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Introduction
The B4 is a stereo active crossover filter system designed for high performance and high
flexibility. It is intended for those who feel the need for crossover network characteristics
which are far more variable than the “textbook” filters offered by other products. Because the
characteristics of every loudspeaker driver varies dramatically and uniquely from an ideal
device, it is routinely the case that a standard filter is not optimal, and this is where the B4 is
particularly useful.
The B4 offers 1, 2, 3, or 4 Poles for each filter, corresponding to 6, 12, 18 or 24 dB per octave
slopes. Most importantly, each of these Poles is independently adjustable within each filter,
allowing wide customization for the character of each filter. In the X1 range, each filter Pole
can be varied from 20 Hz to 1,260 Hz in 20 Hz steps, and in the X10 range, from 200 to
12,600 in 200 Hz steps. These filter settings are adjusted by internal switches inside the B4.
A quick calculation shows that this gives approximately 270 million different permutations per
filter. Most of these will not be of interest, but you never quite know what will do the job.
The Low Pass output levels of the B4 are variably and independently adjusted from the front
panel, and the High Pass output levels are attenuated to calibrated levels by internal
switches.
The active circuits are DC coupled JFET complementary followers operated without feedback.
The only capacitors in the signal path are the polypropylene filter elements. Filter portions
which are unused can be bypassed, minimizing the active components in the signal path.
The B4 has a high input impedance of 100 Kohms and low output impedance of 150 ohms.
The bandwidth of the low pass is DC to the value of the filter frequency, and the bandwidth of
the high pass is about 0.5 dB down at 100 Khz.
Although DC coupled, each circuit has been trimmed for the very minimum of DC offset, and
so you should expect to see about 1 mV of DC through the system. very low noise and
distortion and wide bandwidth. It is important to note that any DC offset present at the input
from source components will be passed through the B4 Low Pass circuit.
The distortion of the all the circuitry in series is about .003% at 1 volt, and the maximum
output is about 10V peak. The noise in the unweighted audio band is a few microvolts, or
about -110 dBV.

B4 Overall View
This is what the simplified overall schematic of the B4 looks like, showing only one channel of
the stereo pair:

Here you can see the Input Buffer which sees to it that the input impedance of the B4 is at a
high 100 Kohms, while insuring that the filters see a low source impedance which is important
to their accuracy.
The High Pass Fixed Attenuator is a switched network which can be set at 0, -5, -10, -15 and
-20 dB of attenuation. The Low Pass Level Knob on the front panel provides continuously
variable attenuation for the output to the Low Pass Filters.
The High Pass Filters are in two stages. High Pass 1 contains the first two poles of the filter,
poles 1 and 2. These are used for either 6 or 12 dB/octave filtering by themselves and
provide the first two poles of filtering in filters set at 18 or 24 dB/octave.
High Pass 1 can be bypassed, although normally it will not be. The selection of 6 or 12 dB
per octave is set by a jumper on the filter. The frequencies of the two poles are set by two
sets of 8 switches.
The second stage, High Pass 2, is very similar to High Pass 1, but it is not identical. The
differences are due to the slightly different pole settings for 18 and 24 dB per octave slopes
which can be summed to a flat response. When setting the filter system to 6 or 12 dB per
octave, High Pass 2 is bypassed via a jumper setting “OUT” at its output. When 18 or 24 dB
per octave slopes are required, the jumper is set for “IN”.

The above information is also true for the Low Pass system.
Here is what this filter sections of the circuit board look like:

You can see that the filter sections of the B4 have been clearly blocked off and labeled to
keep things as clear as possible. Anything having to do with the settings of a filter section are
contained within the boundaries show on the printed circuit board.
There are eight of these filter sections, four for each channel. Of these four, two are for the
Low Pass Filter system, and two for the High Pass Filter system.
In each section you can see the Bypass Jumper, the 6/12 dB Jumper, the X1 and X10
frequency switch, and the 6 switches which control the frequency settings, marked from 20 to
640. The frequency you select will be the sum of the switches in the “ON” position, which is
clearly marked on the switches.
It may seem intimidating, but it is composed of simple elements, and these will be explained
with detailed examples of their use.

Individual Filters
Here is what a Filter section looks like:

This one happens to be a a Right Channel High Pass #1 filter, but they all look the same, so
one example will serve for all eight in the B4.
First off, note the 3 pin BYPASS jumper, which is set for either IN or OUT. If it is set for OUT,
then the filter is completely bypassed, and the output will be exactly the same as in input.
With the jumper set across the IN pins, then the filter is active. If there is no jumper there will
be no output at all.
Second, note that there is a 3 pin SLOPE jumper. If the pins are jumpered on the 6 side, then
this filter element will have only 1 pole (6 dB/octave), which is the setting of POLE 1. The
settings of POLE 2 will be disabled, and they won't matter. If the pins of the SLOPE jumper
are set to the 12 side, then both poles of the filter will be active.
Each filter section has two poles, each set by a dip switch with eight switches - six for the
frequencies from 20 to 1260 Hz and two to set the X1 or X10 range.
The frequency of each pole of the filter is variable from 20 Hz to 1260 Hz in 20 Hz steps, and
the switches are labeled 20, 40, 80, 160, 320 and 640 Hz. The switch body indicates the OFF
position with a label and an arrow. The ON position is the on opposite side.
The filter frequency will be the sum of the switches that are put in the ON position. For
example, if the 80 and 40 are in the ON position, then the frequency of the filter is 120 Hz.
If the X1 switch is open and the X10 switch is closed, then that setting gives you 1,200 Hz.

Each pole of a filter can take on 128 values. The frequencies of the four possible different
poles of a filter are often set to the same frequency, but this is not required. You can set the
frequencies to any value the switches allow with losing filter stability.
It is essential that any active poles be actually set to a value of frequency and multiplier. If
you expect the filter to work, any active Poles must have a frequency and multiplier set.
Failure to observe this often causes no output at all, and some people might imagine that the
crossover is broken, which it probably is not. Remember, if you set the SLOPE to 6, then
Pole 1 is active, and if you set the SLOPE to 12 then both Poles are active.
Often the characteristics of a loudspeaker driver (and the driver it is crossing to) are such that
you have to vary the values of each of the possible frequency Poles independently to get the
optimal performance.
The same is true of the choice of what Poles to use. Ordinarily you would approach this by
using Pole 1 of Filter 1 for a 6 dB/octave slope setting, and then Pole 2 of Filter 1 to add a
second Pole to form a 12 dB/octave setting. For 18 dB/octave, you would enable Filter 2 by
placing its Bypass Jumper in the “IN” position and then use Pole 1 of Filter 2 for 18 dB/octave
and Pole 4 of Filter 2 for a 24 dB/octave slope.
You don't have to use them in that order, but if you do, you can get the maximally flat sum of
the filters at the output. If your drivers were perfect, that it what you would likely want, so
that's a good place to start.
Confused? On the following pages are some actual examples of setting to illustrate how the
settings work. Each is for right channel only, so remember to do the same for the left channel
if you want to. One of these pages is left with blanks that you can copy to record your own
settings for reference.

TRI-AMPING AND MORE...
Many systems have crossovers that divide the frequencies more than once for more than two
drivers. Systems with 3 drivers can make use of Tri-amping with three channels of amplifier
and an additional crossover network.
To do this, you will take another B4 or similar crossover and feed one of the outputs, either
high or low pass into the input of the second crossover. It is arbitrary which you use. One
crossover is set up for one of the crossover points, and the other crossover is set up for the
other. The result is three output, generally a Low Pass, a Band Pass, and a High Pass.
However you do it, the Band Pass will certainly be coming out of the second crossover box.
You can keep adding crossovers to filter for an arbitrary number of drivers. You will be adding
a box for each additional driver. It is also possible to get even higher slopes. You can place
two B4's in series to get 48 dB/octave if you want.
If you need help thinking about this, you can email me: nelson@passlabs.com

Example 1
12 dB/octave High Pass filter at 800 Hz, 12 dB/octave Low Pass filter at 700 Hz
RIGHT HIGH PASS 1
BYPASS = IN
SLOPE = 12
POLE 1 SWITCHES = 160, 640, X1
POLE 2 SWITCHES = 160, 640, X1

(ALL OTHERS = OFF)
(ALL OTHERS = OFF)

RIGHT HIGH PASS 2
BYPASS = OUT
SLOPE = 6
POLE 1 SWITCHES = 640, X1

(ALL OTHERS = OFF)

POLE 2 SWITCHES =

(ALL = OFF)

LEFT LOW PASS 1
BYPASS = IN
SLOPE = 6
POLE 1 SWITCHES = 20, 40, 640, X1 (ALL OTHERS = OFF)
POLE 2 SWITCHES = 20, 40, 640, X1 (ALL OTHERS = OFF)
LEFT LOW PASS 2
BYPASS = OUT
SLOPE =
POLE 1 SWITCHES = 640, X1

(ALL OTHERS = OFF)

POLE 2 SWITCHES =

(ALL = OFF)

Comment: Notice that the unused filters are parked at 640, X1 frequencies. This is
not necessary, but it keeps the unused filter a little quieter.

Example 2
6 dB/octave High Pass filter at 180 Hz, 12 dB/octave Low Pass filter at 100 Hz
RIGHT HIGH PASS 1
BYPASS = IN
SLOPE = 6
ON POLE 1 SWITCHES = 20, 160, X1 (ALL OTHERS = OFF)
ON POLE 2 SWITCHES =

(ALL = OFF)

RIGHT HIGH PASS 2
BYPASS = OUT
SLOPE = 6
POLE 1 SWITCHES = 640, X1

(ALL OTHERS = OFF)

POLE 2 SWITCHES =

(ALL = OFF)

LEFT LOW PASS 1
BYPASS = IN
SLOPE = 12
ON POLE 1 SWITCHES = 40, 80, X1

(ALL OTHERS = OFF)

ON POLE 2 SWITCHES = 40, 80, X1

(ALL OTHERS = OFF)

LEFT LOW PASS 2
BYPASS = OUT
SLOPE = 6
POLE 1 SWITCHES = 640, X1

(ALL OTHERS = OFF)

POLE 2 SWITCHES =

(ALL = OFF)

COMMENT: You might find a filter similar to this useful in mating a full-range driver to
a woofer.

Example 3
18 dB/octave High Pass filter at 2 KHz, 18 dB/octave Low Pass filter at 2 KHz
RIGHT HIGH PASS 1
BYPASS = IN
SLOPE = 12
ON POLE 1 SWITCHES = 40, 160, X10

(ALL OTHERS = OFF)

ON POLE 2 SWITCHES = 40, 160, X10

(ALL OTHERS = OFF)

RIGHT HIGH PASS 2
BYPASS = IN
SLOPE = 6
ON POLE 1 SWITCHES = 40, 160, X10

(ALL OTHERS = OFF)

ON POLE 2 SWITCHES = 640, X10

(ALL OTHERS = OFF)

LEFT LOW PASS 1
BYPASS = IN
SLOPE = 12
ON POLE 1 SWITCHES = 40, 160, X10

(ALL OTHERS = OFF)

ON POLE 2 SWITCHES = 40, 160, X10

(ALL OTHERS = OFF)

LEFT LOW PASS 2
BYPASS = IN
SLOPE = 6
ON POLE 1 SWITCHES = 40, 160, X10
ON POLE 2 SWITCHES = 640, X10

(ALL OTHERS = OFF)

(ALL OTHERS = OFF)

COMMENT: Once again we are “parking” the unused poles at 640, and we use X10
on these just to avoid confusion

Example 4
24 dB/octave High Pass filter at 1 KHz, 24 dB/octave Low Pass filter at 900 Hz
RIGHT HIGH PASS 1
BYPASS = IN
SLOPE = 12
ON POLE 1 SWITCHES = 40, 320, 640, X1

(ALL OTHERS = OFF)

ON POLE 2 SWITCHES = 40, 320, 640, X1

(ALL OTHERS = OFF)

RIGHT HIGH PASS 2
BYPASS = IN
SLOPE = 12
ON POLE 1 SWITCHES = 40, 320, 640, X1

(ALL OTHERS = OFF)

ON POLE 2 SWITCHES = 40, 320, 640, X1

(ALL OTHERS = OFF)

LEFT LOW PASS 1
BYPASS = IN
SLOPE = 12
ON POLE 1 SWITCHES = 20, 80, 160, 640, X1

(ALL OTHERS = OFF)

ON POLE 2 SWITCHES = 20, 80, 160, 640, X1

(ALL OTHERS = OFF)

LEFT LOW PASS 2
BYPASS = IN
SLOPE = 12
ON POLE 1 SWITCHES = 20, 80, 160, 640, X1

(ALL OTHERS = OFF)

ON POLE 2 SWITCHES = 20, 80, 160, 640, X1

(ALL OTHERS = OFF)

COMMENT: The following page is provided for you to copy and use for your own
record.

B4 FILTER SET RECORD

DATE __________

_____dB/octave High Pass filter at ______ Hz, _____dB/octave Low Pass filter at ______Hz
RIGHT HIGH PASS 1
BYPASS = OUT / IN
SLOPE = 6/12
POLE 1 SWITCHES = _____________________________

X _____

POLE 2 SWITCHES = _____________________________

X _____

RIGHT HIGH PASS 2
BYPASS = OUT / IN
SLOPE = 6/12
POLE 1 SWITCHES = _____________________________

X _____

POLE 2 SWITCHES = _____________________________

X _____

LEFT LOW PASS 1
BYPASS = OUT / IN
SLOPE = 6/12
POLE 1 SWITCHES = _____________________________

X _____

POLE 2 SWITCHES = _____________________________

X _____

LEFT LOW PASS 2
BYPASS = OUT / IN
SLOPE = 6/12
POLE 1 SWITCHES = _____________________________

X _____

POLE 2 SWITCHES = _____________________________

X _____

COMMENTS ______________________________________________________________
_________________________________________________________________________

There are those technically inclined who will appreciate more detail about the topology of the
filter sets:

Here are example curves for 24 dB/octave filters at the major frequencies:

The filters have been designed to sum fairly flat for all slope settings if you use the same
frequency for both the Low Pass and High Pass filters.
One item that has not been mentioned is the phase of the drivers. As a matter of course you
will want to experiment with phase reversal of the wiring of each driver in the development of
the crossover settings. If you could assume perfect loudspeakers, then as a matter of course
you would likely find that the best settings are as follows:
For High Pass and Low Pass at 6 Db/octave at the same frequency:

in phase

For High Pass and Low Pass at 12 Db/octave at the same frequency:

out of phase

For High Pass and Low Pass at 18 Db/octave at the same frequency:

out of phase

For High Pass and Low Pass at 24 Db/octave at the same frequency:

in phase

Be sure to try it both ways, though.

Level Controls
The two knobs on the front panel are used to adjust the left and right level of the woofer
system independently.
Depending on the gain of the amplifiers and the sensitivity of the speakers, you may find that
you can't turn the bass up high enough to balance the system. For this, inside behind the
front panel are some fixed resistor switches that you can use to attenuate the full range output
from 0 to -20 dB in 5 dB steps. It is designed for you to use one pair of switch values at a
time, but you you can turn them all on at once if you want and it won't hurt anything.
I suggest that you use the least attenuation that will give you too much bass with the front
panel knobs all the way up.

Some Helpful Hints
Finding the best settings for the crossover on a given system usually requires time and
patience. If you know what you like when you hear it, then you could simply go through all
permutations of the frequency and slope settings (and flipping the phase of drivers). There
are way to many possibilities with the B4, so it's probably wise to find a likely place to start.
Most of the time you will have some idea of where to start, but it should be emphasized that
experimentation with values and listening over time are nearly always necessary to extract
the best possible performance. If you have the ability to measure the response curve of the
driver combination you can speed up the process. You can first assume that you are looking
for flat response in the crossover region.
Most ideally the response will be pretty flat with both drivers wired in-phase. If not, try flipping
the phase of the full range. If that doesn't flatten it out, then you can start fooling with different
crossover frequencies and slopes until it is reasonably flat.
You might think you're done, but maybe not. It's possible for the response to be flat and still
have flawed sound because the drivers are not truly agreeing with each other on phase, and
this is a frequency region where phase response is particularly important.
Having done this a lot, I have a simple procedure that gets me close to where I want to be
fairly quickly. I put the drivers in phase and I fool around with the filter values until I get the
flattest response I can in the crossover region. Then I measure the woofer alone (with the full
range off) and then the full range alone. If you have software that allows you to overlay the
three plots of the two drivers alone along with the summed response, then you are looking for
the following characteristics – the woofer and full range should meet at the crossover point in
such a way that each is about -6 dB from the value of the summed response.
The curve below is an illustration of this. We see three curves, the dark one being the
summed response between a Lowther PM5A and an Eminence 15 beta woofer. You can also
see the individual response of the drivers, and that they meet at 150 Hz at about -5 dB below
the summed response.

Siegfried Linkwitz pointed out to me that alternatively, you can seek the deepest notch to be
had when the drivers are incorrectly phased and then reverse the phase to hopefully get the
flattest response which also probably has the best phase character.
But not always. Below is a system which measures pretty flat, but does not obey this rule:

Here we see a fairly flat summed response, but the midrange driver has a more elevated
response between 100 and 200 Hz without the woofer, in other words, the two drivers are not
in good agreement on phase, and the woofer is subtracting some energy. The result does not
sound very good in the bass region – ill defined and lacking a coherent transient attack.
Here is the same system with different crossover settings and the phase flipped on the full
range driver:

You will note that the individual drivers response is not greater than the summed response,
and I can tell you that the sound was very much better.
This approach is a simple way of speeding up the process of getting the system to sound its
best, in other words, it's usually a good starting point. Don't rely too much on simply flat
response when adjusting crossover networks, and be prepared to use your ears over an
extended amount of time to get it just right.
Also, be aware that flat response at 1 meter will not usually accurately reflect your experience
at the listening position, so be sure to take a good listen to the speaker before you bolt the
cover back on the crossover.
Your results will vary, but the important thing is to have patience and perseverance. Try to
enjoy the process of refining your loudspeaker's sound, and allow the time it takes.
Always remember that this is supposed to be fun.
Oh look! I have page space left over. Here's a picture of the inside:
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