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This kind of filter has been around a long time, but
there has been little mention of it in the ham literature.

By Mike Kossor, WA2EBY

244 N. 17th St
Kenilworth, NJ 07033
mkossor@lucent.com

A Digital
Commutating Filter

1Notes appear on page 8.

[Mike created this filter as part of a
Doppler RDF project, the balance of
which is covered in the May 1999 QST.
Commutating filters have been known
for some time, but for reasons beyond
my ken, have seen little employment.
The technique is put to good use here.
The RDF system uses a multiple-
antenna spatial-diversity system to
produce Doppler-induced FM (at about
500 Hz) on the signal being examined.
The exact nature of the induced modu-
lation is then taken to indicate the
bearing of the distant source. The cir-
cuit described here comprises a very
narrow band-pass filter that isolates
the near-500-Hz tone. See also Nichols

in the Mar/Apr 1999 QEX for addi-
tional discussion of spatial diversity.
The Mar/Apr 1998 QEX has some ma-
terial on sampling theory. —Ed.]

Digital filters have long been an in-
tegral part of radio-navigation and
direction-finding systems. One of the
earliest references I found dated back
to the late forties.1 The paper credits
G. R. Clark as the inventor of the type
of digital filter used in our Doppler
RDF project. Digital switching tech-
nology did not exist—as we know it
today—in 1947, so an electromechani-
cal switching method was devised to
implement Clark’s original filter. The
design was known as a filter using
synchronously commutated capaci-
tors, or a digital commutating filter as

is illustrated in Fig 1. The input sig-
nal to be filtered is applied to one side
of the resistor, while the filtered out-
put signal is taken from the other side
that is common to all capacitors. A
motor was used to continuously turn
the switch shaft at a fixed rate. Each
capacitor is momentarily switched to
ground as the switch contact spins
around. The center frequency of the
filter is determined by the rate at
which the switch spins around, not by
the values of R and C, as is the case
with a conventional RC filter.

How it Works
At dc, the voltage applied to the in-

put results in all capacitors charging
to the same value. The filter output
follows the dc voltage applied to the
input (Vo = Vi) assuming that it’s feed-
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ing a high-impedance monitoring de-
vice that does not load the output.

Now we apply a periodic input sig-
nal, such as a sine wave, with ampli-
tude of 1 V. The output of the filter
decays rapidly to near zero volts as the
frequency of the input signal is in-
creased from dc. The output becomes
zero as the input-signal frequency is
increased to exactly one half the fre-
quency of switch rotation. Under this
condition, the switch makes two com-
plete revolutions for each single cycle
of the input sine wave. Each capacitor
is charged to a specific value during
the positive half-cycle of the input sine
wave as the switch completes its first
revolution. It is then completely dis-
charged by the same values of opposite
polarity on the next revolution of the
switch during the negative half-cycle
of the input sine wave. The net result
is zero output signal.

The filter output remains near zero
as the frequency of the input signal is
increased further. Capacitors charge
and discharge to various levels, yield-
ing near-zero output until the input
signal frequency is increased to the
frequency of rotation of the switch.
Under this condition, each capacitor
charges to exactly the same value of
the input signal amplitude each time
it is switched to ground. For example,
capacitors 1 through 8 will charge to
the value of input signal amplitude at
0°, 45°, 90°, 135°, 180°, 225°, 270° and
315°, respectively, during the first ro-
tation of the switch. The same cycle
repeats on the second rotation as ca-
pacitor 1 is selected and the input sig-
nal, being periodic, has the same am-
plitude at 360° as it did at 0°. The
output amplitude of the filter follows
the input signal amplitude of filter (Vo
= Vi) under this unique condition.

The output amplitude of the filter
again decays rapidly as the frequency
of the input signal is increased beyond
the frequency of rotation of the switch.
The output hits another null when the
signal frequency equals 1.5 times the
switch-rotation frequency. The output
again follows the input when the in-
put signal frequency is exactly twice
the switch rotation frequency. The
amplitude response of the filter con-
tinues to repeat this pattern as the
frequency of the input signal is in-
creased further. This response is illus-
trated in Fig 2.

The filter output tracks the ampli-
tude of a periodic input signal that is
the same frequency as the switch rota-
tion frequency or an integral multiple
(harmonic) of it. The periodic peaks

in the filter’s frequency response re-
semble a comb, hence the name “comb”
filter is given to this type of response.
The comb response poses a problem in
our RDF application, since we are only
interested in extracting the 500-Hz
Doppler tone from the audio. The
comb-filter response would allow dc
and all harmonics of 500 Hz to appear
at the filter output if we did not
prefilter the input signal. This ex-
plains the 500-Hz low-pass and high-
pass filters that precede the digital fil-
ter in our Doppler RDF project. Band-
pass filtering the input signal before it
reaches the digital filter changes the
comb response into a single-frequency,
high-Q band-pass response with a cen-
ter frequency determined by the fre-
quency of rotation of the switch.

Bandwidth limiting the input signal
also constrains the maximum input-
signal frequency. The Nyquist sam-
pling theorem states that a band-
width-limited signal can be uniquely
determined by sampling if the sam-
pling rate is at least twice the highest-
frequency component. The sampling

rate in our filter is defined as the num-
ber of times a capacitor samples and
stores the input signal each second.
Let’s assume there are eight samples
taken of the 500-Hz (t = 2 ms) Doppler
tone. So a new sample is taken every
2 / 8 ms = 0.25 ms, making the sam-
pling rate (1 / t) 4 kHz. That means the
highest input signal frequency that
can be processed by our filter is
4 / 2 kHz = 2 kHz. This frequency limi-
tation is known as the Nyquist fre-
quency or Nyquist rate. Applying in-
put-signal frequencies above the
Nyquist limit to our digital filter will
result in erroneous responses. These
errors due to under-sampling of the
input signal are known as aliasing.
We avoid aliasing errors by choosing a
sampling rate that is greater than the
Nyquist rate. Accurately filtering the
500-Hz Doppler tone requires a mini-
mum sampling rate of 500× 2 = 1 kHz.
The 4-kHz sampling rate used here is
four times the Nyquist rate. A high
sampling rate makes it easier to con-
vert the digitized filter output back
into an analog form. More information

Fig 1—A digital commutating filter using a mechanical switch.

Fig 2—Amplitude versus frequency of a commutating filter.
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on digital signal processing funda-
mentals can be found in The ARRL
Handbook.3 

Modern Implementation
Refer to Fig 3. The electromechani-

cal switch / motor combination of
Clark’s filter is replaced with octal
analog switch, U5, resulting in the
modern, digital, commutating filter.
The BCD address applied to pins 9, 10
and 11 of U5 determines which capaci-
tor is connected to analog ground on
pin 3. Digital counter U7 sequences
the BCD addresses to switch capaci-
tors 1 through 8 to ground—in order—
emulating the physical rotating
switch in Fig 1.

The response time of the digital fil-
ter can be changed by changing the
value of R. This is accomplished by
damping control R19. Changing the
value of R19 does not change the cen-
ter frequency of the filter, just how fast
the filter responds to input signals.
This is extremely useful in RDF appli-
cations, where reflected (multipath)
signals cause false direction indica-
tions. These false signals cause rapid
phase changes in the Doppler tone and
can be filtered out by slowing the re-
sponse time of the digital filter.

Analysis of Operation
Conventional ac analysis has been

used to characterize the switched-ca-
pacitor comb filter response.2 The ap-
proach to this complex problem as-
sumes that the sinusoidal input signal
is quantized, as illustrated in Fig 4.

The voltage of the input signal, Vi, is
considered to be constant (quantized)
during the time a capacitor is switched
to ground and charged (sampling in-
terval). This is illustrated by the
square-wave representation in Fig 4.
The circuit of Fig 5 is used to analyze
the charge on each capacitor during
the time it is switched to ground.

The switch closes when capacitor Cn
is switched to ground and remains
closed until the switch rotates to the
next capacitor, Cn+1. The quantized
(constant) value of Vi is connected to
the series RC combination when the
switch closes. The voltage on capaci-
tor Cn may charge or discharge as it is
switched to ground, depending upon
the polarity of Vi and the charge al-
ready on the capacitor, Vc. The output
voltage Vo represents the voltage
across the capacitor Vc just as the
switch opens. It is proportional to the
charge on the capacitor from the
present value of Vi plus the previous
value of Vc from the last iteration. The

value of Vo can be calculated as fol-
lows:

V t V 1 e V eo i

t

nRC
c

–t

nRC( ) = −












+
−

(Eq 1)

of an analog system. This is a funda-
mental concept of DSP: A computer
does the sampling, delaying, multiply-
ing and summing of past and present
scaled values of the sampled input sig-
nal to produce the digitally filtered
output. The Z transform is a math-
ematical tool that describes exactly
how the input signal samples are de-
layed in time, scaled and added to-
gether with past and present scaled
samples to produce the desired output.

The signal-flow diagram of Fig 6
should help to understand the process
better. The filtered output Vo (Z) is
equal to the sampled input signal Vi (Z)
multiplied by constant (1 –  h) plus the
previous value of Vo (Z)—taken n
samples ago—multiplied by constant
(h). In our case, n = 8 because there are
eight capacitors and the switch takes
eight units of delay (samples) to make
one complete rotation. How does this
relate to our hardware example with
the rotating switch? The present
output Vo (t) across a capacitor Cn as
it is switched to ground is equal to
the charge from the present input
[(1 – h) Vi] plus the voltage already on
the capacitor (h Vc) that was put there
eight units of delay (switch positions)
ago, Vc = Vo (t – 8). Note that by substi-
tuting h = e–t / (RCn) you have Eq 1. Also
note that Vc = Vo(t – n) is analogous to
Vo (Z) Z–n used to indicate the value of
Vo taken n units of delay ago.

The equation describing the digital
filter output in terms of the sampled
input signal of our RDF filter is as fol-
lows:

V Z h V Z hV Z Zo i o
n( ) = −( ) ( ) + ( ) −1
(Eq 2)

where
Vo (Z) = the present output sample

of the of the filter
Vi (Z) = the present sample of the

input signal
Vo (Z) Z–n was the value of the filter

output Vo (Z) n units of delay ago
h = scaling constant; h = e–t / (RCn)

Eq 2 can be rearranged as follows:
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(Eq 3)

Eq 3 is commonly referred to as the
system response, H (Z). Note that only
simple algebra is needed to obtain the
system response from Eq 2. Obtaining
the system response from Eq 1 with
conventional ac analysis is consider-
ably more complicated, as it requires
an infinite sum. The frequency re-
sponse of the digital filter, H (j ω) is
found by substituting e–jnωt for Z–n in
Eq 3. The frequency response of the

where:
Vo (t) = voltage on the capacitor as

the switch opens
Vi = quantized input-signal voltage

(assumed constant until the switch
opens)

Vc = initial charge on the capacitor
(from the last time it was switched to
ground)

R = series resistor value
Cn = the capacitor switched to

ground
n = number of capacitor
t = dwell time the switch remains

closed
Eq 1 represents the continuous time

response of charging a capacitor (Cn)
for a single switch closure to ground.
Note that the present calculated value
of Vo (t) becomes the value of Vc the
next time the switch completes its ro-
tation back to capacitor Cn and the
new value of Vo (t) is to be calculated.

So Vc is really Vo (t) calculated n
switch positions ago, or Vc = Vo (t – n).
Determination of the steady-state fil-
ter response requires that Eq 1 be used
to calculate Vo (t) continually as the
switch completes many rotations. All
of the successive values of Vo (t) calcu-
lated must then be summed to produce
the steady-state filter response. In-
deed, it was done that way before
modern digital-analysis techniques
were in common use. Consistent with
the theme of modernizing the design,
the use of Z-transform techniques is
introduced to develop the response of
the filter. This technique is far simpler
to analyze and understand.

We start the analysis by assuming
that the input signal to be filtered is
“sampled” at periodic intervals as illus-
trated by the dots in Fig 4. (Rules re-
garding the Nyquist sampling theorem
discussed earlier must be observed.)
The periodic samples of the input-sig-
nal amplitude can be delayed in time,
multiplied (scaled) by fixed numbers
and added together with present and
past scaled values of the input-signal
samples to produce the resulting
sampled output. The sampled output is
a digital simulation of the analog filter
output. The term digital simulation
means the filter-output amplitude is
also described by discrete samples,
rather than continuously, as in the case
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Fig 3—A modern implementation.
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digital filter is:

H j
1 h

1 he j ntω ω( ) = −
− − (Eq 4)

This is the same result that would
be obtained using conventional ac
analysis but is much simpler. We need
to call on a well-known identity to sim-
plify this equation further. Recalling:

e nt j ntj nt− = ( ) + ( )ω ω ωcos sin (Eq 5)
Substituting Eq 5 into Eq 4 yields:

H j
h

h nt j nt
ω

ω ω
( ) = −

− ( ) + ( )[ ]
1

1 cos sin

(Eq 6)
Eq 6 describes the amplitude and

phase response of our RDF digital fil-
ter as a function of frequency. We can
separate the real and imaginary parts
of the denominator as follows:

H j
h

h nt j h nt
ω

ω ω
( ) = −

− ( )[ ] + ( )[ ]
1

1 cos sin

(Eq 7)
Eq 7 is of the form:

Y j
a jb

ω( ) =
+
1

(Eq 8)

We can determine the amplitude re-
sponse of an equation in this form by
taking the absolute value of both sides:

Y j
a b

ω( ) =
+( )

1
2 2 (Eq 9)

Applying this same process to Eq 7
yields:
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(Eq 10)
Multiplying out the denominator

and recognizing the identity:

sin cos2 2 1ω ωnt nt( ) + ( ) = (Eq 11)
Eq 10 becomes:

H j
h h nt

h

ω
ω

( ) =
− ( ) +

−( )

1

2 1

1

2

2
cos

(Eq 12)

Fig 4—Sampling of an input sinusoid and the Sampled signal.

Fig 5—Charge analysis circuit. Fig 6—Signals in a commutating filter.

is determined by the relationship:
Q = fo/BW. The Q of our filter is
500 / 3.97 = 126.

Mike Kossor, WA2EBY, was first
licensed in 1975. He earned his MSEE
degree in 1987 from Stevens Institute
of Technology in Hoboken, New Jersey.
Mike has been employed by Lucent
Technologies for 15 years, where he
designs high-linearity RF amplifiers
for PCS and cellular base stations.

points where the amplitude response
falls to 0.707 of the mid-band re-
sponse. All we have to do is find the
values of ω that make the value of
H(jω) equal to 0.707. This calculation
is complicated by the fact that two
such values reside on either side of
each amplitude peak. Sorting through
the math leads to the following rela-
tionship for bandwidth:

BW
n RCHz = 1

π (Eq 13)

where:
BWHz = bandwidth in hertz
R = resistance in ohms
C = capacitance in farads
π = 3.1415926
n = the order of the filter (number of

capacitors)
Note that the bandwidth of the fil-

ter only depends upon R, C and the
order of the filter. It does not depend
upon the sampling rate of the input
signal. The bandwidth of our filter
with R = 100 kΩ C = 0.1µF and filter
order of 8 is 3.97 Hz. The Q of the filter

The constant h we have been refer-
ring to is really just e–t / (RCn), where t
is the sampling period, R is the value
of resistor and Cn is the value of capaci-
tor. Substituting the value of h into
Eq 12 results in the amplitude-versus-
frequency response illustrated in Fig 7
with values as follows: Clock period
t = 0.25 ms, R = 100 kΩ and C = 0.1 µF.

We can determine the bandwidth of
our digital filter from Eq 12. Recall
that 3-dB bandwidth is defined as the
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