me
Ohm’s Law and a soldering iron, I can do anything!”

FIGURE 1: Bench test setup for measuring amplifier
output power across a resistive load.

A-2202-1



waveform oscillates from 0V to +V. (Ac-
tually, it doesn’t, but I’ll address that
later.) Thus a simple relationship for
RMS clipping power relative to DC
power in AC circuits becomes

PDC = (0.3535VDC)2/Z     (3)

where PDC is the RMS clipping power
based on quiescent DC supply measure-
ment VDC.

Now plug in real-life values and veri-
fy the result. The nominal 12V DC elec-
trical system in most automobiles actu-
ally measures around 14V, and typical
automotive speakers have a nominal
impedance value Z = 4Ω. Plugging
these values into equation 3 and doing
the arithmetic,

(0.3535 × 14)2/4 = 6.1W

gives the magic 6W value I learned in
my class. I was so impressed by this ex-
ercise that for many years I routinely
used it as a quick-and-dirty means of es-
timating the clipping output of power
amplifiers simply by measuring the DC
supply voltage.

Having thus demonstrated that no
car stereo system can produce more
than 6W, how is it that 100W car stere-
os are possible? Digital trickery, of
course.

Coincident with the rise of the com-
puter industry in the early 1980s came
digital switching power supplies. Origi-
nally designed to provide high-current/
low-voltage supplies to computer cir-
cuits without the cost and weight of a
large power transformer, it was only a
matter of time before the same technol-
ogy would be applied to applications re-
quiring high voltage derived from a
high-current/low-voltage source (such
as a high-powered audio system operat-
ed from a car battery). 

Simply put, switching power supplies
employ power transistors to drive a
high-frequency/high-current oscillator
from a low-voltage DC source (car bat-
tery) through a small but highly efficient
step-up transformer to produce higher
voltage at lower current, which is then
rectified to provide the step-up DC sup-
ply for those monster car amplifiers. At
the time I took my audio class, this tech-
nology was still in development and did

not appear in the commercial audio
market for another eight years.

PRESERVING THE CLASSICS
Following my work with Tigersaurus1,
my audio interests drifted increasingly
toward the repair and restoration of
classic solid-state audio gear. I define
“classic” as equipment manufactured
from 1968 through 1981, which I regard
as the Golden Era of solid-state audio.

Numerous improvements and circuit
innovationsmany now routinely im-
plemented in today’s designswere in-
troduced during that time. Most of the
equipment from that era employs dis-
crete through-hole components (which
are replaceable), as compared to the
cheaper IC blocks and surface-mount
parts in much of today’s gear. And final-
ly, the overall quality of construction
and craftsmanship in equipment from
that era puts to shame the flimsy plas-
tic digital offerings that populate
today’s mass-market store shelves.

It grieves me beyond words to see so
much of this older equipment callously
tossed into landfills. An entire genera-
tion of audio innovation is disappear-
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ing, adding insult to injury by contribut-
ing to the pollution of our environment.
I can’t save them all, but I do what I
can.

Over the past few years I’ve begun
participating in local municipal recy-
cling projects, and I’m proud to say that
I’ve personally rescued dozens of clas-
sic pieces from the heartless clutches
of landfill operators. My own collection
of vintage gear has expanded nicely,
and I make the effort self-supporting by
offering surplus items at the occasional
yard sale or flea market.

WAKE-UP CALL
My initial encounter with boom-boom
cars jolted me only briefly. Once I
learned that their apparently impossi-
ble performance didn’t violate any laws
of nature, I confidently resumed my
usual practice of employing equation 3
to estimate power amp output from DC
supply measurements.

At a recent sale of surplus restored
amplifiers, a pugnacious buyer in-
formed me that a particular Vector Re-
search receiver I was offering delivered
only 30W, while I was claiming 50W
based on DC supply measurement using
Z = 8Ω in equation 3. The gentleman ini-
tiating this conflict being an obnoxious
know-it-all, I felt motivated to prove him
wrong and settle the issue by making a
standard bench test using a verified 8Ω
resistive load and an AC signal source.
The result was a wake-up call.

We were both wrong. My bench test
indicated the amp delivered 40W at the
onset of clipping, so my claim was off
by 20%. I was vaguely aware that my
DC-estimation technique was a little
sloppy, but I didn’t think it was that
sloppy.

After making my DC-based power es-
timate, I’d typically try to throw in a
fudge factor to account for the fact that
peak-to-peak excursions never actually
reach the maximum limit defined by the
DC supply rails. Stated mathematically,

Vp-p <VDC (4)

so the 6W value for my car stereo exer-
cise is truly only a theoretical maxi-
mum. In practice, it is less. 

Equation 4 represents the real-life sit-
uation for virtually all audio power de-
signs. Designers always allow a “safe

operating area” (SOA) that takes into
account the voltage, current, and ther-
mal specifications for the output tran-
sistors, as well as constraints imposed
by the Federal Trade Commission in
making power claims for a given level
of distortion. Not to mention, any am-
plifier whose output amplitude
spanned the entire range of the DC sup-
ply would likely be so unstable as to os-
cillate itself to death.

GOING FOR SOAP
What the altercation over my Vector
Research amp revealed was that I never
knew exactly what fudge factor to use
to account for the SOA, or SOAP factor
as I eventually came to call it (Safe Op-
erating Area Power). Design engineers
determine the SOAP limits, and they
are human beings whose personal
philosophies span the range of humani-
ty in general. Your straight-laced con-
servative types might limit SOAP to no
more than 50% of the available DC,
while wild-west buccaneer types might
push the envelope to the very edges of
the DC supply. While there are design
equations that govern SOA, you can’t
always be sure how rigorously the engi-
neer applied them. There’s no way
short of an actual bench test to find out.

The uncertainty gnawed at me. I fi-
nally decided the only way to resolve
the issue was to perform DC supply
voltage and AC power measurements
on as many amplifiers as possible in an
effort to obtain a statistical value to
plug into equation 3 to make it more re-
alistic, i.e.,

PSOAP = CSOAP(PDC)     (5)

where PSOAP is the estimated RMS clip-
ping power of the amp based on simple
quiescent DC supply measurement, PDC
is the value from equation 3, and CSOAP
is a statistical constant that takes the
safe operating area, or SOAP factor,
into account. I needed measurements
on enough different amps to give rea-
sonable statistical validity to the SOAP
factor. My growing collection of vintage
gear proved the perfect resource for
conducting a study of this nature.

At this point you might wonder, why
bother with this? Why not perform an
actual bench test on every unit and be
done with it? Mainly because bench
testing is a pain in the neck, and most
households are not equipped with a
full-fledged test bench. Taking a DC
supply measurement is something I
can easily do on the kitchen table using
only a portable DMM and a screwdriver
to loosen the cover. 

Whereas a bench test requires me to
lug the amp up several flights of steps
to my bench, hook up a lot of wires, fire
up three pieces of test gear, follow a te-
dious test procedure, and pray that I
don’t destroy the test unit through
some mishap. (Once you’ve blown up a
250W amp on the bench, the experi-
ence stays with you2.) If you can estab-
lish a reasonable relationship between
quiescent DC supply voltage and RMS
clipping power output, you’d have the
basis for a very handy “field test with-
out the mess.”
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A MEASURE OF AMPS
Figure 1 shows the basic test bench
setup I used for testing all the amplifiers
listed in Table 1. Just about any oscilla-
tor will suffice, as long as its distortion is
below 2% and it has a variable output.
My oscillator is a Leader LAG-120B. You
can use any oscilloscope, though a dual-
channel unit with bandwidth >1MHz is
preferable. In my setup I use the Ramsey
BS-6013 with an extra parallel connec-
tion directly from the oscillator output to
channel B of the scope, giving me a di-
rect onscreen comparison of input and
output waveforms during the test.

You can use any decent AC voltmeter
in the test setup. While a true-RMS
meter is preferred, older meters whose
circuitry is average-responding but cali-
brated for RMS readout is acceptable
since you are measuring essentially
pure sine waves. The Sabtronics 2010A
DMM I used in this study falls into the
latter category. To allay any paranoia, I
periodically check the RMS calibration
of the Sabtronics meter with a portable
Beckman Tech-360, which is a true-
RMS instrument. 

Load resistor RL is a critical compo-

nent that you cannot omit from the test
setup. Its nominal value should be 8Ω,
and you should carefully verify its exact
value with a quality ohmmeter or
DMM, taking test lead resistance into
account. My test load is a custom unit
of my own design, measuring 8.0Ω, with
a trim switch to permit fine-tuning the
nominal value to account for the 10% re-
sistors I used in its construction. My
load is rated 240W, the resistive ele-
ments mounted in a fan-cooled enclo-
sure with heavy banana jack connec-
tors and 14-gauge wiring throughout. 

My load box is rather a kludgy affair,
designed and built some years ago
when the necessary resistors weren’t
readily available. Today you could build
your own high-power audio load quite
easily using the schematics in Fig. 2 as
a guide. The necessary 8Ω/20W resis-
tors are readily available at Radio
Shack (catalog #271-120, $1.49) and
have the added virtue of being non-
inductive.

All the amplifiers used in this study
were thoroughly cleaned, repaired, sub-
jected to listening tests, and verified
fully functional prior to testing. All

pots, switches, and jacks were treated
with Caig Laboratories (website:
www.caig.com) DeoxIT-D100L (reformu-
lated Cramolin CR-104). Only one test
was made of each channel, separately,
at a single frequency of 1kHz. The AUX
input was used on integrated amps and
receivers, with volume and balance at
midpoint and all tone controls set flat.

I began my test procedure by first
making all the connections and then al-
lowing at least a ten-minute warm-up
for both the measuring instruments
and the unit under test. I then slowly in-
creased the output level from the oscil-
lator while observing the waveform on
the oscilloscope. 

As soon as the waveform began to
clip, I backed off the oscillator and
made fine adjustments until I judged
the output signal to be just on the verge
of clipping. At that point I recorded the
reading on the AC voltmeter. I repeated
this process for the other stereo chan-
nel. In virtually every case the outputs
of the two channels were within a few
percent of each other, so I averaged the
two readings to report a single value for
each amp. 
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POINTS TO PONDER
As I dove into the daunting task of
power measurements on 30 amplifiers,
I was confronted with some issues I
hadn’t previously considered. Foremost
among these was dealing with four dif-
ferent types of BJT (bipolar junction
transistor) audio power designs: quasi-
complementary symmetry (QCS), full-
complementary symmetry (FCS), dis-
crete integrated circuit (DIC), and com-
bined integrated circuit (CIC). The
basic differences between these de-
signs are displayed in Fig. 3. Not wish-
ing to place myself in the position of

comparing apples to oranges, I segre-
gated the data according to the type of
design.

Another issue was how to account
for amplifiers with split power supplies
in comparison to units with single-rail
supplies. In making the theoretical cal-
culations, I believed it was legitimate to
simply consider an amp with split sup-
plies of, say, ±30V to be the same as an
amp with a single-rail supply of +60V. A
peak-to-peak waveform excursion be-
tween −30V and +30V in a split-supply
system is no different from a similar
waveform oscillating from 0V to +60V in
a single-rail system. 

One amp surprised me with a nega-
tive single-rail supply voltage. Again I
simply treated that as though the supply
were positive. Also, several amplifiers
exhibited phase inversion. I made note
of that, but it doesn’t affect the data.

Obviously I didn’t perform all these

measurements in a day. This project
was strung out over a period of several
weeks. As I refined my ideas and tech-
niques, I found it prudent to re-test a
few amps I had tested earlier. 

I was annoyed to discover that DC
supply measurements—and the corre-
sponding power measurements—varied
somewhat from day to day and even
varied according to the time of day. All
except one of these amps have unregu-
lated power supplies, so consistency
from one day to the next is no better
than what my local electric utility pro-
vides from the wall socket. Fortunately,
I was seeking ratio relationships in this
study, which renders my results rela-
tively immune to daily fluctuations in
AC line voltage.

Obtaining consistent measurements
of the DC supply voltages drove me
nuts. Even after a ten-minute warm-up,
they all fluctuated somewhat. The
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TABLE 1
VOLTAGE AND POWER DATA FOR 30 AMPLIFIERS

BRAND MODEL VINTAGE DESIGN VDC VRMS
4 PRMS

6 PDC
7 PRMS/PDC PSOAP

8 % ERROR9

H/K SC-2520 19683 QCS + 55 14.4 26 47 0.55 28 + 7
Lafayette LA-125TA 1968 QCS − 63 16.3 33 62 0.53 37 + 11
Dynaco ST-80 1969 QCS + 65 18.5 43 66 0.65 39 − 10
Allied 498 1970 QCS + 82 23.3 68 105 0.65 62 − 10
Dynaco ST-120 1971 QCS + 75 23.6 70 88 0.80 --- ---
Sansui 55001 1972 QCS + 90 23.4 68 127 0.54 75 + 9
Marantz 2230 1972 QCS + 67 18.45 42 70 0.60 41 − 2
JVC VN-700 1972 FCS ± 34 18.4 42 72 0.58 43 + 2
Sony STR-7055A 1974 FCS ± 41 22.15 61 105 0.58 63 + 3
Technics SA-5550 1974 FCS ± 47 26.5 88 138 0.64 83 − 6
SWTPC 210/A 1976 FCS ± 75 46.0 265 351 0.75 --- --
Onkyo TX-2500 1977 FCS ± 32 17.9 40 64 0.62 38 + 5
Fisher RS-1058 1977 FCS ± 56 29.85 111 196 0.57 118 + 6
Pioneer SX-450 1977 FCS ± 26 14.25 25 42 0.60 25 0
Marantz 2230B 1977 FCS ± 34 18.65 43 72 0.60 25 0
Marantz 2226B 1977 FCS ± 31 17.3 37 60 0.62 36 + 3
Nikko NR-715 19793 FCS ± 35 19.6 48 77 0.62 46 − 4
Vector Rsch. VR-2000 19803 FCS ± 33 17.8 40 68 0.59 41 + 2
JVC R-S33 1980 FCS ± 38 20.3 52 90 0.58 54 + 4
H/K hk385i 1986 FCS ± 39 21.2 56 95 0.59 57 + 2
Pioneer VSX-9500S1 1991 FCS ± 70 37.5 176 306 0.58 184 + 4
Pioneer VSX-9500S2 1991 FCS ± 40 22.0 61 100 0.61 60 − 2
Technics SA-400 1978 DIC ± 42 21.9 60 110 0.55 61 + 2
Technics SA-202 19803 DIC ± 33 18.0 41 68 0.60 37 −11
Onkyo TX-1500MkII 1978 CIC ± 27 14.5 26 46 0.57 25 − 4
Sony HST-48 1978 CIC ± 27 13.5 23 46 0.50 25 + 8
Sansui R-611 1985 CIC ± 40 20.5 53 100 0.53 55 + 4
Philips FR-9201 1992 CIC ± 48 25.8 83 144 0.58 79 − 5
Technics SA-GX100 1991 CIC ± 43 22.1 61 116 0.53 64 + 5
Technics SA-GX4901 1995 CIC ± 67 34.3 147 280 0.52 154 + 5

Notes:
1. Main channels only.
2. Rear channels only.
3. Estimated date.
4. Measured at onset of clipping, 1kHz, RL = 8Ω, avg. of both channels.
5. Inverted output.
6. (VRMS)2/RL
7. Using Eq. 3, Z = 8Ω.
8. Using Eq. 5, with CSOAP values from Table 2.
9. [(PSOAP − PDC)/PSOAP] x 100



range of fluctuation was typically 0.2V
to 1.0V, the variance being greater on
the higher-powered units. 

To preserve my sanity, I recorded the
DC readings as nominal values to the
nearest volt. This annoyance occurred
in all the test units, and was most likely
caused by ripple currents, supply noise,
and minor variations in AC power. DC
line noise probably does contribute a
trivial amount of error to my results,
but since the relationship I’m exploring
is rough to begin with, I have no prob-
lem ignoring it. In similar fashion I’ve
rounded off the calculated power fig-
ures to the nearest watt.

As I began working with these ampli-
fiers I noticed that none of them
clipped symmetrically. Virtually all of
them commenced clipping either at the
top or bottom of the waveform, but not
both halves simultaneously. For the
purposes of this study I elected to de-
fine “clipping” as the very first sign of
peak flattening regardless of in which
half of the waveform the flattening first
appeared.

SOAP FACTORS REVEALED
The numbers in Table 2 sum up every-
thing I sought in this exercise. It turns
out the SOAP factor for QCS and FCS
amplifiers is about the same number,
0.6, while the SOAP factor for the IC
amplifiers is somewhat less, 0.55.

There were anomalies. In Table 1,
you see I omitted reporting a PSOAP
value for the Dynaco ST-120. As I exam-
ined the data for the QCS amps, the
PRMS/PDC ratio for the ST-120 stood out
like a sore thumb, 0.8, while all the rest
of the QCS figures are closer to 0.6. If I
had included the value for the ST-120
into the SOAP factor for the QCS amps,
it would have skewed the QCS SOAP
factor to a higher number and given
large errors for the PSOAP values for all
the other QCS amps. 

I instinctively thought the ST-120
should be omitted from the study, but
not without justification. Is there some-
thing unusual about the ST-120 com-
pared to all the other units tested? In-
deed, there is. The ST-120 is the only
amp in the test group that has a regulat-
ed power supply. 

The designer of the ST-120 obviously
was comfortable pushing the SOAP
limit on this amp, because he was as-

sured the power supply wouldn’t exhib-
it any DC droop even at maximum out-
put of both channels. Whereas, with the
more common unregulated supplies, a
more conservative SOAP factor is re-
quired because of anticipated DC sup-
ply sag at full power output.

While I was compelled to exclude the
ST-120 from the results reported in this
article, it doesn’t mean there is no
SOAP factor for that amp. It just means
there is probably a SOAP factor, but it
will need to be determined indepen-
dently for amps with regulated supplies
as a group. Since only one such amp

appeared among my test units, it repre-
sents an insufficient statistical sample.

You’ll note a similar situation per-
tains to the SWTPC 210/A amp when
you look at the FCS data in Table 1.
Again, the ratio is unusually high at
0.75, and I excluded the data for this
amp in calculating the SOAP factor for
the FCS amplifiers. I did so on the basis
that the 210/A is the only monoblock
amp in the crowd. Whereas all the
other amplifiers must supply current
demands to another stereo channel in
addition to the one that’s being mea-
sured, the 210/A has only one channel
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ECC81                   5.90 EL34G                   8.30 6L6/ 5881 WXT     9.00 5Y3GT                   4.80
ECC82                   5.90 EL34 (JJ)               8.50 6V6GT                   5.50 5Z4GT                   5.80
ECC83                   5.90 EL34(Large Dia) 11.00 6080                     11.50 SOCKETS ETC.
ECC85                   6.60 EL84                      5.50 6146B                  11.00 B9A (Ch or PCB)    1.60
ECC88                   5.70 EL509/519           13.00 6336A                  48.00 Ditto, Gold Pl.         3.00
ECF82                   5.50 E84L/7189             7.50 6550WA/WB       15.00 Octal (Ch or PCB)   1.80
ECL82                   6.00 KT66                   11.00 7581A                  12.00 Ditto, Gold Pl.         4.20
ECL86                   6.30 KT66R                 22.50 807                       10.70 UX4 (4-Pin)             3.60
EF86                      6.00 KT77                   13.20 811A                    11.80 Ditto, Gold Pl.         5.50
E80F Gold Pin     11.00 KT88                   13.50 812A                    31.00 4 Pin Jumbo           10.00
E81CC Gold          8.00 KT88 (Special)    17.00 845 (New des)     33.50 Ditto, Gold Pl.       13.00
E82CC Gold          9.00 KT88 (GL Type) 30.00 RECTIFIERS 5 Pin (For 807)        3.30
E83CC Gold          8.50 PL509/519             9.90 EZ80                      5.10 7 Pin (For 6C33C)   4.70
E88CC Gold          8.80 2A3 (4 pin)          15.50 EZ81                      6.00 9 Pin (For EL509)   5.00
6EU7                     7.00 2A3 (8 Pin)          17.50 GZ32                   15.50 Screen can B9A       2.20
6SL7GT                 8.90 211                       23.00 GZ33                   15.50 Ditto, Gold Pl.         4.30
6SN7GT                5.30 300B                    45.00 GZ34                     7.20 Top Con. (For 807) 1.70
6922                       6.40 6C33C-B             25.00 GZ37                   15.50 Ditto, (For EL509)  2.00
7025                       7.00 6L6GC                   7.60 5U4G                     6.30 Retainer (For 5881) 2.20

6L6WGC/5881      8.90 5V4GT                   5.00
******                       And a few ‘Other Brands’, inc. rare types                       ******
5R4GY Fivre/GE      8.50 6SL7GT  STC      13.00 13E1 STC          100.00 6550C Svetlana  18.00
5R4WGY Chatham 10.50 6SN7GT  Brimar 13.00 211/VT4C GE   120.00 6146B GE          18.50
5Y3WGT Sylv.         6.50 12AT7WA Mullard  6.00 300B JJ               56.00 A2900 GEC        15.00
6AS7GT Sylv.          12.00 12AU7 Mullard   12.50 300B Svetlana     80.00 E88CC Mullard   14.60
6AU6WC Sylv.          5.10 12AY7 GE / RCA 8.40 300B WE           195.00 F2a Siemens       145.00
6B4G Sylv.               27.00 12AZ7 West’h.      8.00 805 USA              52.00 KT66 GEC          69.00
6BW6 Brimar            5.40 12BH7A RCA     14.00 5842A GEC        15.00 KT88 JJ               17.40
6BX7GT GE / RCA   9.00 12BY7A GE         9.50 6080 Telef.          13.30 KT88 Svetlana     35.00
6CG7/6FQ7           8.50 12E1 STC            12.50 6550A GE           31.50 PX25 KR           128.00

ALL PRICES IN U. K. POUNDS £
Please note extras: carriage charge (£3.00 in U.K.) & in EEC VAT (17.50%).  When ordering please state if matching
required (add £1.00 per tube) .   Payment by credit card (VISA, AMEX etc.) or TRANSFER or CHEQUE (UK only).

FAX  email or POST your ORDER for immediate attention – We will send PROFORMA INVOICE if required.
MILLIONS OF OTHER TUBES & SEMICONDUCTORS IN STOCK!

**  Valve Amplifiers sound better still with CVC PREMIUM Valves! **
**
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which permits the full capacity of the
DC supply to be harnessed without any
other drains. 

In addition, the DC supply of this par-
ticular amp is stiffer than that of the
original design, since this was a modi-
fied unit in which I enhanced the sup-
ply by increasing DC filtration to
40,000µF by adding extra caps. That
gives the 210/A an unfair advantage
over the other amplifiers, which are all
stock units.

Regarding the data for the DIC and
CIC amps in Table 1, I was initially
tempted to separate them into two
groups. However, the PRMS/PDC ratios
for these amps are similar, and from a
design standpoint the two groups are
functionally equivalent. I therefore
lumped all the IC amps together and
derived a single SOAP factor for ICs as
a group. With a value of 0.55, the SOAP
factor for the IC amps is notably lower
than that for the QCS and FCS units,
which are discrete-transistor designs.
This makes sense, on the basis of ther-
mal considerations alone. 

With the large power transistors
scrunched up into the same package
along with the more delicate devices
used in the lower gain stages, the prob-
ability of thermal damage to the small-
er devices is increased. The solution is
to apply a more conservative safe oper-
ating area to the IC device as a whole,
resulting in a lower SOAP factor com-
pared to discrete designs where the
high-current output devices are physi-
cally separated from the lower gain
stages.

OTHER SOAP CLASSES?
As I considered the data for the 210/A, I
wished I had more “super-amps” avail-
able to include in my study. The 210/A is
a classic super-amp, and I wonder if
such amplifiers might also constitute a
separate group with its own SOAP fac-
tor. It would have been much more inter-
esting if I could have included test data
for an Ampzilla, Dynaco ST-416, Heath
AA-1800, Bose 1801, McIntosh 2300,
Adcom GFA-1, Carver M-400, or Phase
Linear 400 in comparison to the 210/A.

There is yet another class of ampli-
fiers deserving of a SOAP study: MOS-
FET amps. I do have a Van Alstine
MOSFET 120 but excluded it from my
study since I regard MOSFETs as a sep-

arate class; with only one unit I lacked
a sufficient statistical sample. MOSFET
amps incorporate the best features of
tubes and transistors, but they’re still
distressingly rare. The Yamaha B-2,
Acoustat Trans-Nova 200, and Hafler
DH-200 come to mind, but it would be
beneficial for audiophiles everywhere if
there were as many MOSFET models as
BJTs available for SOAP testing.

CLAIMS AND CAVEATS
At this point it’s time to place this work
in perspective and summarize what
can, and cannot, be accomplished with
quiescent DC supply measurements.
On the basis of the work described in

this article, I’m comfortable making the
following claim: Using equation 5 and
the SOAP constants from Table 2, it is
possible to predict within an error of
about 10% the RMS clipping power of a
stereo amplifier using only a quiescent
measurement of the DC power supply.
It’s a handy method for audiophiles,
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FIGURE 3: Typical power output circuits for bipolar junction transistor (BJT) audio am-
plifiers. a. Quasi-complementary symmetry (QCS); b. Full-complementary symmetry
(FCS); c. Discrete integrated circuit (DIC); d. Combined integrated circuit (CIC).
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TABLE 2
SOAP FACTORS FOR AMPLIFIERS

(STATISTICAL AVERAGE OF PRMS/PDC)
DESIGN TYPE CSOAP
QCS 0.59

FCS 0.60

DIC, CIC 0.55



technicians, and engineers to estimate
the approximate output of a power amp
that turns up with no schematics, man-
uals, or spec sheets, in circumstances
where the only available test gear is a
DC voltmeter.

Now for the qualifiers. For starters,
the amplifier must be in good working
order. It’s senseless (and possibly dan-
gerous) to make any kind of measure-
ment on equipment with corroded
switches, burnt fuses, leaking filter ca-
pacitors, or blown outputs. A power
claim based on DC supply measure-
ment cannot be used as a substitute for
an actual bench test, especially if the
unit is being offered for sale. 

Equation 5 isn’t presently valid for
super-amps (>200W/ch), MOSFET
amps, monaural power amps, tube
amps, or amps with regulated power
supplies. A DC-based power estimate
doesn’t tell you anything about the fre-
quency response of the amp, nor does it
give you an idea of what level of distor-
tion to expect at the onset of clipping.

There’s a final caveat I’ll address sep-
arately. The number you generate using
equation 5 most closely correlates to

the manufacturer’s stated performance
with one channel driven. You can’t use
it to predict power output with both
channels driven. However, I believe
that performance specs with one chan-
nel driven may actually be closer to
real-world behavior than the more con-
servative specification with both chan-
nels driven. 

I reason that power specs with both
channels driven are really only valid for
a common monaural input signal to
both stereo channels, resulting in maxi-
mum stress on the DC supply since
both channels are making identical in-
stantaneous current demands. But
monaural use in the typical home in-
stallation is relatively rare. More likely,
the inputs to the two channels will be
fed with non-identical stereo signals
whose peak power demands will con-
verge only occasionally. Thus, each
channel reproducing a stereo signal
will likely behave as though it is the
only channel being driven. 

GOING FORWARD WITH SOAP
In this article I’ve given SOAP con-
stants for three types of amplifiers, but

I’ve also identified at least five other
classes of amps for which no valid
SOAP constants are available. Obvious-
ly there’s a lot of work still to be done. 

If readers would like to measure VDC
and VRMS at 8Ω for their own amplifiers
(taking care to employ the procedures
described in this article), I would be
pleased to collect the raw data and peri-
odically revise the existing SOAP con-
stants as well as add new classes of am-
plifiers to the list. You can e-mail data
to me at: benpoe1@juno.com. If enough
good data is submitted, I’ll revise the
SOAP constants and update the list in
this publication with an occasional Let-
ter to the Editor. The greater the statis-
tical base for these figures, the better
off we all shall be. ❖
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I
n 1985, the illustrious Erno Borbe-
ly published an article in The
Audio Amateur1 describing the
design and construction of a high-

quality audio preamplifier. His design
included a unique approach to the
RIAA-equalized phonograph disc stage.

Traditionally, the phono preamp has
been implemented using an equaliza-
tion network in the feedback loop of a
high-gain, cascade feedback pair (CFP)
amplifier. Citing poor equalization ac-
curacy, dynamic range problems, and
overall bad sound, Richard Marsh2

and others developed passive solu-
tions to RIAA equalization—usually a
network sandwiched between two lin-
ear amplifier stages. In an attempt to
utilize the best features of each ap-
proach, Borbely devised a half-pas-
sive/half-active scheme for implement-
ing the RIAA equalization curve in a
very low-noise, high-headroom phono
preamplifier.

Being of the persuasion that insists
on tubes for highest quality sound, I be-
lieved that a vacuum tube implementa-
tion of the Borbely RIAA architecture
might make a superb-sounding phono
stage. Thus, when I needed a new pre-
amp for critical evaluation of other
components in early 2001, I began
work on the design in this article.

BACKGROUND
For those unfamiliar with the playback
requirements of phonograph records—
specifically the long-playing micro-
groove record (LP)—perhaps a brief
overview is in order. The process of cut-
ting discs is not a trivial one. The mod-
ern feedback-coil cutting head operates
as a “constant-velocity” device, in
which the recorded signal produces a
groove modulation with constant veloc-
ity with respect to frequency. This is in
contrast to the “constant-amplitude”
system, where the groove modulations
exhibit constant amplitude with respect
to frequency. In the constant-velocity
system, groove amplitude is in inverse
proportion to frequency when driven
with a constant voltage. 

The net result of this is a 6dB-per-oc-
tave rise in groove amplitude towards
low frequencies. To ensure that record
cutover (where groove amplitude is so

large that the cutting stylus blasts
through the groove wall) does not
occur, the RIAA specifies that all discs
cut in the US be equalized with a first-
order attenuation of low frequencies
below 500Hz, flattening at 50Hz. To im-
prove signal-to-noise ratio, a high-fre-
quency pre-emphasis is added with an
initial time constant of 75µs (approxi-
mately 2.12kHz). The RIAA playback
equalization curve is, therefore, the in-
verse of this characteristic, with a low-
frequency boost starting at 500Hz and
leveling off at 50Hz, and a high-frequen-
cy cut starting at 75µs.

Allen Wright has pointed out that
there is obviously a limit as to how high
in frequency the recording boost can
prevail,3 and this is generally accepted
to be in the neighborhood of 50kHz.
Therefore, in most modern phonograph
preamplifiers, the high-frequency de-
emphasis levels off above this point. It
would seem that a first-order differen-
tiator spanning the range of 20Hz to
20kHz during cutting would be much
easier to implement and decode, and
might sound better. Perhaps some
more studied readers could enlighten

This approach to RIAA equalization results in a high-quality phono pre-

amp featuring the high-transconductance 5842 tubes.  By Joe Tritschler

Borbely’s RIAA Preamp With Tubes
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me about why the RIAA decided on two
first-order transfer functions separated
by only a couple of octaves.

Implementing the RIAA equalization
characteristic in a low-noise disc play-
back amplifier has always been a for-
midable task, and the two principal ap-
proaches have been hotly debated. Bor-
bely’s solution is to use a wideband
voltage amplifier direct-coupled to a
passive low-pass filter for the 75µs
rolloff, and then an amplifier with ac-
tive shelving EQ for the
500Hz boost. Erno Borbe-
ly deserves kudos for his
extremely original and ef-
fective solution. Please
refer to his original arti-
cle1 for a detailed ac-
count of his design con-
siderations.

THE DESIGN
My phono preamp (Fig. 1)
begins with a common-
cathode triode amplifier
used as a linear voltage
gain stage. I chose the
5842 for its outrageously

high transconductance (gm) of 25mA/V
at the published nominal operating cur-
rent (25mA). High transconductance is
absolutely necessary for low noise, and
is important when the signal source is
good for only 3–4mVRMS at 1kHz (typi-
cal output for a moving-magnet phono-
graph cartridge). 

Quiescent plate voltage is set to ap-
proximately 100V with a plate current
of 10mA. This lower current results in
slightly lower gm (20mA/V), but it is still

much better than the typical low-gm,
high-µ twin-triodes such as the (miser-
able) 12AX7. Amplification factor (µ) at
this operating point is 42, and dynamic
plate resistance (rp) is 2kΩ. Plate load
resistor (RL) is 22kΩ, selected to be
more than ten times the plate resis-
tance for excellent linearity and high
gain. B+ is 320V, regulated. 

I used a 100Ω cathode resistor to bias
the tube to the required grid-to-cathode
potential of −1V, and inserted a 2200µF
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bypass capacitor to maintain low effec-
tive plate resistance and encourage
maximum gain. Input grid-leak resistor
can be 47kΩ or whatever the cartridge
manufacturer specifies for proper load-
ing; the same applies to any capaci-
tance added to the input. Just remem-
ber that amplifier input capacitance
due to the Miller effect is already
around 75pF, and be sure to include
cable/tonearm capacitance, which is ef-
fectively in parallel with the input,
when computing the necessary remain-
der. For the definitive analysis on prop-
er cartridge termination, refer to Ray-
mond A. Futrell’s excellent article.4

This stage is direct-coupled to a
shelved low-pass filter consisting of a
series 22kΩ resistor and shunt RC net-
work. Admittedly, a larger series resis-
tor would have presented a lighter
load for the first stage at high frequen-
cies, but only at the expense of mid-
band gain, and an effective high-fre-
quency load of five times the plate re-
sistance is still quite good. The RC net-
work consists of a 3.3nF capacitor and
1kΩ resistor.

Assuming second-stage input load-
ing of 220kΩ and bearing in mind that
the effective series resistance includes
the output resistance of the stage 
(rp || RL), the turnover point is within
1% of 75µs with a shelf within about 3%
of 50kHz. Midband gain is approxi-
mately 34.7, or 31dB, again assuming
the aforementioned loading condi-
tions, and including midband loss due
to the 75µs filter.

Fans of the legendary Charles Boegli
will immediately recognize the second
amplifier stage, which is configured as
an anode follower5, or inverting voltage
amplifier with shunt-derived/shunt-
applied feedback. I chose shunt/shunt
feedback for its profoundly better sub-
jective sound quality over conventional
series-applied feedback. Input series
resistor is 220kΩ in accordance with
previous assumptions, and this is in
series with a decoupling capacitor to
block the standing plate voltage from
the first stage. The feedback resistor is
also 220kΩ for approximately unity
midband gain, and the boost below
500Hz is courtesy of a series 1.45nF ca-
pacitor, which can be selected from
1.5nF capacitors.

For the 50Hz shelving frequency, I

encountered problems with insufficient
open-loop gain; neither a shelving resis-
tor across the feedback RC network nor
tuning the input network to 50Hz gave
adequate results because of this. After
much agony and frustration (and a
stern refusal to add more gain stages), I
discovered empirically that a bit of
“English” applied to the decoupling ca-
pacitor gives remarkably accurate con-
formation to the RIAA curve. The final
value of 18nF gives a predicted shelf
below 36Hz, but the actual turnover is
very nearly 50Hz. Grid-leak resistor is
2.2MΩ, selected to be ten times the
input and feedback resistances to mini-
mize the possibility of interaction. Out-
put capacitor is 2.2µF, and the entire
phono stage will drive loads down to
about 50kΩ without affecting gain or
RIAA accuracy.

CONSTRUCTION
I built the prototype on a piece of cop-
per-clad epoxy PC board material (Pho-
tos 1 and 2). The copper makes a very
good ground plane, which is important
for a low-hum preamplifier. The circuit
is point-to-point wired using terminal
strips, which I believe has far superior
sound to PC wiring. Resistors are
Allen-Bradley carbon composition with
5% tolerance, which I prefer over film
types for their sound despite less-than-
stellar noise performance (although if
de-rated to approximately one-third
their nominal power rating, noise and

stability are dramatically improved). 
Each plate load resistor is com-

posed of three 68kΩ, 2W resistors in
parallel to make a composite resistor
within 3% of the specified value. The
remaining resistors are all ½W types.
Decoupling and equalization capaci-
tors are metallized polypropylene
Sprague “Orange Drops,” which I use
here because they are cheap, available
in surplus, and pretty good in sound
quality. The 2200µF cathode-bypass ca-
pacitors are Nichicon electrolytics.
IERC heatsinks are used, which also
serve to shield the tubes.

TESTING
I tested the preamplifier for frequency
response and equalization accuracy
using a Fluke 407DR laboratory power
supply, Hewlett-Packard 33120A 15MHz
signal generator, and Tektronix AA501
distortion analyzer used as a high-preci-
sion AC voltmeter (Table 1). Standard
values are taken from a modified ver-
sion of a computer program found in
Morgan Jones’ excellent volume, Valve
Amplifiers.6

As you can see, the equalization is
accurate within 0.4dB from 10Hz to
100kHz. Most of the variation occurs
between 50 and 500Hz, probably be-
cause I made no concentrated effort to
select parts. The 1.45nF capacitor pre-
viously mentioned is most likely the
culprit, being directly responsible for
the 500Hz turnover frequency. Gain at
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TABLE 1
PREAMP RESPONSE

FREQUENCY STANDARD GAIN (dB) MEASURED GAIN (dB) ERROR 

(Hz) (REF. 1kHz = 0dB) (REF. 1kHz = 0dB) (dB)
D.C. (0Hz) +19.9 −∞ −∞
10 +19.7 +19.5 −0.2
20 +19.3 +19.7 +0.4
50.05 +16.9 +17.0 +0.1
70 +15.3 +15.1 −0.2
100 +13.1 +12.8 −0.3
200 +8.2 +7.9 −0.3
500.5 +2.6 +2.5 −0.1
700 +1.2 +1.2 0.0
1k 0 0 0.0
2k −2.6 −2.6 0.0
2.122k −2.9 −2.9 0.0
5k −8.2 −8.3 −0.1
7k −10.7 −10.8 −0.1
10k −13.6 −13.7 −0.1
20k −19.0 −18.9 −0.1
50k −24.5 −24.4 +0.1
70k −25.7 −25.7 0.0
100k −26.6 −26.7 −0.1
200k −27.3 −28.8 +1.5



1kHz is 30.8dB, resulting in only
140mV output from a 4mV cartridge, so
a line stage will be required to drive
most power amplifiers. This situation
is similar to that encountered with
tube-type FM tuners.

I then tested the preamplifier for
sonic quality using a Lambda Model C-
481M-505 regulated power supply,
Thorens TD-125 turntable, Premier
MMT tonearm, and Shure M97xE mov-
ing-magnet cartridge through home-
brew tube power amps and speakers
and a variety of (mostly jazz) LPs.
While this is a simple setup by audio-
phile standards, the sonics can hardly
be described as modest. The sound of
this preamplifier is clean, natural, and
balanced, without a trace of harshness
or exaggerated “tube warmth.” Detail
is excellent without being obnoxiously
analytical.

The Sheffield Labs direct-to-disc
recording of Harry James, the King
James Version, yields so much realism
that the Chair of the EE department at
Wright State University commented,
“I’ve never heard recorded music
sound like this before.” Hum and noise
are truly negligible. In fact, this preamp
has been a fixture in my main hi-fi sys-
tem for over two years, shattering the
normal lifespan of a component by at
least 18 months.

If and when time permits, I plan to
construct a second stereo preamplifier
using non-inductive wirewound preci-
sion resistors and oil-type Sprague Vita-
min-Q capacitors. I strongly encourage
any reader looking for a high-quality
phonograph preamplifier to try this one.

For those not willing to use NOS 5842’s,
a kit version of this preamp using a par-
alleled 6922 in place of each is available
from Tritschler Precision Audio
(www.tritschlerprecisionaudio.com). If
there is significant interest in the proj-
ect, a PC board will be made available
through Old Colony Sound Lab.
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TABLE 2
PARTS LIST

COMPONENT DESCRIPTION
C1 CL
C2, C6 2200µF, 10V
C3 3N3
C4 18N
C5 1N45
C7 2µ2
K1, K2 RCA
R1 RL
R2, R9 82
R3, R10 22k, 5W
R4 22k
R5 1k
R6, R7 220k
R8 2M2
R11 10M
V1, V2 5842
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I
chose the Woodstyle WS123REV
cabinet because it had sufficient
volume to accommodate bracing
and driver and port volume (Photo

4). I used the REV version instead of
the standard version because it revers-
es the width and depth ratios, having a
more narrow front (12″) and greater
depth (14.5″), which has several bene-
fits. First, it’s possible to fit a 3″ ID port
with the required length necessary for
a moderately low cabinet tuning (range
of 32Hz). Next, the narrower baffle
moves the baffle step frequency up to a
slightly higher range, which eases the
crossover baffle step compensation. 

Also, my experience is that the
greater cabinet depth allows the greater
absorption of the mid-woofer back wave
in the midrange without overdamping
the bass. Lastly, the proportions are es-
thetically more pleasing to me, particu-
larly since it results in a smaller front
panelwhich is more apparent than
the cabinet depth from most listening
positions. This makes the speaker ap-
pear smallerrarely a shortcoming, in
my experience. 

If you prefer to start from scratch in
building this, use the overall dimen-
sions in my detailed drawings as a
guide (Figs. 12 and 13). I recommend
using a locking dado construction for
the front and rear panel. To match the
precision of the Woodstyle enclosures,
you’ll need to do repeatable setups to
¹⁄₃₂ of an inch. For those interested in
working with the Woodstyle enclosure,
I’ll detail step by step how to modify it
for this speaker system.

FRONT SUB PANEL
Starting with the Woodstyle enclosure,

my first step was to mask off the area
where the supplementary front sub
panel is attached. I used a scribe to
mark off the area where it will be at-
tached (Photo 5), then masked the
outer area using Scotch safety release
masking tape (the heavy flat white
paper masking tape, not the beige
crinkly stuff more often used for quick
painting tasks). 

Then, using a small hand-held orbital
sander, I removed the black paint finish
in this area. This is probably the single
most annoying task in this project, be-
cause the clear coat applied to the
black paint on the front panel tends to
clog even coarse 100-grit paper. Using a
wire brush on the sandpaper will help
keep it clean. 

I made the supplementary front sub
panel from ¼″ hardboard; not the stan-
dard Masonite, but a hardboard more
nearly resembling HDF, and finished
smooth on both sides. I obtained mine
from a local home improvement center
(the one with the orange paint theme).
This material is similar to ¼″ MDF in
color, but seems stronger and stiffer.
When gluing and clamping this panel to
the speaker front, be careful to line it up
per the drawing dimensions (so it will
clear the grille panel), and if you don’t
have bar clamps, use extra wood pieces
behind the clamps at the rear panel. 

You can use standard wood glue
such as Titebond, but for all bracing
and supplementary panels I used two-
part epoxy (30 minutes drying time).
You’ll probably find the best price on
epoxy from places selling supplies for
fiberglass repair or lay-up. Local hard-
ware stores are expensive for smaller
sizes, such as a dual tube plunger.

Some national discount stores such as
Wal-Mart are about 35% less.

Epoxy, though expensive, seems to
produce some of the best-sounding
joints (minimal sound)4, and is relative-
ly non-critical of glue joint thickness
so that’s what I use. Feel free to experi-
ment, but realize that if you do, you
may wind up with a very different result
than I did. 

I evaluated the tweeter and mid-
woofer positions using Baffle Diffrac-

The author provides cabinet design and construction, driver measure-

ments, and crossover design and construction in the detailed second

part of this two-way speaker project.  By Jon Mark Hancock

An Unorthodox Two-Way, Part 2
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PHOTO 4: Finished speaker on stand.



tion Simulator from Paul Verdone,
available as freeware from the FRD con-
sortium website7. The mirror image off-
set for the tweeter location distributes
the edge diffraction effects over a wider
frequency range and reduces the im-
pact at any one frequency. 

Next, I marked the position for the
woofer and tweeter centers (see Fig. 13
for front panel dimensioning) and,
using the world-famous Jasper jig, rout-
ed out the mounting flanges, setting up
for an outside diameter on the tweeter
hole of 4.25″, and 8.5″ for the woofer
(Photo 6). I used a ¾″ router bit and ad-
justed the location of the hole size pin
to compensate for the extra bit size
compared with the nominal ¼″ for the
Jasper jig calibration. The mounting re-
cesses were ³⁄₁₆″ deep. After cutting out
the woofer and tweeter holes, check the
driver fit (Photo 7).

BRACE INSTALLATION
First, I installed the top to bottom side
braces. Refer to Fig. 12 for dimensions
and positioning; they are mounted
flush to the inside of the front panel
and the bottom of the enclosure. Their
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FIGURE 12: Side construction view of modified Woodstyle enclosure with dimensions.

B-2239-12
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length is limited by how long a piece
you can insert through the woofer hole
and still clear installing it to the side. 

I found this easiest to do by laying

the enclosures on their side, taking
care to protect the finish, and first in-
stalling both side wall braces for one
side. I provided clamping force while
the epoxy set using some Plitron power
transformers and inductors which I had
on hand, but I’m sure something more
pedestrian, such as bricks, would work
just as well. Install braces for the other
side wall in the same manner after the
first ones have set up. 

I prefer not to have tweeter mounting
plates subject to back wave pressure
from the low-frequency drivers, so I
used 1 × 6 (which is actually 0.75″ ×
5.5″) oak to produce a tweeter “sub en-
closure.” Cut identical pieces 8.5″ long,
but cut one with the same 3.2″ diameter
hole as for the front baffle tweeter
cutout. The easy way to do this is to
hold the piece in position by hand and,
using a marker pen, trace the hole out-
line in the front panel. First, I glued and
clamped the brace with the tweeter
clearance hole, thenafter it setsse-
cured a second solid brace. 

After mounting the tweeter backing
panels, the next step in reinforcing the

enclosure is to glue the 1″ × 3″ braces
above, below, and to the sides of the
woofer mounting hole. Standard
clamps work well for gluing these
braces in place (Photos 8 and 9). After
the front panel braces had set up
overnight, I used a router with a roller
bit to follow the panel cutout and cut
out the braces (Photos 10 and 11).

Following this, you can glue the bot-
tom and top wall braces in place after
fabricating them from 1 × 6″ material.
Note that the top wall braces can run
the full width of the internal wall, so
they can be cut to about 10″, while the
bottom wall braces must allow for the
side wall braces, and so should be the
same width as the tweeter braces,
about 8½″.

Last I mounted the internal braces
for the rear panel (above and below the
pre-cut cup holesee Fig. 12) and cut
an additional MDF board for an exter-
nal rear panel brace. With this brace ex-
ternal, you can accommodate a longer
port and avoid reducing the box vol-
ume. For one set of the MkIIIs, I made
this panel full length of the top to bot-
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FIGURE 15: Near-field measurements of 21W8554 (½″ to cone)
at center, mid-way from center to cone edge, and cone edge
near surround. B-2239-15

FIGURE 13: Front construction dimensions, showing tweeter
and woofer locations (mirror right and left), with front panel
build-up using ¼″ HDF.

B-2239-13

FIGURE 14: Impedance plot for 21W8554, highlighting the
“wrinkles” in free air curve. B-2239-14

PHOTO 6: Driver recesses routed in front
panel build-up.

PHOTO 5: Masked and sanded, ready for
attaching front panel build-up.



tom, but for the other and the MkIV, it
was shorter (Photo 12). I beveled the
side and top cuts by 30° from the verti-
cal, and, like the front baffle panel, I
sanded the cabinet to remove the origi-
nal paint before gluing the new panel. 

PORT INSTALLATION
After gluing the internal bracing in
place, the next step is to mark the posi-
tion for the mounting hole for the bass
reflex port, and to cut this port. I used a
3″ diameter Precision Port assembly,
with flared inner and outer pieces. In
principle, you can cut the baffle hole for
the port to the inner radius of the
mounting flange and then install the as-
sembled port through the baffle hole.
However, this results in a relatively
large cutout hole, which weakens the
enclosure wall. I decided to minimize
the size of this hole, which requires a
bit more care in the assembly and in-
stallation of the port. 

The preferred method is to use a hole
saw and drill press. I have an old Crafts-
man setup I keep around for jobs like
this. Otherwise, mark the 4″ diameter
circle with a compass and use a fine
scroll cutting blade in a saber saw, tak-
ing care not to overheat the blade by
cutting too fast. To use a mounting hole
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PHOTO 10: Ready to mill out woofer open-
ing in front panel braces.

PHOTO 9: Completing clamping the front
panel braces in the woofer area.

PHOTO 8: Clamping woofer opening interior
braces.

PHOTO 7: Checking driver fit after cutting
holes.



this small for the port, you’ll also need
to provide some relief on the port hole
to clear the flare. The simplest way to
do this is with a 45° bevel router bit
with a roller bearing follower. I’ve
found Bosch makes a nice bit for this
kind of job. 

I set the bit to cut 0.4″ deep, then
checked it against the flare and took a
little more off until the port flare would
sit flush. With the roller follower, align-
ment of the cut is a non-issue; it’s all
controlled by the depth and your origi-
nal cutout. 

Photo 13 shows the cabinet back
panel after routing the port bevel. Note
that you should cut the center piece so
that the total port length, including
flares, is about 1″ longer than the calcu-
lated length from your design program
or manual calculations. For this design,
you must cut the center pieces 3.5″
long. Using PVC welding cement, glue
the rear flare and the cut tube together.
I didn’t install the port yet, because
there’s a few more steps to be complet-
ed first. 

Now it’s time to reach for the safe re-

lease masking tape again. As shown in
Photo 14, mask off the painted areas of
the front panel and the sides of the cab-
inet in preparation for painting the un-
finished portion of the front panel. Use
your favorite satin or gloss black enam-
el, with sufficient drying time between
several light coats. Even though this is
“safe release” masking tape, I still re-
move it fairly soon after the last coat is
reasonably dry. Let the paint harden at
least overnight, then mask and paint
the rear walls in a similar fashion. 

Before attaching the main port flare,
I check the position and fit, mark drill
holes with a center punch, and drill
pilot holes for the “grabber” screws,
which have extra large flat heads. I
quickly apply a healthy bead of hot glue
on the bevel area and a small bead on
the flat area at the edge of the bevel,
then install the flare and seat it firmly
to spread the glue. After installing the
mounting screws, I use the welding ce-
ment to attach the body of the port to
the port flare. 

Keep in mind the clearance between
the port and the rear of the front panel.

I carefully controlled the components
and total height of the tweeter Zobel
network board, which I mounted on the
rear of the built-up front panel behind
the tweeter, so it’s important to have
enough clearance to slide it into place.
If you’re not sure about the room you
have, or the total board height, you may
wish to leave the final port assembly
until after you have mounted and wired
the Zobel board. 

The final step is to install a brace
side to side to further reduce the side
panel flexure. Quite simply, cut a 1″ × 4″
oak 9″ in length for a snug fit between
the braced cabinet walls. 

I mounted mine between the second
set of side wall braces (toward the rear),
just below the hole for the reflex port. I
used a rubber mallet to tap it into place,
first coating the ends with some epoxy
and locating one end firmly in the posi-
tion I wanted it in the cabinet, then tap-
ping the other end with the mallet to
scoot it into position. Photo 15 shows
how it looks through the woofer hole
after installation. This brace isn’t ab-
solutely necessary, but I found it does
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FIGURE 18: Impedance plot for Vifa XT-25. B-2239-18

FIGURE 19: Predicted impedance of Vifa XT-25 with calculated
Zobel network. B-2239-19

FIGURE 16: Free air impedance plot of HiVi Research M8a.
B-2239-16

FIGURE 17: Near-field measurements of M8a at center, mid to
edge, and edge near surround. B-2239-17



further stiffen the sides and reduce the
panel resonance. 

LF DRIVER MEASUREMENTS
I evaluated drivers and worked with the
first crossover concepts using a simple
particleboard sealed box, as well as an
older Woodstyle enclosure. First, con-
sider an 8″ driver I used previously for a
three-way system, the Scan-Speak
W21/8554 (Photo 16). Figure 14 shows a
measured impedance curve, while Fig.
15 is a graph of the near-field measured
frequency response at three positions:
the center, midway towards the sur-
round, and at the edge near the sur-
round.

The first impedance glitch at 700−
800Hz seems to correspond to a slight
dip in the response, followed by the
“classic” Scan-Speak rising amplitude
characteristic. The near-field response
tracks quite closely across the cone
until this mode is encountered, then di-
verges somewhat up until about
1600Hz. Then, above 2kHz there are

large perturbations in the response, as
additional modes kick in. 

Based on my experiences testing
drivers and commercial speakers, I pre-
fer operating drivers within their pis-
tonic mode and seeing cone modes at-
tenuated by at least 20dB or more
preferably 40dB. For this reason, the
crossover frequency should stay below
the first cone breakup in the mid-
woofer passband. This is often not the
first obvious peak in the response
curve, which is why a careful examina-
tion of the impedance curve and the
near-field response can be very helpful. 

I eventually settled on the Hi-Vi Re-
search M8a (Photo 17), an 8.5″ frame
mid-woofer with a concave aluminum
magnesium cone. The impedance
curve looks clean until the first major
mode at about 2.3kHz (Fig. 16), and the
near-field response tracks well (Fig.
17). The response rise at the first
breakup mode at 2.5kHz is relatively
low in Q compared to some other 8″
metal cone drivers I tested, and I
hoped it would require less extreme
crossover measures to tame. 

The response curves measured at
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PHOTO 11: Front panel braces routed and
tweeter sub-baffle installed. 

PHOTO 12: Back.
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three near-field positions track well,
showing close tracking up to about
3kHz. With this type of driver, and the
challenge of mating it as a two-way, the
elliptic crossover design proved to be a
very important factor in the success of
the project, and, as we’ll see, enabled
the response to be tailored closely to
the overall requirements.

CROSSOVER DESIGN
The basic process for measuring driver
response and importing data into PC-
based software for crossover design has
been described at some length by many
others, so I won’t recapitulate
very much of that here. There
are a few points I’ve found
which make the process go
more easily and consistently,
so perhaps a brief discussion of
those issues will be helpful for
others.

For ease of data import to
LspCAD, I use the DOS version
of the Audiomatica CLIO soft-
ware when making measure-
ments for import, as its output
data format is supported direct-
ly by LspCAD as well as other
crossover design software. I
also use CLIOWIN, whose flexi-
bility I find very useful for driv-
er investigationsbut its data
format for MLS output isn’t
compatible with many pro-
grams expecting the output
from the DOS version.

If I had measured the drivers
in the final enclosure design at
“far field” (2m or more), then
the required compensation for
baffle step would be straightfor-
ward, as it’s a function of the
measured response versus the
desired acoustical response.
But since I was measuring
somewhat closer to reduce
room reflections for MLS mea-
surements with 200Hz band-
width, this required that I esti-
mate the compensation for baf-
fle step using a combination of
the BDS simulator by Paul Ver-
done, and comparing against
my near-field driver results. 

The next step is to produce a
file for the tweeter that is just
for impedance compensation

a single driver project. For tweeters
such as the Vifa XT25 which do not use
any LF damping with ferrofluid, the im-
pedance rise at resonance is substan-
tial (Fig. 18) and will interact with the
crossover filter unless its corner fre-
quency is several times higher. 

I prefer to start the tweeter network
design with a full impedance compen-
sation Zobel, optimized for as close to
a ruler flat impedance curve for the
tweeter as I can get. This also has the
benefit of assuring very consistent fre-
quency response when an L-pad is
used with a wide range of attenuation

46 audioXpress 10/03 www.audioXpress.com

       

    

DO YOU HAVE
SURPLUS STOCK
OF SPEAKERS?

• US & European drivers & 
tweeters preferred

• Quantites from 500 to 
large quantities

• Prompt payment
• Contact us with details

Electus Distribution
Sydney, Australia

email:
mreynolds@electusdistribution.com.au

Fax: 61 2 9741 8500
www.electusdistribution.com.au

PHOTO 15: View showing side to side brace and in-
terior view of port.

PHOTO 14: Front masked and ready to paint.

PHOTO 13: Back panel after routing for port mounting
flare.



variation. While this is unlikely to
happen in a single design, if you like
to “recycle” your network designs, it’s
a must. 

Since from the outset I knew there
was interest in a boundary loaded
smaller version of this speaker, as well
as an MTM, this flexibility was manda-

tory. While it’s not uncommon for “pro-
duction” speakers to use a single resis-
tor for tweeter attenuation and optimize
all the component values so that the de-
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FIGURE 20: Low-pass crossover, final design for LP board.

B-2239-20

PHOTO 16: Scan-Speak 21W8554 sample. PHOTO 17: HiVi Research M8a mid woofer.

FIGURE 21: High-pass board crossover schematic.

B-2239-21



sired acoustic transfer function is
achieved with a single resistor, any
need to adjust the tweeter level up or
down may result in the shape of the fil-
ter transfer function being altered by
the change in impedance seen by the
network. My experience has been that
minimizing these kinds of interactions
in the early design phase pays benefits
in finishing quickly a consistently per-
forming designyou can optimize for
cost reduction later, and for most DIY
constructors, the price of a few resis-
tors is a non-issue anyway.

Figure 19 shows the predicted imped-
ance curve after selecting the Zobel val-
ues. No, this isn’t a typo or mistake
the resistance and impedance of the
XT25 are rather low, and I would proba-
bly even call it a 3Ω tweeter myself, not a
4Ω as it is specified. It is probably not
the tweeter to use for a SET friendly
amp design!

Even when I know well the approxi-
mate level I’ll be using and required
padding, I start with no pad and set up
the network topology and optimize for
the acoustic transfer function. Then, I
freeze component values, add the L-
pad, reset the level, and let the optimiz-
er dial in the attenuation. This results
in L-pad values which are “classic,”
and avoids impedance interaction in
the network. 

I’ve found that if I optimize the cir-
cuit at once, it may use the impedance
interaction of a specific set of attenua-
tion resistors to control part of the
slope, and result in a network that
works properly at only one attenuation
level. Since the optimizer is “dumb”
about these issues, you must be the
smart one.

Other considerations for the woofer
network and optimization, beyond the
nominal acoustic transfer function tar-
get for LP network, include baffle step
compensation and compensation for
driver acoustical distance behind the
tweeter, plus attenuation of the cone
resonant peak. In general, the network
topology is that of a conventional
fourth-order LP network, with the addi-
tion of a zero in the transfer function
by means of C1031. L1031 and C1031
are selected to optimize the slope of
the LP cutoff to the acoustic target
(eighth-order L-R), and also to tune the
notch in the response to the driver
peak at roughly 2.5−2.8kHz.

You achieve baffle step compensa-
tion by the interaction between the pri-
mary inductor, L1011, and the RC net-
work formed by C1061 and R1061 in
parallel with the driver impedance.
Within a limited range, you can adjust
the baffle step compensation by chang-
ing the values of this RC network. The
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FIGURE 22: Tweeter Zobel board network, connected between HP network and tweeter
(note tweeter polarity).

B-2239-22



change in the effective load impedance
presented to the filter network as a re-
sult of the use of the baffle step com-
pensation requires adjustment of other
component values, which is how the op-
timizer “pays its keep.” 

As a final step, I try adjusting induc-
tor values to the nearest conventional
available value, and re-run the optimiz-
er once again to finalize the capaci-
tance values. Last, I double-check the
optimizer to make sure I haven’t pro-
duced a monster network with unusual
impedance dips that only an Aragon,
Krell, or Bryston amplifier will drive
comfortably (Figs. 20−22).

RESPONSES
Figure 23 shows the predicted compos-
ite response; note that the tweeter mea-
surements were made in a test box
which didn’t use any diffraction sup-
pression techniques, and I believe the
roughness in the 6kHz and 12kHz areas
is due to this. I don’t think this is some-
thing to address in the crossover de-
sign, but rather by the baffle layout and
diffraction suppression techniques,
which I’ll describe next month in the
final assembly. Note the expanded ver-
tical scale compared with typical
crossover plots, covering a range of
60dB. A more conventional plot range
of 30dB would not show the notch and
“bounce-back” of the filter network. 

This predicted response includes the
effect of adding a 60mm acoustic center
offset in LspCAD for the mid-woofer, to
model explicitly the difference in
acoustic origin relative to the front

panel, and modifying the tweeter slope
and woofer slope slightly to achieve op-
timum summing on the design axis,
which is midway between the woofer
and tweeter. ❖
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FIGURE 23: Predicted 1m response using LspCAD. B-2239-20
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F
igure 9 shows the important el-
ements of a common speaker
driver. Basically, it is a compli-
cated damped mass-spring sys-

tem. The obvious mass is the combined
mass of the cone, dome, and voice coil,
plus about 1/3 of the mass of the sur-
round, spider, and lead wires. The spi-
der, with some help from the surround,
provides the stiffness (newtons of force
per meter of resulting motion). 

Damping results from internal fric-
tion in the surround and spider plus
electromagnetic damping provided by
the interaction between the magnetic
system and the voice coil. (These consti-
tute a generator, with the load being the
amplifier’s output resistance, the voice
coil resistance, and the resistance of the
wires from amplifier to speaker. Thus
any motion of the cone results in coun-
tervoltage being generated in the voice
coil, producing current in the coil/
wire/amplifier circuit, and resulting in
heat being dissipated in the wires and in
the amplifier’s output devices.)

Less obvious mechanical elements
that affect the speaker are (1) the mass
of the air close to the cone, whose mo-
tion follows that of the cone, and (2) the
equivalent resistance (called radiation
resistance), represented by the acousti-
cal energy radiated from the cone. Nu-
merous authors, notably Harry Olson1

and Leo L. Beranek2, have presented
equivalent circuits for loudspeaker
drivers. Beranek’s is shown in Fig. 10.
These equivalent circuits are valid only
for low frequencies, because at high fre-
quencies, the cone does not move as a
single mass, so you must use a much

more complex model. Beranek defines
low frequencies as those for which the
wavelength is greater than three times
the cone diameter.

The values shown for the circuit ele-
ments are as follows, from left to right:

• Voltage source: the force resulting
from the input voltage (eg), and  mag-
netic field strength (B), interacting
with the length (l) of wire in the voice
coil, in the presence of the amplifier
and voice-coil resistances, Rg and RE,
respectively.

• The damping provided by the same
electromagnetic system.

• The mass of the coil, cone, and so on
(as described previously).

• The mechanical resistance of the spi-
der and surround.

• The compliance of the
spider and surround.

• Twice the mass of air that moves with
each side of the cone mounted in a
baffle.

This circuit ignores the inductance
of the voice coil, which is important
only at high frequencies, and the radia-
tion resistance, which is usually much
smaller than MM1.

Notice the force generated by the
speaker’s motor system. It is just the
product of the electrical current 

,

the magnetic flux density (B), and the
length of wire (l) in the voice coil. Thus

Eg

g

RR

e

+



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

stiffness

1

In Part 1 we became acquainted with filter terms, basic equa-

tions, and types. Now let’s put this theory to work in part 2. 

By Richard Honeycutt

The ABCs of Filters, Part 2
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FIGURE 9: Cross-section
of speaker driver.
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the term Bl acts analogously to the
turns ratio of a transformer from the
electrical to the mechanical domain. A
resistance that appears on one side of a
transformer is reflected on the other
side by the product of that resistance
and the turns ratio squared; thus, the
B2l2 multiplier. The electrical resis-
tances appear in the denominator be-
cause, from the mechanical side, they
act as though they were in parallel with
the force source.

Understanding these analogous cir-
cuits is easier if you know the meaning
of the subscripts. They are: generator
(g), electrical (E), mechanical (M), di-
aphragm (D), suspension (S), and the
“radiating side of the cone” (l).

Notice that if you combine similar el-
ements in this circuit, it is a series com-
bination of a voltage source, induc-
tance, capacitance, and resistance. You
can predict the low-frequency behavior
of the driver by plugging this circuit
into a circuit simulator such as
Pspice, provided that you use the cor-
rect values for each circuit element.
(Showing how to calculate these values
is beyond the scope of this article.) 

Did you notice that the circuit of Fig.

10 is just a second-order LRC filter?
Since it is a series circuit, the Q is de-
fined as:

(9)

where M and R are the total mass and
total resistance, respectively.

SPEAKER IN A SEALED CABINET
When you enclose the speaker in a
sealed cabinet, three things happen.
First, the sound radiated from the rear
of the cone is contained so that it can-
not interfere constructively and de-
structively (adding to and subtracting
from) the sound radiated from the front
of the cone. Interference from the back
wave is not included in the equivalent
circuit model for a speaker driver. 

The second effect of the sealed cabi-
net is that the trapped air acts as a
spring, which adds to the stiffness of
the speaker. The third effect is that any
acoustically absorbent material in the
cabinet, plus any small air leaks, add
resistance to the circuit. Figure 11
shows the equivalent circuit of a speak-
er driver in a sealed box.

R
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R
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R
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FIGURE 10: Simplified electromechanical analogous circuit for loudspeaker driver3 in
a baffle. (Radiation elements have been omitted.) B-2233-10
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FIGURE 11: Simplified electromechanical analogous circuit for loudspeaker driver in
sealed cabinet4. (Radiation elements have been omitted.)
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FIGURE 12: Sample frequency responses
for driver in sealed cabinet (solid line: Q
= 0.5, dashed line: Q = 1.2).
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FIGURE 13: Frequency responses for
sealed cabinets of different sizes.
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Notice that the only change between
Fig. 10 and Fig. 11 is the addition of the
mechanical resistance and compliance
of the cabinet, RMB and CMB. The circuit
is still a second-order filter fed by a volt-
age source. The only difference is that
the combined resistance is slightly larg-
er than for the driver alone, and the com-
bined compliance is smaller (since com-
pliance is modeled as capacitance, and 

).

Since the speaker driver in a sealed
cabinet is essentially a filter, you can
control the filter damping (mainly
through choice of a driver with the ap-
propriate QTS) so as to obtain a Bessel,
or Butterworth, or Chebychev, re-
sponse. Or, for that matter, if your
name is Ogwally, and you wish to docu-
ment a particular response that has not
previously been studied, you could
build the first speaker system with an
Ogwally alignment! 

Notice that I sneaked in the term
“alignment” here. Previously, I dis-
cussed choosing certain filter families.
However, Thiele and Small refer to this
process as choosing an alignment.
While this terminology was enlighten-
ing for electrical engineers who were
familiar with filter design, for others, it
seemed mainly to add an element of
mystery to speaker design. 

Prior to the publication of Thiele’s
and Small’s work, we just built a box
big enough to obtain the low-frequency
cutoff we wanted, lined it with fuzz, and
listened and bragged. After the new ter-
minology was introduced, we had to
worry about choosing an alignment, for
goodness sake! Well, now I hope the
mystery has been cleared up.

Now that I have an equivalent circuit
for a sealed-box speaker, how do I pre-
dict the frequency response? I could go
through the math for the equivalent cir-
cuit, then convert the resulting volume
velocity (analogous to current, remem-
ber?) to SPL; but once again, Beranek
has rescued us. 

The rather complex equation for the
SPL output from a speaker splits into
two parts: the “source” part and the “fil-
ter” part. The “source” part includes
such factors as the electromagnetic
motor strength, but is independent of
frequency in the range in which my
analogous model is valid. So all I need
to deal with is the “filter” part of the
equation. While this part is still alge-
braically messy, Beranek simplified it
by normalizing the various 2πf terms
into ω/ω0 terms, where ω = 2πf is the so-
called angular frequency, and ω0 is the
angular frequency at resonance (2π
times the critical frequency). Since you
can completely specify the response of
a second-order filter if you know the
critical frequency and the QTS, Beranek
reduced the equation for frequency re-
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FIGURE 15: The effects of varying α.
(From top to bottom, the curves repre-
sent VB = 1.4VAS, VB = VAS, VB = 0.7VAS;
for all curves, h = 1, QTS = 0.4, and QL =
7) B-2233-15
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FIGURE 16: Effects of vent tuning. (From
top to bottom, the curves represent fBOX
= 1.1fSPKR, fBOX = fSPKR, and fBOX =
0.9fSPKR; for all curves, α = 0.7, QTS =
0.4, and QL = 7.) B-2233-16
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FIGURE 14: Simplified electromechanical analogous circuit for loudspeaker driver in
vented cabinet. (Radiation elements have been omitted.)
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sponse shape to:

(10)

For example, if you design a speaker
system that resonates at 60Hz, and you
try one design with a system QT of 0.5
and another with QT of 1.2, you can plug
equation (10) into a graphing program
such as MathCAD or a spreadsheet or
a graphing calculator, and come up with
the responses shown in Fig. 12.

Two items are left to discuss. First,
you probably noticed that I plotted the
curves based upon the system QT
rather than the QTS of the driver. Since
the equivalent circuit for the driver in
the box is different from that for the
driver alone, the two Qs will not be the
same. The system QT is related to the
driver QTS by the equation:

(11)

where α is the compliance ratio
CMS/CMB and QTS is the driver Q.
(While speaker compliance is not usu-
ally published, the related value VAS
usually is, and CMS/CMB = VAS/VAB,
where VAB is the volume of the cabinet.) 

Second, ω0 is the system resonance
frequency, not the speaker resonance
frequency. You can find it using

.
Figure 13 shows the effect of box

size, with sizes chosen to represent
Bessel, Butterworth, and 2dB Cheby-
chev responses. In each case, the driver
QTS is 0.5. (However, the three speakers
do not have the same value of f0.)

Conceptually, the reason that a high-
er compliance ratio increases the QT is
that a high α implies a small box,
which, in turn, means that more of the
system stiffness is provided by the very-
high-Q air spring rather than the lower-
Q spider and surround.

VENTED CABINETS
Adding a hole or open tube to the cabi-
net opens additional options. With a
sealed cabinet, you can change the cab-
inet volume or internal damping
(which mainly acts as a change in cabi-
net volume). But with a vented cabinet,
you can also change the vent tuning
and the vent Q, although lowering the
Q of the vent basically undoes the pur-
pose of the vent and changes the sys-
tem into a leaky sealed system. The
greater system complexity shows up in
the simplified equivalent circuit for the
vented system. 

Beranek advises calculation of re-
sponse at three critical frequencies,
and then assembles the response from
curves on graphs corresponding to the
behavior at those frequencies. Novak5

simplified Beranek’s analysis by ignor-
ing the resistance of the vent (which
should be very small) and also ignoring
the effects of mutual coupling between
the cone and the vent. This latter sim-
plification is valid if the cone and vent
are of significantly different size and/or
are not closely spaced. I will use
Novak’s approach.

Figure 14 shows the equivalent cir-
cuit for a vented system. In addition to
vent resistance, cabinet resistance is
also ignored; it, too, is usually small.

I now have a fourth-order system, be-
cause I cannot add MMP or CMS to any
of the other elements, since they are
not in series with any of them. Besides
the additional method of affecting the
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FIGURE 17: Effects of loudspeaker Q.
(From top to bottom, the curves represent
QTS = 0.52, QTS = 0.4, QTS = 0.28; for all
curves, α = 0.7, h = 1, and QL = 7.)
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FIGURE 18: Effects of box Q. (From top to
bottom, the curves represent QB = 9.8, QB
= 7, QB = 4.9; for all curves, α = 0.7, h =
1, and QTS = 0.4.)
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frequency response mentioned earlier,
having a fourth-order system also
means that the ultimate stopband slope
is 24dB/octave.

Until the publication of Thiele’s
paper6, the design flexibility vent tun-
ing provided generally went unappreci-
ated. Even excellent treatments such as
those of Beranek and Novak dealt with
vent tuning using a statement such as
“The vent is usually tuned at the reso-
nance frequency of the speaker, al-
though it need not be.” Novak devel-
oped a simplified equation to predict
the frequency response of a vented sys-
tem, but it assumes that the vent is
tuned to the speaker’s resonance.

Now let’s get our progress into per-
spective. Olson wrote down much of the
theory of speaker enclosures in the
1930s. Beranek expanded on Olson in
the mid-’50s. Novak expanded on Be-
ranek in the late ’50s. Then in 1961,
Thiele presented two landmark papers
to the I. R. E. Radio and Engineering
Convention in Sydney, Australia. Thiele
recast Novak’s equation into a form in-
volving time constants and coefficients,
so that it looks very different, but the
physics are the same as in Novak’s
equation. (My equation (12) is still an-
other way to state the same physics.) 

At this point, Thiele hadn’t done any-
thing very new, but then he pointed out
that any fourth-order filterbe it a
speaker or a simple LCR filtercould
be described in terms of its alignment
or filter family. Then anyone who un-
derstood filter theory could design vent-
ed cabinets to perform as desired. In
fact, you could add options by adding
external filtering components, thus pro-
ducing fifth- and sixth-order speaker
systems. His Table 1 summarizes this
revolutionary approach. In order to pro-
vide an idea of what was contained in
Thiele’s Table 1, I reproduced a small
section of it as Table 1.

Here’s an explanation of the informa-
tion in the table. The first column is
simply reference numbers to make dis-

cussion of the various alignments easi-
er. The second column identifies the
alignment asin this caseButter-
worth fourth-order or Chebychev
fourth-order. The third column is the
ratio of the system cutoff frequency to
the speaker resonance frequency. 

Column 4 is the ratio of the system
cutoff frequency to the frequency to
which the vent/box are tuned. The col-
umn 3 value divided by the column 4
value provides the tuning ratio h. Col-
umn 5, CAS/CAB, is also the ratio of VAS
to box volume. Column 6 is self-
explanatory.

By looking at Thiele’s Table 1, you
get a quick idea of what useful enclo-
sures are possible for a given driver,
and what sort of driver you would need
to choose to obtain certain perfor-
mance. For example, if you want a
fourth-order response with a driver
whose QTS is 0.4, the box size should be
somewhere between 1.055 and 1.414
times the speaker’s VAS, and the tuning
ratio will be between 1.000 and 0.867/
0.935.

In the days before personal comput-
ers, not to mention speaker-design soft-
ware, this kind of knowledge was an in-
credible time-saver! Even today, charts
that are more user-friendly versions of
Thiele’s Table 1 are extremely helpful;
such charts are included in Dickason’s
The Loudspeaker Design Cookbook, for
example.

In Marshall Leach’s very useful book
Introduction to Electroacoustics and
Audio Amplifier Design, there is an
equation for the SPL produced by a vent-
ed speaker system7. By taking the mag-
nitude of this complex transfer function,
you derive the following equation:

where

,

,

(13)

and α is the compliance ratio, h is the
vent tuning fBOX/fS, QTS is the total Q of
the speaker, and QL is the enclosure Q.
The angular frequency ω0 is, as with the
closed box, the system resonance fre-
quency. For a vented box, 

.

Using equation (12) allows you to exam-
ine the effects of varying each of the
four parameters affecting frequency re-
sponse in vented-system design. Fig-
ures 15−18 show these effects.

Here you see that α affects both the
cutoff frequency and the alignment or
filter family. Varying box volume by
about 40% changes the low-frequency
cutoff by about 15%, and changes the
alignment from something similar to a
Bessel to something similar to a 0.5dB
Chebychev. In this figure, as in the fol-
lowing ones, fairly common values are
used for the other parameters.

You can see that changing the vent
tuning by about 10% primarily affects
the alignment; the low-frequency cutoff
is almost unchanged. In the common sit-
uation in which you design a cabinet for
a particular speaker, Figs. 15 and 16
show that α will determine the cutoff fre-
quency, and you can then play with the
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TABLE 1
FOURTH-ORDER SPEAKER ALIGNMENTS FROM THIELE’S TABLE 1

NO. TYPE RIPPLE (DB) F3/FS F3/FB CAS/CAB QTS
5 B4 — 1.000 1.000 1.414 0.383
6 C4 — 0.867 0.935 1.055 0.415
7 C4 0.2 0.729 0.879 0.729 0.466
8 C4 0.9 0.641 0.847 0.559 0.518
9 C4 1.8 0.600 0.838 0.485 0.557UDIOGOA Nwww. .com
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vent tuning to adjust the response shape
near cutoff.

Here you see that speaker Q, like vent
tuning, affects filter family but not cutoff
frequency. Of course, two other parame-
ters of the speaker affect cutoff frequency
as well: compliance (VAS) and resonance
frequency (fS). Compliance shows up as
the denominator of α, and fS helps to de-
termine ω0, as shown in equation (13).

Varying the box Q by 40% makes lit-
tle difference. Most designers use a fig-
ure of seven as a typical box Q. Only if
the box is very well-braced and caulked,
with minimal stuffing, or if it is leaky
and overstuffed, is the QB likely to
make much difference.

Figure 19 shows the effects of fS
upon response, with α, h, QTS, and QB
held constant. The effect of VAS is al-
ready revealed in Fig. 15, since it affects
the response equation by changing α.
The figure assumes that box size is con-
stant, and α is constant at 0.7, although
choosing real speakers with different fS
and the same QTS may well result in dif-
ferent values of VAS, which would
change either α or box size.

As you would expect, changing fS
changes the cutoff frequency of the sys-
tem, but only by a factor of approxi-
mately

.

SUMMING UP
Having examined all the possible ways
of controlling the response of a vented
speaker system, you can appreciate
Thiele’s codification of all those op-
tions, which makes possible the compi-
lation of charts such as those in Dicka-
son’s The Loudspeaker Design Cook-
book. Now that you are familiar with
the origins and meaning of the filter
terminology that Thiele and his succes-
sors use, you can better understand

how to use the design charts. 
But having studied the effects of vari-

ous design parameters upon the fre-
quency response of a speaker system,
you will be able to make judgments of
what parameter to change, and in what
direction, to achieve a desired goal
without resorting to charts. By using
the equations I’ve provided with a
graph-maker of some sort, or by using
any of the various speaker design pro-
grams, you will be able to evaluate any
design changes you make as you go.
The end result will be better speakers
with less wasted plywood! ❖

0NEW SS f/f
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0.4, and QB = 7.) B-2233-19



Product Review
DacT CT102 Power Supply
Reviewed by Charles Hansen

Danish Audio ConnecT A/S, Skan-
nerupvej 14, DK-6980 Tim, Denmark,
US eFax (+1) 248 282 0645, www.
dact.com. Price: EUR 282.00, Dimen-
sions: 10cm W × 9cm D × 4cm H.

The DacT CT102 is an audio power sup-
ply specifically designed to be used
with DacT’s CT100 phono stage module
and CT101 line stage module. It can
also be used with other high-end audio
electronics circuits. The features de-
scribed in the user guide are low dy-
namic output impedance, extremely
wide bandwidth, and fast regulation.
The regulated output voltage can be
jumper selected for either ±15V DC or
±20V DC. Maximum output current is
200mA per rail, with output short-cir-
cuit protection on each rail.

INSIDE THE POWER SUPPLY
Photo 1 shows the PC board top view
with the heatsinks for four bipolar
power transistors. There are six 8-pin
DIP linear ICs on the PC board whose
identities have been masked by red,
blue, or green paint. In the event of
problems the CT102 would need to go
back to DacT for service. 

The PC board is a high-quality single-
sided design with gold-plated PC
tracks. You can see the attention to the
power and grounding track layout in
Photo 2. The many parallel traces pro-
duce a single-point connection for all

the filter capacitors
on the PC board.
The board has four
isolated mounting
holes and gold-plat-
ed input/output pins. 

TOPOLOGY
A schematic was not
furnished with the power
supply, but the block dia-
gram in Fig. 1 will convey
the principle of operation. A
100−250V AC mains adapter
with 48V DC outputsupplied with the
CT102 module (Photo 3)is a switch-
ing power supply that operates at about
28kHz. The 48V DC enters the CT102
card through low-pass LC EMI filters
and is impressed across Q1 and Q2, a
pair of common-emitter bipolar power
transistors, which are biased such that
they produce a low-impedance output
ground reference point at their collec-
tors, forming ±24V DC supply rails for
the output regulator transistors Q3 and
Q4.

The output power transistors each
have a control loop amplifier that moni-
tors the output voltage and compares it
to a 2.5V precision reference. The con-
trol loop also monitors the output cur-
rent and provides for fold-back current
limit in case of an overload or short cir-
cuit. A 4700µF filter capacitor on each
regulated rail provides energy storage

for transient current needs. Diodes are
used for both input and output reverse
polarity protection.

DC REGULATION TESTS
My first task was to determine the DC
regulation of the CT102 power supply
with its AC power adapter. The initial
no-load voltages when I first powered
up the CT102 were ±14.92V DC. With a
balanced ±200mA maximum rated load,
the voltages at the CT102 output termi-
nals were +14.78 and −15.00V DC. I op-
erated the CT102 at full load, 200mA
into 75Ω for one hour. 

At the end of this period, all three
heatsinks were cool to the touch. The
no-load voltages after the heat run were
still ±14.92, while the full-load voltages
had dropped to +13.48 and −13.16V DC.
Decreasing the load to ±22mA pro-
duced DC voltages of ±14.84.
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FIGURE 2: Noise
measurement test
diagram.FIGURE 1: CT102 block diagram.

PHOTO 1: 
Top view of CT102 board.



Next I applied unbalanced loads,
with one supply fully loaded and the
other at no load. With only the positive
supply loaded, the output voltages were
+13.84 and −14.97V DC. Loading just the
negative supply yielded +14.45 and 
−13.25V DC. 

The heatsink for the two power tran-
sistors that form the phantom neutral
became a bit warmer as the transistors
worked to maintain a balanced input
voltage ground reference. The mains
adapter output voltage into the CT102
was 46.5V DC for both unbalanced load
conditions. The DC output impedance
for the power supply worked out to be
0.25Ω for the positive supply and 0.39Ω
for the negative supply. 

The AC adapter used with the CT102
is a switching power supply. The broad-
band ripple from the mains adapter on
the input DC bus was 15mV RMS, com-
posed primarily of the 28kHz switching
frequency component. There was virtu-
ally no evidence of any 60Hz power line
artifacts using an analog scope. The

adapter no-load DC voltage was 47.8V
DC, dropping slightly to 46.6V DC when
the ±15 outputs were full loaded to
200mA.

Its line regulation was very good. In
response to my isolated variable AC
supply, it jumped into action at 28V AC
line voltage, producing 30V DC with
some noticeable switching noise. It
dropped out at 20V AC with a decreas-
ing line voltage. The CT102 was able to
produce ±15V DC at 200mA with a line
voltage to the mains adapter of 34V AC.
The minimum ∆Vin-Vout was 2.33V DC
on the positive output and 1.71V DC on
the negative output, in order to main-
tain that 200mA output. 

TESTING FOR NOISE
Measuring the noise of a power supply
involves isolating the very small AC
noise signal (less than 1mV RMS) from
the 15V DC supply rail. The measure-
ment needs to be performed over a wide
bandwidth, 1MHz or more. One means
of displaying the AC noise content is
with a high-quality analog oscilloscope
in AC input mode. But determining the
RMS value is another matter.

My most sensitive wideband meter is
an HP 3400A true-RMS AC voltmeter,
but its lowest range is 1mV full-scale
(FS), and there are no scale markings
below 0.1mV. When I attempted to mea-
sure the RMS noise on the CT102, it
was a tentative 0.05mV. 

Clearly, I needed something to ampli-
fy the AC noise signal so I could read it
on one of the higher scales on the
3400A. I designed a 60dB gain
(Av=1000) “Noise Meter Amplifier”
(NMA) for this purpose, and powered it
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PHOTO 3: CT102 with AC adapter.

PHOTO 2: Bottom view of CT102 board.



with two 9V batteries to keep the noise
introduced by the amplifier itself to a
minimum. AC coupling is used at the
input, and the gain of 1000 allows me to
directly read the noise in µV on the HP
3400A mV scales. 

The noise amplifier circuitry will
generate noise of its own through the
input noise voltage and current of the
op amps (en and in) and the thermal
Johnson noise from all its resistors, so
care is needed in the selection of com-
ponents. I used two low-noise AD745N
op amps that Walt Jung graciously pro-
vided from his sample stock (the 8-pin
DIP version is no longer available),
each with a gain of 30dB (Av=31.62). I
built the circuit on a ground plane PC
board, and at 60dB gain it proved to
have 3.6mV RMS residual output noise
with the input shorted, and 4.7mV RMS
with the input open (using the HP
3400A). The noise floor referred to the
input (RTI) is thus 3.6µV RMS and
4.7µV RMS, respectively. This is the out-
put noise divided by the noise gain of
the amplifying circuit.

In addition to the CT102, I wanted to
test some other power sources to obtain
comparative data. I selected the follow-
ing supplies:

• Battery power (two 12V 1.3Ah sealed
Panasonic lead-acid cells, with
2200µF 35V caps in parallel as recom-
mended by DacT).

• The CT102 supply set for ±15V DC
and using its AC power adapter.

• The ±15V DC regulated preamp
power supply by Gary Galo in TAA
4/90, page 47, using LT1085 and
LT1033 TO-220 linear regulators.

• A ±15V DC regulated power supply
using LM340-15 and LM320-15 TO-220
linear regulators (equivalent to 78T15
and 79T15).

• An HP 6236B supply with dual-track-
ing transistor regulated outputs (vin-
tage late 1970s), set for ±15V DC.

Initially, I loaded each supply rail
with Caddock MP915 TO-style non-in-
ductive power film resistors. I used a
200Ω and 500Ω in series to get ±21mA
load current. The Mouser part numbers
are 684-MP915-200 and 684-MP915-500,
respectively. Next, I connected each
supply to the DacT CT100 phono pre-
amp, which draws ±22mA quiescent
current.

Finally, I connected the CT100 to my
sine-wave generator to measure the
amount of amplified signal that was
passed to the power-supply rails at vari-
ous frequencies. This is a function of
the power-supply rejection ratio (PSRR)
of the phono preamp as well as the dy-
namic impedance of the power-supply
regulator circuitry.

The test setup block diagram is
shown in Fig. 2. A Tek scope probe con-
nects the power-supply rail to the input
of my NMA. The output of the NMA is
T-connected to a Tek 7A16A vertical
amplifier plugged into a Tek 7603
100MHz scope mainframe and the HP
3400A true RMS AC voltmeter.

I have a Tek 7A22 differential ampli-
fier whose lowest range is 10µV/div,
but it is limited to ±1V input at this
range. While the AC noise was lower
than this, I was worried that the initial
connection to the 15V rail would cou-
ple an overvoltage transient into the
7A22. It was safer to amplify the noise,
then connect it to the standard vertical
amplifier.

As I mentioned earlier, the wideband
residual noise referred to the input
(RTI) for my NMA with the input open
is 4.7µV RMS, or −113dB relative to a
preamp output of 2V RMS (dBr). A

scope photo of the open circuit NMA
noise is shown in Photo 4. I connected
the 12V DC battery to the NMA input
and measured a broadband RTI noise
level of 4.9µV RMS (−112dBr), with a
scope photo in Photo 5.

Both photos are with the scope verti-
cal amplifier set at 10mV/div, which is
equivalent to 10µV/div RTI. I chose a
time base setting of 2ms/div to make
any 60Hz or 120Hz power line ripple
easy to spot. There was essentially no
difference whether I used the Caddock
resistors or the CT100 phono preamp as
the load.

The next step up in noise level is
with the CT102 power supply and its AC
adapter. The wideband noise on the
positive rail measured 18µV RMS RTI,
while the negative rail showed 19µV
RMS RTI noise (−100dBr).

The scope photo of the positive rail
noise is shown in Photo 6, with the ver-
tical scale increased to 20mV/div
(20µV/div RTI). While it looks quite
messy, this noise is actually a low
160µV p-p. Again, there was no differ-
ence whether I used the Caddock resis-
tors or the CT100 phono preamp as the
load.

OTHER POWER SUPPLIES
The regulated DC supply designed by
Gary Galo had an RTI noise of 42µV
RMS on the positive rail and 50µV RMS
(−92dBr) on the negative rail. Photo 7
shows the scope trace, which has more
of a white noise characteristic than the
CT102. The vertical scale here is now
100mV/div (100µV/div RTI). The 4700µF
input and output filter caps are Pana-
sonic TS.

The next supply was the LM340/
LM320 design. This has a similar topol-
ogy to Gary Galo’s design, except it
uses regulator ICs with a fixed ±15V DC
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PHOTO 4: Noise meter amp scope, input
open (10µV/div RTI, 2ms/div, 4.7µV RMS).

PHOTO 5: Battery noise scope (10µV/div
RTI, 2ms/div, 4.9µV RMS).

PHOTO 6: CT102 noise scope (20µV/div
RTI, 2ms/div, 18µV RMS).



output rather than adjustable regulator
ICs. Both rails showed 105µV RTI noise
(−86dBr). The scope photo, again at
100mV/div, is shown in Photo 8. A bit of
120Hz full-wave rectification ripple is
now present. This may be due in part to
the less expensive Xicon 4700µF filter
caps used in this particular supply. 

My final supply test used the HP
6236B. Despite the large 2N3055 TO-3
power transistors and Mallory filter

caps, the RTI noise was the highest of
the bunch at 340µV RMS RTI (−75dBr).
This is actually below its specified
0.35mV RMS or 1.5mV p-p ratings.
Photo 9 shows the resultant scope
trace, which was made at 500mV/div
(500µV/div RTI).

My final test series was to apply a

sine-wave signal to the CT100 phono
preamp and drive it to 2V RMS output
into 10k. I monitored the power-supply
rails for any sign of the sine-wave test
signal. I restricted my tests to the
CT102 and Gary Galo supplies. Neither
supply showed any disturbance beyond
its residual level until about 10kHz.
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PHOTO 8: LM340/LM320 supply noise
scope (100µV/div RTI, 2ms/div, 105µV
RMS).

PHOTO 7: Galo supply noise scope
(100µV/div RTI, 2ms/div, 42µV RMS).



From there up to 50kHz, the amount of
signal on the power-supply rails in-
creased steadily, reflecting the falloff in
PSRR (and CMRR) of the preamp and
the increasing impedance of the power-
supply itself. 

I took two photos with a 20kHz 2V
RMS output signal with the scope time
base set for 50µs/div. In Photo 10, the
scope photo of the Gary Galo regulator,
the 20kHz signal is now high enough to
modulate the wideband noise, which
has increased from 42µV RMS to a still
very respectable 68µV RMS RTI 
(−89dBr). The vertical scale is 100mV/
div or 100µV/div RTI. 

Photo 11 shows the +15V rail noise at
20kHz from the CT102 at 20mV/div
(20µV/div RTI). While the wideband
noise is still 19µV RMS RTI (−92dBr),
the ghost of the 20kHz signal is just no-
ticeable above and below the broad-
band noise.

The CT102 noise is specified with an
IHF “A” weighting filter, so I also mea-
sured the rail noise with “A” weighting.
It was 3.5mV RMS (3.5µV RTI, or 
−115dB relative to 2V RMS). The noise
relative to 0.775V over a 22kHz band-
width is −118dBu.

CONCLUSION
The discrete transistor regulators in the
CT102 produce a very low noise level.
While not on a par with a pure battery
supply, the CT102 has wideband noise
levels −8dB better than the excellent
Gary Galo IC regulator supply. This
margin increases with frequency. Table
1 shows the CT102 ratings compared
with the measured results.

Manufacturer’s response:

1. CT102 has a built-in current limit at
200mA. We are using a constant-current
limiting principle rather than the fold-back
current limiting principle that is mentioned
in the review.

If CT102 is asked to deliver (determined by
the load impedance) a current right at or
above the current limit, it will no longer func-
tion as a voltage generator (which it is intend-
ed to be) but will function as a constant-
current source of around 200mA. Therefore,
in testing or using CT102, it’s important to
ensure that it operates within its voltage gen-
erator load range. It’s our opinion that when
the reviewer uses 200mA output current for
several of his tests, he might have gone just
to the limit or outside the intended operating

area of CT102. 
We are uncertain whether this is the case

or whether there was something wrong with
the switch mode wall adapter that we sup-
plied the reviewer. We have indications that
some of the initial switch mode adapters
were not able to supply the full output cur-
rent when operated at 110-115V mains.

2. Our output noise figures are different
from the reviewer’s noise measurements, so
we need to communicate with him about
what causes the differences.

Specifically, when testing various CT102
specifications using a load of 75Ω, the risk
is that CT102 goes into its current source
mode. In other words, the excellent voltage
source properties of CT102 are lost. We are
questioning the 75Ω load resistor itself. First
of all, it has a tolerance and could turn out
being lower than 75Ω, leading to a current
draw higher than 200mA. Even more critical,
when it comes to the long-term test, is where
the power dissipated by the 75Ω resistor will
lead to it becoming hot. This normally results
in a drop in resistance, meaning a larger cur-
rent than 200mA.

So while testing the maximum output cur-
rent that CT102 will deliver is a natural part
of a review, we suggest testing other specifi-
cations to be carried out at a current below
maximum current for the reasons given. Our
published data is factory tested at 190mA
and specified at 100mA output current. Nor-
mally, we would expect measuring output
impedance, and so forth, carried out at
somewhat below short-circuited output cur-
rent; for instance, 150mA.

The result here is that the reviewer’s mea-
sured DC output impedance goes way high
compared to what it would be if CT102 was
operated in its voltage generator range. We
have verified and still reach the figure saying
that the CT102 output impedance typically
is 0.001Ω from DC to 5kHz, slowly rising
above 5kHz to 0.006Ω at 100kHz.

PHOTO 9: HP6236B supply noise scope
(500µV/div RTI, 2ms/div, 340µV RMS).

PHOTO 10: Galo supply noise at 20kHz
scope (100µV/div RTI, 50µs/div, 68µV
RMS).

PHOTO 11: CT120 supply noise at 20kHz
scope (20µV/div RTI, 50µs/div, 19µV
RMS).
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TABLE 1
CT102 KEY SPECIFICATIONS, MEASURED PERFORMANCE

PARAMETER MANUFACTURER’S RATING MEASURED RESULTS
Output voltage ±15V DC or ±20V DC Verified
(jumper selectable)
Maximum steady-state 200mA Verified
output current
Peak output current 10A (short-circuit protected) Not tested
Output impedance 0.25Ω at DC

0.001Ω at 1kHz
0.002Ω at 20kHz
0.006Ω at 100kHz

Output noise (wideband) 19µV RMS (−100dB relative 
to 2V RMS)

Output noise (IHF A) −126dB −115dB
Full-load regulation No spec ±11%/−14%



Adding to this is the uncertainty about the
current output capability of the switch mode
adapter that we shipped for the review,
which means that the CT102 output current
and specs might have been degraded when
operated at 110VAC (we are suspecting this
problem might occur only when operating
the adapter at 110V mains).

The fact that the reviewer finds a rather
higher DC output impedance also at 22mA
out does indeed indicate that there is some-
thing wrong with the switch mode adapter
we supplied.

Other corrections to the review are as fol-
lows:

Under the section titled Topology, fold-
back current limiting should be constant-cur-
rent limiting. 

Under Other Power Supplies, we antici-
pated 50µV noise to be −100dBr rather than
being −92dBr. Maybe a misunderstanding
on our side?

When measuring CT102 output noise we
are deducting the analyzer’s own noise. Our
typical noise figures are:

• Measured noise (IHF-A weighted): 0.9µV.
• Analyzer own-noise (IHF-A, input short-

ed): 0.8µV.
• Calculated CT102 output noise: √[√

(0.9)− √ (0.8)] = 0.41µV = −127.7dB rel-
ative to 1V.

• Measurements carried out using the
Panasonic VP-7722P Audio Analyzer.

• This leaves a big difference between the
reviewer’s and our noise figures, and we
do not find any obvious explanation on
the differences. 

The review initially states that the fea-
tures we claim for CT102 are low dynamic
output impedance, extremely wide band-
width, and fast regulation. This is correct. It
would have been interesting if the review
had discussed whether these parameters
are considered relevant for an audio power
supply.

Also, the review does not conclude in de-
tail whether the claimed features have been
obtained. A comparison between CT102
and the other kinds of power supplies al-
ready discussed in the review would have
been very interesting. The review does men-
tion in the conclusion that “. . . the CT102
has wideband noise levels −8dB better than
the excellent Gary Galo IC regulator. This
margin increases with frequency.” We had
hoped that the review would document

more precisely how the margin increases
with frequency, as we are especially claim-
ing high-frequency features. 

The conclusion does not deal with our
claim that CT102 has a very low dynamic
output impedance over a large frequency
range. Although we find this feature extreme-
ly important for audio electronics circuits, the
output impedance is only measured at DC
(and we find the measured DC value to be
different from what they ought to be, possibly
because of a faulty switch mode adapter). For
instance, high-frequency output impedance
measurements might have put the specifica-
tions of CT102 in perspective even when
compared to battery power supplies.

Finally we trust CT102 is a world-class
audio power supply and that its abilities
have not been fully and correctly expressed
in the review. If the worse-than-we-expect-
ed measurements are caused by a faulty
mains adapter supplied by DACT, it is, of
course, our responsibility. However, we
hope to be given a chance to show that the
tested CT102 including mains adapter is
not a typical specimen. ❖

Allan Isaksen
Danish Audio ConnecT 
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Xpress Mail 
PHILIPS MANUALS
Here is a description of my quest to
purchase a Technical Service Manual
for the Philips SACD-1000 SACD/DVD/
CD player.

Early in November 2002, after con-
sulting the Philips website, I obtained
an address for the Philips Corporation,
and wrote a letter requesting the price
and cost of shipping and handling of
the Technical Service manual.

After waiting a week or two or
longer, I contacted Philips through
their website. I sent a query asking the
same question as had been in my initial
letter (“what would be the cost of a
Technical Service Manual including
shipping and handling?”), and received
a reply on Nov. 30, 2002. This e-mail
reply came from Philips USA Customer
support:

“Unfortunately, the service manual is
not available to customers.”

I replied in return, explaining that I
was/am an experienced electronics
and audio systems repair person
(which I am, having worked in elec-
tronics for about 20 years, and having
been an audio enthusiast and con-
structor for even longer). I tried to ex-
plain that I have been making use of
legitimate equipment documentation
for quite a while now . . . often for pro-
fessional reasons.

I received an e-mail reply on Dec. 2,
2002, apologizing for the inconvenience
and giving me a phone number for
their ASC Technical Assistance depart-
ment where “. . . customer service pro-
fessionals will be happy to assist you.”

A day or so later, I called the number
provided and was placed in a waiting
queuewhich should be very familiar
to most people who have made phone
calls to almost any of today’s organiza-
tions. The friendly voice advised me
that a service person would become
available as soon as possible. After I
waited about 5 or 10 minutes, a phone
began to ring (it seemed), so I let it ring,
hoping to contact service personnel.

But the phone continued to ring, until
it stopped, to be replaced by a busy sig-
nal. I then attempted to call the same
number later that day, and for about
two or three days after, always getting a
busy signal.

On Dec. 5, 2002, I sent an e-mail, de-
scribing my inability to make contact
via the supplied phone number. On
Dec. 9, 2002, I received another reply
from Philips USA Customer support,
apologizing for the inconvenience and
supplying me with another (different)
phone number.

Calling this phone number, I did get
through to customer service personnel
(off-shore?) and was advised that I
would need to call a different phone
number to obtain information on ob-
taining service documentation, and
that the service person I was speaking
to “. . . did not have that number avail-
able at this time.”

(Around this time, I did receive a
reply to my original “snail-mail” letter
[dated Nov. 26, 2002, postmarked Dec.
2, 2002], in reply to my original sent ear-
lier in November, from the Philips Cus-
tomer Care Center in Miami, Fla.,
which provided a phone number for
their Technical Support Line. Unfortu-
nately, this phone number did not ap-
pear to be in-service.)

Thus, I replied to the Dec. 9, 2002, e-
mail describing the situation and ask-
ing for a phone number to enable me to
contact someone at Philips who could
supply the information I needed for or-
dering a Technical Service Manual.

The final reply, received Dec. 11,
2002, from Philips USA Customer Sup-
port, informed me that “Unfortunately,
service manuals are not available to
customers. These manuals are only
available to authorized servicers.”

I have occasionally obtained service
manuals (by ordering and paying for
them) over the yearsin several cases,
for a variety of Philips/Magnavox CD
players and related devices (about six
different items)from around 1987 up
to around 1992 and had never encoun-
tered any kind of difficulty. The Philips

Corporation’s service division supplied
the info on cost and postage, and I sent
payment and received the goods in
questionno problems of any kind.
During that same period I experienced
very good service from SONY.

In more recent times, I have ordered
and paid for service manuals for items
of interest (Panasonic, Pioneer, and
Sony DVD players) over a period from
early 2000 up until only a month or two
ago, and have received the required in-
formation promptly (via e-mail in these
more recent years), sometimes order-
ing the Tech Manuals by telephone
from the various companies’ service de-
partments (most recently, from SONY,
which was very efficient, effective, and
professional).

Disappointingly, Philips has not be-
haved the way I assumed they would, in
the light of past years’ experience, as I
have described here.

Thus, to round this up, does anyone
know how this situation can be re-
versed, and how a professional relation-
ship can be re-established between an
important equipment manufacturer
and its customers, as was once the case
in the past? 

Robert K. LeBeck, Jr.
Sequim, Wash. 

FROY USER
I’ve been using the Froy III speaker
for about three years now and love it.

Your comments on the sound of the
speaker sound correct; it is balanced al-
most like the THOR (I’ve heard a reflex-
loaded version of THOR with Joe’s
crossover), except it is set up to be a lit-
tle more forward than the THOR be-
cause the designer prefers that type of
sound believing live music is rarely
proper. I know that because I have been
good friends with Murray Zeligman for
decades (yes, that does make me biased)
who has designed some very interesting
electronics and speakers over the years.

If you’re interested in learning about
the Froy you can contact Murray at
Zeli@erols.com. I believe you’d find his
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thoughts on the Froy speaker and
audio very interesting.

Allen Edelstein
hahax@rcn.com

DIY FORMAT
I have been a reader and subscriber
of Speaker Builder/audioXpress for

over three years. The current series of
projects done by the editor Ed Dell seem
much improved for someone like my-
self. The full-size diagrams and multiple
forms of assembly instructionpicture,
schematic, and layout diagramshould
be used in all the articles submitted.

So thanks for this format and I hope it
continues and is applied to all projects.

Lon Ponsehock
lon@athenet.net

CABINET THICKNESS
I see the May ’02 article about the
THOR displays a different sidewall

thickness than the SEAS website. At
the end of the article there is a clarifica-
tion about this, which lists a website
from SEAS that doesn’t come up. They
do have the THOR plans, with the 1″
thick cabinet. I see it is 9″ wide at the
front. The aX May ’02 article also shows
the front width at 9″, but with ¾″ walls.
There is an internal difference of ½″!
Which is correct?

Neal Egbert
djcruel1@interl.net

The website THOR is an early version where
SEAS assumed that D’Appolito’s design in-
cluded 1″ walls. That is incorrect. D’Appoli-
to’s design calls for a 1″ front panel and ¾″
walls.—E.T.D.

TUBE SELECTION
Regarding Neal Haight’s comments
about the K-12M amplifier made by

S-5 Electronics (Xpress Mail, 5/03, p.
64), the 11MS8 tube was used for the
vertical oscillator and output stages in
many Japanese import portable black
and white TVs, vintage 1970. Many of
these sets used an 11BM8, with the pen-
tode used as the sole audio stage, while
the triode served as the video synchro-
nizing pulse separator. A huskier broth-
er to the −BM8 is the 6GW8/ECL86, but
its pin configuration is considerably dif-

ferent from the −BM8, and adapting the
K-12M printed circuit board to it may
not be feasible. 

Frankly, if I were making a small,
low-cost power amplifier, I would use a
12AX7 for the voltage amplifier/phase
splitter and a pair of 6AQ5s for the
push-pull output. Why were the vertical
sweep 11MS8s chosen for the K-12M?

Michael Kiley
Crestwood, Ill.

UNDERESTIMATED VARIABLE
The Fletcher-Munson curve has a
profound effect on component voic-

ing that is very underestimated. Unless
you listen to music at 90dB, you lose up
to 10dB of bass and get a prominent
high-mid peak at 3−5kHz, which makes
music sound bottomless and glaring.

Thus, a loudspeaker that is voiced at
90dB will sound fine when listened to
at that level but not at the normal 70−
75dB level (a reggae album will lose all
deep bass and guitar solos or Bob
Dylan’s harmonica will be piercingly
loud), while a speaker voiced at 75dB
will sound full at that level and have
prodigious bass output at 90, which is
why most people turn it up anyway!

The effect of the curve should be
taken into account at all stages: voicing
of each component, monitoring, mix-
ing, remastering, and so on, or else bal-
ance problems will arise. Would a 75dB
standard level be a solution?

Robert Laberge
Québec, Canada

AM ANTENNAS
Thanks to Chris Campbell for his
comments on my simple review of

two commercially produced AM anten-
nas (“Xpress Mail,” 4/03, p. 63). My un-
stated motivation was to attract the in-
terest of knowledgeable individuals
who would write about AM reception!
Publication of the review must have
been regarded as such by Mr. Dell . . . a
trial balloon to open up a fascinating
field, and to attract in-depth articles
and construction projects!

I would appreciate Mr. Campbell
contributing some of his research on
the Internet. You could possibly write
an article about building an AM anten-
na to the builder’s choice of frequency.
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I am interested in 1030kHz, where
WOSO transmits from San Juan.

Alternately, you could direct readers
to sources of pertinent information.
Both contributions would be heartily
appreciated!

Carlos E. Bauzá
Gyama, PR

PHONO PREAMPS
In reading your product review of
budget phono preamps (April 2003,

p. 40), I was dismayed to see three of the
seven products are crude transistor de-
signs typical of the mid-to-late 1960s.
Anyone still wishing to use this topology
should see the article “Low-Level Tape or
Phono Preamp” by Richard Moore (The
Audio Amateur, 4/74, p. 4). Here, Mr.
Moore has improved the design by using
a 2MΩ collector load resistor on the first
stage, a Darlington pair for the second
stage, and a higher than usual imped-
ance feedback RIAA EQ network. These
revisions increase the open loop gain of
the preamp, reducing distortion and im-
proving RIAA equalization accuracy.

In the IC op-amp method, I use the
design of the RIAA phono section of
Walt Jung and Dave White’s “A PAT 5
Modification” (The Audio Amateur,
1/78, p. 7). Even cheapening the circuit
by using TL071 ICs and nearest stan-
dard value 5% carbon film resistors and
polyester film or silver mica capacitors,
the sound quality is much better than
that of most magnetic phono preamps
included in mass-produced receivers.

Michael Kiley
Crestwood, Ill. 

CIRCLOTRON
The article on the circlotron amplifi-
er of April 2003, p. 32, sounds inter-

esting, and I intend to build the amplifi-
er since I already have the tubes. How-
ever, I have noted there is a printing
error between the bridge rectifier BR1
and fuse F3 (secondary 115 AC for HT).
The amplifier schematic (Fig. 2) shows
the two cathodes of BR1 (positive HT
supply for anode of V3A) are linked to
fuse F3. The line between the fuse F3 to
the two cathodes of the BR1 bridge rec-
tifier should not be there.

The local mains supply voltage is
230V−50Hz. In regard to the output

transformer, the author recommended
the use of a 120/17V step-down trans-
former. There is a possibility that such
transformers can be obtained from the
scrap yard, but I am just wondering
whether a 230/34V could be used in its
place? If so, how will this affect the out-
put in regard to impedance and sonic
aspect? Is it necessary that one side of
the secondary for the loudspeaker be
grounded? It will be very interesting for
me as well as those who intend to build
this amplifier.

A.T. Hoh
Singapore

Monny Nisel responds:

Thank you, Mr. Hoh, for the interest shown
in my article, “6AS7/6080 Circlotron Amp.”
As you rightly mention in the first paragraph
of your letter, an error has slipped into the
schematic, an error I missed. The link be-
tween the F3 fuse and the positive output of
the rectifier bridge should be removed, as it
shorts, practically, one leg of the bridge. The
circuit should look identical to the lower one
using the BR2 rectifier bridge.

Regarding the transformer questions, I
shall mention first that there is another small
error in the schematics, as TR1 and TR3 no-
tations are reversed to fit the parts list.

The transformer you mention, 230/34V,
used with an 8Ω speaker, will reflect into the
secondary an impedance of 366Ω; the trans-
former I recommended reflects a 450Ω im-
pedance (or close to that), which seems to
be the optimum from the point of view of
power output, so you may expect a drop in
power, though not significant.

For the same power, a 230V transformer
has almost double the turns of a 120V one,
which translates in a higher primary induc-
tance with its pros and cons.

A higher primary inductance will favor the
lower side of the frequency range but at the
same time will drop the output at the higher
end; a higher primary inductance will also re-
duce transformer distortions. Again, all those
may not be significant as the total number of
turns and inductance is low in a power-supply
transformer compared to an output trans-
former.

What I suggest, Mr. Hoh, is the following:
if you already have the 230/34V transformer,
give it a try. The measurements and espe-
cially the listening tests will indicate whether
you need to buy the one I recommended.

Regarding the last question, there is no
need to ground one side of the secondary of
the output transformer, which I tried once
myself. However, the results were not so
great, according to my taste, and I do not
recommend it.

IONOVAC
Regarding “Build a Plasma Tweeter”
(4/03, p. 4), if I remember correctly,

the Ionovac used helium rather than air
as the working gas. This gave the whole
metal horn chamber a blue glow when 
it was working. I think the theory was
that helium was the lightest non-
combustible gas and would be easier to
pressure-modulate with the audio signal.

Charles Hansen
Ocean, N.J.

Colin Joye responds:

Thank you for bringing up this item for dis-
cussion. While I can only claim through word
of mouth that I’ve heard of such a helium-
powered ion tweeter being used, I’m also a
bit curious as to the theory behind its intend-
ed operation.

The one good reason I can think of is that
helium is a very inert gas, so, in this absence
of oxygen, there is no ionization of oxygen,
and thus no ozone production. However,
every high voltage hobbyist I’ve shown the
ion tweeter to has been very amazed by the
surprisingly low amount of ozone production. 

From my days of playing with sparks, I re-
member the sharp smell of ozone that lin-
gered in the air after the occurrence of such
a sudden air breakdown. I believe the reason
for this low ozone production may be the fact
the local flame region is not a short burst, in
which case the air molecules are suddenly
ionized and immediately pushed away from
the spark region by the intense air pressure
gradient. It seems to me that the steady,
more spherical, region of ionization affords
the ionized oxygen molecules the chance to
recombine as they drift more toward the
cooler outside boundary of the flame. 

The fact that the ozone production is so
low does not mean that it is non-existent,
though. I can definitely smell it after about
30 minutes of operation in my non-ventilat-
ed dorm room here at MIT. In a more venti-
lated room, I could run the unit for about an
hour before noticing the ozone smell, and
even then, it was not objectionable. 

The expense and inconvenience of using
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helium does not quite justify its use in the ion
tweeter the way I just explained it, so there
must be other reasons. The surprising thing to
me is the ionization potential of these differ-
ent gases. For nitrogen (N2), the ionization po-
tential is around 14.5 electron-volts (eV), for
oxygen (O2) 13.6eV, and for helium (He)
24.5eV. This seems backwards at first, be-
cause it implies that you need around twice
the energy to ionize He (and hence twice the
power) as you do for N2 or O2.

However, He is a monatomic molecule,
which generally means that the recombina-
tion rate of the ions and electrons is much
lower than that of O2 and N2, which are both
diatomic molecules. Furthermore, N2 and O2
can have multiple ionization states (even at
this low temperature plasma), which may
lead to nonlinear effects. Helium appears to
have an advantage in both of these arenas.
Since helium is of significantly lower density
than air and it has a lower recombination
rate, perhaps the plasma flame is larger for
helium than air for the same amount of os-
cillator power. I believe the recombination
rate is key, because you could ask why they
didn’t just use dirt-cheap N2 gas instead of
He if ozone was the problem.

About two years ago, this topic came up
through e-mail. I have lost contact with the
people involved, but I still have some infor-
mation from the following e-mail:

“I found this [helium-driven plasma tweeter]
in the October 1978 edition of Wireless
World. It comes from a report on the High Fi-
delity Show in Atlanta and the Consumer
Electronics Show in Chicago . . . the Plasma-
tronic Hill Type 1 plasma driver, which
claimed to provide exceptional clarity of repro-
duction (zero coloration and laser-like phase
coherence) from 700Hz to above the limits of
audibility, and operated via a bi-amped sys-
tem with a 12″ subwoofer and 5″ mid-range
unit. The plasma driver requires topping-up
with helium in cylinders from your local weld-
ing supplies company, every 300 hours of lis-
tening time. The cost is claimed not to exceed
30 to 40 cents per hour.”

From another e-mail:

“I almost purchased a Plasmatronics Hill
Type 1 unit in the US a few years ago . . .
The design uses five electrodes fed from five
tubes. The five electrodes sit in a ceramic
cavity which is about 2cm or so in diameter.
Each electrode has inert gas carried to it
through the electrode.”

Both e-mails indicated the Plasmatronics
was the producer of this helium-mystery. I ac-
tually spotted an original Ionovac on
eBay.com about a year ago, which made no
mention of helium gas, nor did the Ionovac
schematic. Good sources of information about
the theory of operation using helium might be
found in patents at http://uspto.gov/.

Indeed, this is a very mysterious device.
This is the extent of what I know, but I would
like to try experimenting with this concept of
helium gas (and maybe even its brother, the
much cheaper argon). Perhaps it will lead to
another article in a future issue of aX.

Interesting project in the April 2003
issue (“Build a Plasma Tweeter”). I’ve
actually heard fairly broadband sound
coming from a failed FM antenna
20kW of RF made a plasma about 18″
long. But this is not something that you
should run in your house.

I want to point out that the plasma
tweeter as described may be violating
Federal Communications Commission
rules regarding radiated radio frequen-
cy energy. There are strict limits for
what is properly called an “Uninten-
tional Radiator” in Part 15 of the rules.

audioXpress  October 2003 65



The frequency mentioned in the arti-
cle, 40MHz, is used in the land-mobile
industry as “Low Band.” Many different
users including Public Safety use that
band. If any RF energy is radiated from
the tweeterand the description of in-
terference to CD players leads me to be-
lieve it is radiating RF energythe
plasma tweeter could be a source of in-
terference that ultimately could lead to
a large involuntary donation to the Fed-
eral Government. Would you want to
learn that your plasma tweeter caused
someone’s death because the radio in-
terference prevented an ambulance
from getting there in time?

While there are clear audio advan-
tages to this device, anybody contem-
plating building one should take great
pains to prevent any RF radiation from
the device and fully comply with FCC
rules. This requires the use of a field in-
tensity meter to measure the radio fre-
quency non-ionizing radiation to
demonstrate compliance with Part 15,
not something that is commonly and/or
inexpensively available.

Bill Ruck
billruck@earthlink.net

Colin Joye responds:

Thank you for your challenging and valid
concerns. I am aware that the FCC does not
look kindly on anyone not complying with
their regulations, even if it is in the name of
science or hobby, and I encourage experi-
menters out there to be especially conscious
of the problem of unintentional interference
if you are attempting this project. Nonethe-
less, I hope this doesn’t scare anyone away
from developing this type of acoustic trans-
ducer. The issue of interference can be easi-
ly handled.

The FCC regulation you mention can be
found in section 15.209 at http://www.fcc.
gov/Bureaus/Engineering_Technology/
Documents/cfr/1999/47cfr15.pdf. It states
that the radiation emission limit for the elec-
tric field in the band from 30.0MHz to
88.0MHz is 100µV per meter at a distance
of three meters.

While I tried twice to get the devices test-
ed in an anechoic chamber (both chances
fell through), I must admit that I do not
know whether they fully comply with FCC
regulations at this time. I know that theory is
never a good substitute for measured data,

but I would like to point out that for my tea
ball square mesh size of ~0.5mm at 35MHz
(~8.5m wavelength), the wire mesh essen-
tially looks like a thin conductive shell. For
this material, the thickness of the conductive
tea ball is no less than four penetration
depths, blocking around 99.97% of the
power radiated from the flame at that high-Q
dominant frequency. Practically, there is no
power emitted through the tea ball compared
to your microwave oven, which operates at
2.5GHz (0.12m wavelength), with only a
thin metal mesh between you and 1000W of
RF power. 

Scaling appropriately, it would be very
easy to shield all 35MHz activity. I did try
measuring radiated power from the plasma
tweeters using a cheap hand-held meter,
which is essentially accurate to an order of
magnitude. I had a difficult time reading
anything but noise except for the exposed
part under the coil, which gave me
~10µW/cm2 at a 1m distance with my flame
height set at a little over 1cm. Actually, this
meter indicated fluorescent lamp emissions
at 1m that were only about an order of mag-
nitude less than my plasma tweeter. The
shielding could be much enhanced simply
by adding some more grounded copper wire
arches around the exposed portion of my
coil, at which point I would expect it to look
a lot like a fluorescent lamp in terms of radi-
ationprobably a lot better.

I would like to experiment with an argon
plasma, since the recombination rate for
monoatomic gases is much lower than that
of diatomic ones. This may allow for a more
efficient flame (less power), as well as to
prevent ozone formation.

BUILDING IN PROGRESS
As a builder, I keep following the
DIY articles and found one project

that really struck a chord, Pete Millet’s
headphone/line amp (Nov. ’02, p. 20).
Most of the projects involve odd or ex-
pensive parts, and I really don’t need an-
other exotic power amp or line amp. But
this one was different for a special rea-
son. I could put together “kits” for
friends who have never built with tubes.
The availability of the PC boardand a
well-done board it iswas key. The parts
suppliers are great to work with, and, of
course, the amp works great.

I’m using mine as a line amp in an
all solid-state system to add “tube
sound” to let listeners hear the differ-
ence. Pete’s emphasis on the experi-

mental nature of his design is what
makes this ideal. One of these kits went
to a teen that my wife tutors who has
decided on a vocational track in school.
He did a good job building it, having
just been exposed to basic soldering
techniques, and with a little assistance
put it together. This was both an eye
opener (golly, I built something) and a
real confidence builder (it works!). It
helped reinforce his career choice,
since schools really don’t think too
highly of working with your hands.

It’s my hope that you receive or can
encourage your authors to write in this
direction. If circuit boards for smaller
projects could be more readily avail-
able, this might encourage more build-
ing as well.

Thanks for a unique magazine.

Jim Albanowski
jimalbanowski@comcast.net

Pete Millett responds:

I’ve been surprised by how well-received the
hybrid headphone amplifier project has
been. I’ve received dozens of e-mails from
builders who, like Mr. Albanowski, have been
really happy with not only the result of their
effort, but the whole experience of building
something. It’s encouraged many people
who’ve never built an audio project, let alone
something with tubes, to give it a try. With-
out exception, those I’ve heard from who
have tried it have been very pleased with
their results.

I think many of usand I’ve been guilty
of this as welltend to get caught up in au-
diophile exotica, and forget about the joy of
a simple home-built project. The high cost of
high-end components and the complexity of
many projects must discourage many would-
be audio hobbyists from even trying to build
something.

I’ve also heard from many potential DIY-
ers who don’t think they’re up to the chal-
lenge of doing point-to-point wiring in a proj-
ect. I’ve always believed that a well-done
PCB can perform as well as hand wiring, and
a PCB is a whole lot easier to assemble. The
results are also more predictable, I think.

Based on the responses I’ve received, I
certainly will try to come up with more easy-
to-build projects such as the hybrid head-
phone amp. Thanks to Jim Albanowski and
all the other builders out there for the great
positive feedback! ❖

66 audioXpress 10/03 www.audioXpress.com



loudness, but is slightly objectionable,
like it was with the stock 12″ driver. I
was most concerned about the driver not
being solid at 41Hz, since any sub driver
should handle that with no problem.

With the different Qs the response
will probably be down at 41Hz, but the
driver should stay clean if you are not
really pushing it too hard. There was
also a bit of cone or surround breakup
in the E3 to G3 note range (41Hz−49Hz)
at high volumes. Given the low amplifi-
er power available, it cannot be over-
powering the driver. 

The high notes are not as bright as
Chuck would like, even with the treble
turned full up. Even though the bass is
designed to anchor the bottom end of
the rhythm section, it should still have
its full range voice, including harmonics.

THE REAL PHOENIX GOLD QX108
DRIVER REVEALED
As you can see, the CB tests showed the
QX108 driver has T/S parameters that
did not match the published specifica-
tions. Using the measured parameter
produced a CB design in a 1.24ft3 box
with f3 at 55Hz and a QTC of 0.72. Test-
ing in the box verified this design show-
ing that the QTC measured 0.73. A plot
of the design system showed that the
response would be down about 7dB by
41Hz (Fig. 12).

To eliminate the bass guitar as a vari-
able, Chuck connected the TKO 80 with
QX108 into his stereo system, replacing
the NHT SW2 subwoofer. This con-
firmed there was very little useful out-
put below the 49Hz G3.

With these initial test results in hand,
we decided to contact Parts Express,
wondering whether they had any experi-
ence with the QX108 driver measured

performance versus its specifications.
The QX108 driver performed poorly in
the TKO 80 system, just as the actual
measured driver parameters suggest. 

At this point we considered going to
the second candidate on the driver list,
the Peerless 850146 (PE #297-636). 
Assuming Chuck measured everything
correctly and the Phoenix Gold specified
data is not reliable, how much more ac-
curate can we expect the Peerless data
to be? Chuck mailed the results to Parts
Express and asked whether they had
tested the QX108 themselves.

Darren Kzuma of Parts Express in-
formed us that Phoenix Gold is a new
manufacturer more in the car audio
camp, with all their drivers made in
China, and the specs and data may not
be reliable. The T/S parameters might
even vary from driver to driver.

In order to achieve the goal of select-
ing a driver for the existing fixed vol-
ume CB, where the validity of the speci-
fications are important, he recommend-
ed we go with the next candidate on our
list. He thought the Peerless data could
be trusted, so Chuck ordered the
850146 driver. Darren said he would
arrange for the return of the QX108.

THE PEERLESS FIX
The Peerless #850146 10″ woofer, Parts
Express #297-636, is driver No. 10 in Ta-
bles 1−4 and was originally considered
one of the better candidates. We ran it in
for 12 hours at its specified resonance
frequency, then measured the free-air
data. The QX108 used eight #10 mount-
ing screws, the Peerless uses six #8, so
the adapter ring has six new holes. We
plugged the other eight holes with the
gasket material PE sent with the driver.

After installing the driver facing into
the TKO 80 cabinet, the ad-hoc air leak
test again turned out to be satisfactory.
Next came the CB tests to obtain the
T/S parameters. The test results are
shown in Table 7.

A repeat of the free-air tests after we
removed the driver showed they had
not changed from the first set of mea-

surements. Note again the large differ-
ence in the QMS measurement from the
Peerless spec.

LISTENING TESTSPEERLESS
Chuck installed the Peerless driver in
the TKO 80 cabinet, and did some sub-
jective listening. All the notes on the
bass are now nicely voiced, without any
noticeable peaks or dips in the re-
sponse. He again connected the TKO 80
in place of the NHT SW2 sub in his
stereo system.

While NHT has nothing to fear from
the modified TKO amp, the Peerless
still acquits itself quite nicely. It reach-
es down to the 32.7Hz C3 and 30.9Hz B4
bass notes on reference CDs with 5-
string bass, but the 27.5Hz A4 in the Ti-
tanic sound track CD came up silent. It
doesn’t sound as tight as the NHT, espe-
cially at higher volumes, but at normal
listening levels it is acceptable. Of
course, one of the problems in using
the bass amp in an existing stereo sys-
tem is the limited slope of the TKO pas-
sive tone controls compared to the ver-
satile electronic crossover in the NHT
subwoofer amp. 

The QX108 couldn’t deliver the
32.7Hz C3 in the earlier test. There was
a pronounced muddy, fuzzy sound.
The improvement in low-frequency ex-
tension with the Peerless driver, al-
though not quite as deep as the NHT
SW2 subwoofer, is readily apparent.
The highest notes are more realistic
with a nice midrange presence. The
amp is now much clearer and more
satisfying to listen to throughout the
playing range.

Testing showed the Peerless driver
met its specified parameters and that 
it produced superior sonic performance
in the TKO 80 system. Part 2 covers 
the amplifier and preamp, as well as
more on the importance of speaker
specifications. ❖

TABLE 7
PEERLESS 850146 MEASURED

PARAMETERS

PARAMETER MEASURED SPECIFICATION
Re 5.20Ω 5.50Ω
fS 24Hz (Z = 73Ω) 22.6Hz
QMS 5.29 2.56
QES 0.41 0.40
QTS 0.38 0.35
VAS 5.27 5.10
fC 51Hz (Z = 38Ω)
QMC 6.27
QEC 0.99
QTS 0.86

SOURCES
Antique Electronic Supply
480-820-5411
www.tubesandmore.com

Home Depot local store

Mouser Electronics
800-346-6873
www.mouser.com

Parts Express
800-743-1677
www.partsexpress.com

REFERENCES
1. Bensen, J. E., “Theory and Design of Loudspeaker
Enclosures,” published by Synergetic Audio Concepts,
1993.

2. Small, R. H., “Vented-Box Loudspeaker Systems,
Part II: Large-Signal Analysis,” JAES, July/Aug. 1973,
Vol. 21, No. 6, pp. 438–444.

(from p. 27)
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Tools, Tips, & Techniques
Free Filament and Bias Voltage

It has been more than three decades
since I built my last tube-type amp
from scratch. It was an integrated
stereo unit with 5881 output tubes (ul-
tralinear configuration) and a handful
of 12AX7s and 12AT7s or 12AU7s; it
weighed a ton and would heat a small
room during the winter. The good old
days!

One trick that I found usefulbut
haven’t seen mentioned in recent aX
articlesis to eliminate the negative
bias supply and get free DC supplies
for the preamp tubes, as well as elimi-
nate the filament turn-on stresses.
You know when the filament supply is
first turned on and the filaments flare
up very brightly.

A BETTER IDEA
On one amp I recall not having a satis-
factory tap on the high voltage trans-
former, nor having enough room for a
bias transformer and supply compo-
nents. So I went with a big, high-
wattage cathode resistor. This was a
good fix except that it heated the under
chassis area to an unacceptable level,
even with lots of added ventilation

holes. The solution: use the filaments of
the preamp tubes as the resistor.

The advantages of this scheme are
multiple:
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1. The heat is dissipated above the
chassis.
2. The preamp tubes have DC on the fil-
aments.
3. The preamp tubes’ filaments heat up
slowly (as the output tubes warm up
and get plate current). There’s no super
bright turn-on surge as you see in many
types of tubes attached directly to a fila-
ment transformer.
4. Lower noise from the preamp tubes.
5. Fewer parts.
6. No need for a negative bias supply or
a tap on the HV windings for the supply.
7. Smaller filament transformer current
requirements.

It is still desirable to have a large-
value filter cap across this filamental
“cathode resistor.” When configuring
the filaments, I found it best to have the
input stage tubes’ filaments closest to
ground. You can series or parallel fila-
ments based on your output tubes’ cur-
rent requirements, but if in doubt the
total of the filament chain making up
the cathode resistor can have less than
rated voltage applied and work well. 

That is, if you put two 12AX7s’ fila-
ments in series, they could run with only
18 to 20V DC across them. If you need
more current, parallel the filaments. An
integrated amp can easily have five or six
12A*7 tubes, so your application should
have a lot of flexibility. And you can al-
ways add a small cathode resistor to
cover any small bias voltage shortages.

One minor caveat: cathode-to-heater
voltage ratings. Check whether any
tubes used for the “cathode resistor”
have been in a circuit that has a high
cathode voltage (as you see on some
types of phase-splitting circuits). Be
sure not to exceed the tube’s cathode-to-
heater voltage ratings.

I hope this proves of some use to read-
ers. I am sure that some will shoot holes
in this idea, but to each his own. ❖

Patrick M. Brunner
Brooksville, Fla.
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VENDORS
AUDIOCLASSICS.com Buys-Sells-Trades-
Repairs McIntosh, B&W, Krell, Klipsch, Tan-
noy, CJ, VPI, Sunfire, Marantz, Levinson,
Lexicon & more. 800-321-2834.

American Science & Surplus. Audio, elec-
tronic and mechanical components, connec-
tors, wiring, kits, magnets, speakers, tools,
hardware, and more! Call for a free catalog:
847-647-0011 or shop www.sciplus.com.

www.classifiedaudio.com
High end audio. 
Buy it. Sell it. Revel in it.

WWW.AUDIOELECTRONICSUPPLY.COM
We are your supply source for all electronic
partstubes, transformers, capacitors, poten-
tiometers, connectors, and so on, as well 
as DIY kits and assembled products. 
Call (919) 355-0014 or e-mail us at info@
audioelectronicsupply.com.

Integrated amp, pro-mic preamp, headphone amp
www.borbelyaudio.com
Borbely Audio kits in USA:
www.audiokits.com
Borbely Audio kits in Japan:
http://homepage3.nifty.com/sk-audio/

CERAMIC CABINET loudspeakers. A sonic
revelation! Visit: www.faradaysound.co.uk
Comprehensive DIY information booklet $15.

Principles of Power, tube audio books, kits,
FAQ www.londonpower.com.

Repairs and upgrades for audio equipment.
Let longtime aX contributor and VTV senior
editor Eric Barbour make your system sound
better.
METASONIX, PMB 109, 881 11th St., 
Lakeport, CA 95453, synth@metasonix.com,
(707) 263-5343.

Sonic Craft is your high-end speaker source!
Accuton, AudioCap, Axon, Alpha-Core, Black-
hole 5, Cardas, Goertz, Mills, Sonicap, and kits
are on the way! Call 940-689-9800, or see
www.soniccraft.com

Mic and phono preamps, meters, filters, etc. all
US built. TDL Technology, Inc. 505-382-3173
www.zianet.com/tdl

WWW.TESTEQUIPMENTDEPOT.COM
Large supply of New & Pre-Owned Electronic
Test Equipment—Oscilloscopes, Power Sup-
plies, Spectrum Analyzers, DMMs, Network
Analyzers, and lots more. Call us at 800-275-
6261
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Trian Electronics 608-850-3600 or www.triancorp.com

The New Generation
TD800 Series

www.luminousaudio.com

$10
PLUS FREE
SHIPPING
Continental USA

All direct plating, no nickel f lash.4/9 ’s pure copper.
Designed for 1/4"- 5/16" posts and up to 10g wire. Can be
crimped and soldered. Also available in gold and bare.
Email orders only please: luminous@cavtel.net

LUMINOUS AUDIO
TECHNOLOGY

FINAL LY AFFORDABLE SET
OF 4

High-end cables since 92'

SILVER PLATED

SPADE LUGS

Welborne Labs

http://www.welbornelabs.com

The largest selection of
tubes, audio kits, and parts.

It’s all online at

Classifieds

tubes?
www.tubes.it

Stand,
Console

Shelves or
Support

Gels
around
small

objects
and

rough
surfaces

KTS AIPs

Mass Load and Absorb Top
Cabinet Vibration

Couple
and
Isolate

Secures Cabinets/Components to Wood Tile Metal
Non-Toxic, Non-Destructive Removable
www.kleintechsys.com  P. 561-969-2298
email: support@kleintechsys.com

Changing the
Resonant
Frequency of
the System
Will Reduce
Undesired
Noise that
can color
sound!

Specific
Damping

74%
Absorption
over 60%

Eliminate Vibration Noise Distortion
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COST EFFECTIVE SPEAKER CABLE
High Purity (>99.99%Cu) 12 Gauge, Prepared for Instant

Hookup, NEXT DAY SHIPPING, On-Line Ordering, 20 to 80
feet Lengths! Don’t Sacrifice Frequency Reproduction or Power

Loss. Don’t be fooled by high cost “magic” Cable.
www.kleintechsys.com cable@kleintechsys.com   p.561.969.2298

Want the best price/performance kitset
audiophile amp on the planet?  Need

service too?  Can’t be done?  Visit:

www.aksaonline.com

UDIOGOA Nwww. .com

Sure, we’re an audio center.
Center of the universe, that is.

H I G H  E N D  A U D I O  M A R K E T P L A C E
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WANTED
David Lucas manuals and materials for electrostat-
ic speakers. If you or someone you know has pur-
chased David Lucas manuals and kits, please
contact: Angel Rivera 941-798-9227 (Florida),
rivera_angel@hotmail.com, or alrivera@
tampabay.rr.com.

Complete workshop manual for Marantz 10B Stereo
FM tuner. Original or photostat. Will pay in US $ or
£s sterling. Clive Kavan, 9B, Ashbourne Parade,
Hanger Lane, Ealing, London, W5 3QS., England.
+44 20 8998 8127, FAX +44 20 8997 0608, Mobile:
+44 7860 519748.

Schematic for Luxman C-1010 solid state preamp.
Tom Tutay, Transition Audio Design, 24 Elm Avenue
SE, Ft. Walton Beach, FL 32548, 850-244-3041,
FAX (850) 244-2498. 

FOR SALE
Wayne Kerr Radford distortion measuring set com-
prising LDO4B low distortion oscillator and LDMS2
low distortion measuring set with autolink. Range:
10Hz to 120kHz. Measures down to 0.0002%. Ex-
cellent condition. £800 sterling. Clive Kavan, 9B,
Ashbourne Parade, Hanger Lane, Ealing, London,
W5 3QS., England. +44 20 8998 8127, FAX +44
20 8997 0608, Mobile: +44 7860 519748.

IAMBDACOUSTICS_UNITYHORN finished pair!
Black. B&C compression drivers, picture frame
version. NEW Apollo 15 × 8WVC pair. Good
offer/Raretoy449@aol.com.

Drivers, all new. Accuton Ceramic, two midbass
C288 ($270 each) $160 each; Focal, four midbass
5V412DBL ($65 each), $40 each, two titanium tweet-
ers TC120TDX ($80 each) $50 each; Focal, four 12″
woofers 12V726, Fs 19Hz ($190), $115 each;
Scanspeak, two Kevlar mids 13M8636 ($115 each)
$70 each, two mid 13M8640 ($85 each), $50 each;
Scanspeak Automotive, two bass 21w5555 ($156
each), $95 each; two tweeters D2904.60000 ($110
each), $65 each; Dynaudio, six D260 tweeters with
square frame, $50 each. 360-260-1147, weekends
509-586-9735, wrightt@gbaudio.com.

Two Memphis car power amps models (16ST200,
16ST100), Memphis two way electronic crossover
model (CX25), 1.0F digital display cap, all for
$300. In mint condition, almost new, includes all
boxes and user manual. I will ship if buyer pays
the shipping. Call 716-885-8250 or e-mail to
havenandhell3@cs.com.
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Pacific Microsonics has introduced
their new PMD-200 high definition com-
patible disc (HDCD) chip for CD and
DVD audio and video players. The de-
vice provides HDCD decoding, filtering,
and processing, accepting up to 24-bit
input data at sample rates from 44.1kHz
to 192kHz. The chip is based on the Mo-
torola DSP56364 digital signal process-
ing engine, and can handle 100 million
instructions per second (mips).

In addition to featuring HDCD decod-
ing and precision filtering for the over
4,000 HDCD-encoded CDs available
today, the PMD-200 adds HDCD preci-
sion conjugate filtering for DVD-video

and DVD-audio. These multi-format
HDCD capabilities make the PMD-200
ideal for consumer electronics products
such as DVD players and A/V receivers
that must be capable of playing audio
from DVD-video discs, HDCD CDs, con-
ventional CDs, and HDCD DVD-audio
discs.

Pacific Microsonics, Inc.
Contact: Andy Johnson
510-475-8000, ext. 102 (US and Europe)
ajohnson@hdcd.com
www.hdcd.com

New Chips on the Block
By Charles Hansen

Analog Devices AD1833/AD1836

Pacific Microsonics PMD-200 HDCD

The Analog Devices AD 1836 is a high-
performance, multi-channel, single-
chip coder/decoder (Codec). It provides
six digital-to-analog converters (DACs)
and four AD1855 audio analog-to-digital
converters (ADCs) using ADI patented
sigma-delta techniques. It supports
multiple digital stereo channels with
24-bit conversion resolution and a
96kHz sample rate. Thus, it is fully com-
pliant with the newest Digital Versatile
Disk (DVD) audio specifications. The
AD1836 also includes six independent
volume controls adjustable via an SPI-
compatible serial control port.

The AD1836 is designed for home
theater equipment, automotive audio
systems, and digital audio-effects
processors. The AD1833 has a similar
architecture and is targeted for DVD
players.

The AD1836 and AD1833 feature a
108dB dynamic range for each of the
six DACs, and a 104dB dynamic range
for the four ADCs. It means that design-
ers can build smaller, lower power-
consuming systems without having to
compromise on the accuracy of the
sound. The multi-bit Sigma-Delta archi-

tecture reduces idle tones, and the
patented data-directed scrambling min-
imizes sensitivity to jitter.

To reduce design complexity and re-
duce overall cost, the devices have been
optimized to interface directly with the
ADI SHARC family of digital signal
processors (DSPs).

The AD1836 52-pin MQFP (PQFP)
packaged Codec is priced at $9.50 US in
1000-piece increments. It requires a sin-
gle +5V supply, but it also has a sepa-
rate supply pin for its digital interface,
allowing it to be used with +3.3V de-
vices.

The AD1833, a similar 48-pin LQFP
packaged device, will cost $6.80 US in
1000-piece quantities. It, too, requires a
single +5V supply, with a separate sup-
ply pin for its digital interface, allowing
it to be used with +3.3V devices. ❖

Analog Devices Inc.
804 Woburn St.
Wilmington, MA 01887
781-937-1428
FAX 781-937-1021
www.analog.com

Adire Audio carries a full range of kits, products, 
and services for the DIYer.  Please contact us at: 

ADIRE AUDIO 

WWW.ADIREAUDIO.COM 

PHONE: 425-778-WOOF (9663) 

DPL12 
High excursion, low distortion, 

low extension 12” subwoofer: 

The DPL12 is a high excursion 12” driver  

designed for use in dipole and sealed box 

applications.  It features a low Fs, mid-

value Q, dual 8 Ohm voice coils, and a  low 

noise motor and basket design. 

The T/S parameters are: 

Fs: 16.3 Hz Znom: 4 Ohms 
Vas: 149 liters DCR: 3.36 Ohms 

Qms: 11.16 Xmax: 14.3mm 
Qes: 0.41 Sd: 506 cm2 
Qts: 0.40 Pmax: 650W 
SPL: 84 dB, 1W, 1m Price: $150 

Electronic Crossovers
Tube

Solid State

Free Catalog:
Marchand Electronics Inc.

PO Box 473
Webster, NY 14580

Phone (585) 872 0980
FAX (585) 872 1960

info@marchandelec.com
www.marchandelec.com

All available as kit

Line Level Passive
Crossovers

Custom Solutions
We can customize our

crossovers to your specific
needs. We can add notch

filters, baffle step
compensation, etc....


