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Abstract

Fluxgate magnetometers onboard spacecraft are
typically designed to measure fields that are either
constant or of a very low frequency. NASA’s Solar
Probe Plus mission was proposed to study the solar
winds and magnetic fields of frequencies less than
100Hz or alternatively as high as 1kHz. The out-
put of the filter will be read to an analog to digital
converter and therefore necessitates a low-pass anti-
aliasing filter to prevent sampling noise. A switch-
able bandwidth, precision analog filter is designed
to eliminate sampling noise and provide a signal that
will allow for accurate reproduction of the measured
external field.

1 Introduction
In order to study the magnetic fields of planetary or solar
bodies, fluxgate magnetometers are installed on spacecraft.
In most cases, scientists are interested in studying fields that
are constant in time. The planetary magnetic field of Earth,
or the crustal fields of Mars, for example, are essentially
constant and therefore magnetometer data only needs to be
sampled at a low rate, 32 samples per second, for instance.
For the Solar Probe Plus mission, scientists want to study
fields at least as high as 100 Hz. As the solar probe is in
an early stage of design, it is unclear whether scientists will
want additional hardware to support the study of frequen-
cies as high as 1000Hz. The capability for this study will be
built into the filter, but its usage may be limited to studying
the bandwidth of control loops within the magnetometer’s
circuitry, or to determine whether the frequency response
of the filter has changed with component degradation. The
analog to digital converter at the filter’s output changes the
signal into a storable format so that the data can be relayed
back to Earth. In accordance with sampling theory, the sam-
pling rate of the analog to digital converter must be at least
twice the maximum frequency that one hopes to measure.
The 100Hz and 1000Hz bandwidth settings must have re-
spective sampling rates of at least 200 and 2000 samples
per second. In practice, the sampling frequency will likely
be about 250% of the bandwidth or more. The consequence
of not sampling at a rate faster than twice the bandwidth is
that high frequency signals will be misrepresented as low
frequency signals. This phenomenon is known as alias-
ing. Herein, we design a precision anti-aliasing filter for the
output stage of a fluxgate magnetometer with a switchable
100Hz/1000Hz bandwidth.

2 Design Requirements

In order to get an accurate measurement of the magnetic
field, the filter’s characteristics need to be as transparent as
possible over the bandwidth. This means that the magni-
tude response needs to be as close to unity as possible be-
fore the bandwidth, or corner frequency, fc. In other words,
the signal is not attenuated until the bandwidth, at which
point the response must have a steep roll off. In order to
minimize losses and keep power dissipation to a minimum,
active filters will be constructed using operational ampli-
fiers (op-amps). Unlike a passive filter, which is powered
by the signal itself, an active filter utilizes an external power
source and is capable of amplifying the signal. The simplest
way of removing unwanted frequencies is by adding poles
to the filter. A pole is a mathematical concept that describes
any values in the domain of a complex function that causes
the function to tend toward infinity. In the case of a low-
pass system, by placing a pole at the corner frequency, the
magnitude of a signal’s frequency components will attenu-
ate twenty decibels for every additional order of magnitude
each component is beyond fc. Each additional pole at the
bandwidth causes a 20dB more per decade of attenuation.

Constant group delay is another requirement of the fil-
ter. Group delay is equal to the derivative of the phase with
respect to frequency,− δφ

δω . Another way of stating this is
that the phase response must be linear until the bandwidth.
Because the phase response of the filter is difficult or impos-
sible to measure once the probe is launched, it is necessary
to know exactly what the response is beforehand. More-
over, scientists need to know the phase delay to within a
single degree’s tolerance as a function of frequency for the
signal. If the phase response of the filter is known to such a
high accuracy, the original magnetic field signal can be con-
structed by deconvolving the filter’s output and accounting
for the phase delay. The filter must exhibit absolutely no
signs of instability and recover from saturating pulses. In
order to guarantee that the input signal is as recoverable as
possible, there must be a near zero DC offset seen at the out-
put. These criterion must hold over the temperature range
−40◦ to 80◦ C.

In order to accomplish the switchable gain and band-
width components of the filter, some sort of switching will
need to be done. The timing components of the circuit will
be purely resistive and capacitive. Inductors are not used
because they are often too physically large and are less tem-
perature stable than capacitors and resistors. The capaci-
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tance and resistance values are used to determine the band-
width of the filter, the corner frequencies, and locations of
the poles are located at fc = 1

RC . By switching these val-
ues and decimating the product RC, the bandwidth can be
switched from 100Hz to 1000Hz. Additionally, the gain of
the filter can be manipulated by changing resistance in the
feedback paths of the op-amp. The gain must be switch-
able between unity and a gain of four. This will allow for
more precise measurements for low signal amplitudes. The
allowable inputs range between ±8V and the power rail
voltages for the op-amps will be ±13V . This means that
for appreciable input signal amplitudes, the output can be-
come saturated (the signal cannot exceed ±13V ). This is
one reason for the previously mentioned condition about re-
covering from saturating pulses. Additionally, if the signal
saturates, the measurement is useless.

The final requirement is not specific to this filter as
much as it is a requirement of spaceflight hardware, in gen-
eral. To keep a spacecraft powered for as long as possible
on a limited amount of fuel, all hardware should dissipate
as little power as possible. The power dissipated in the fil-
ter will be directly proportional to the current of the signal.
The phase and gain response of the unity gain filter will be
mathematically equivalent for all values of R and C that give
the same product. However, as the resistance gets higher,
the current gets lower and the power dissipation decreases.
It is important to keep the impedance in the signal path at
least an order of magnitude lower than the input impedance
of the op-amp (at least 30MΩ) otherwise the signal current
will be comparable to the leakage current through the differ-
ential inputs. This would create an output bias current that
would significantly degrade the quality of the signal. To
help minimize power consumption further, the circuit will
be limited to two operational amplifiers. Although higher
order filters can be built with a single op-amp, they are of-
ten more sensitive to component variations.[1] A fourth or-
der filter provides a significant amount of gain roll-off, and
can be conveniently constructed in a variety of different ac-
tive topologies.

Figure 1: A simple RC Filter of bandwidth 1
RC

3 Theory and Implementation
When designing a first order RC filter (see Figure 1), the
only consideration that needs made is ensuring that the
quantity 1

RC is equal to the bandwidth. For higher order
filters, desirable response characteristics can be obtained by
choosing corner frequencies that are not identically equal to

1

s2 + 2παf0s+ 2πf0
2 (1)

the bandwidth. Additionally, a damping factor, α, is intro-
duced as seen in Equation 1: the general equation of the
Laplace transfer function for a second order low pass fil-
ter. By varying these parameters, different types of filters

can be realized. Four well known filters types were studied:
Butterworth, Chebyshev, Bessel, and Constant Group Delay
filters. The gain and phase plots are shown in Figure 2. In
order to choose a type of filter, it is important to prioritize
the competing requirements of the filter. The requirement
of linear phase to within a degree of accuracy was deemed
the most important (and difficult to satisfy). The Chebyshev
filter is not desirable because it does not have a linear phase
response and because it has quite a bit of gain ripple over
the bandwidth. The Butterworth filter has very good gain
roll-off, but the phase looses linearity at about 80% of the
bandwidth.

(a) Magnitude

(b) Phase

Figure 2: The Chebyshev, Bessel, Constant Group De-
lay, and Butterworth frequency responses. The gain of the
Butterworth filter is most ideal, but the phase is not linear
enough.The Bessel and Constant Group Delay filters exhibit
very linear phase responses. The Chebyshev filter has a
steep roll-off, but its phase is very non-linear and its gain
has too much ripple.

The Constant Group Delay filter was ultimately cho-
sen over the Bessel filter because of its steeper roll-off.
Each type of filter can be easily realized by knowing what
the damping constant and corner frequencies should be.
These filters have been studied in great detail and the damp-
ing constants and corner frequencies are easily obtainable
in tables.[2] The damping and cutoff frequencies are for a
fourth order Constant Group Delay filter are as follows:
α1 = 1.7945, f0,1 = 1.0753, α2 = 1.7945, f0,2 = 0.9389
where the subscripts 1 and 2 indicate the first and second
stages in the filter.
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(a) Sallen-Key (b) Multiple Feedback

Figure 3: The Sallen-Key and Multiple Feedback low pass
topologies are shown. The Sallen-Key configuration is a
non-inverting amplifier and the Multiple Feedback does in-
vert the signal.

Two of the most common active filter topologies are
shown in Figure 3. The Sallen-Key configuration is a very
convenient non-inverting filter. The Multiple Feedback con-
figuration is another common filter topology, however it
will cause the signal to invert. This inversion is not a big
problem because an inversion at each stage will cause the
original signal to be in phase again (neglecting the inherent
delay in the filter). The greatest consideration when choos-
ing between the two topologies is how to implement the
switching. In order to change the bandwidth in the Sallen-
Key, both RC contents need to decrease by a factor of ten.
The easiest way to do this is by switching in parallel resis-
tors: the resistances between the filter’s input and the non-
inverting terminal of the op-amp. The capacitances must
remain the same. To change the bandwidth for the Mul-
tiple Feedback configuration, all three resistances must be
switched. To switch the gain, each filter would require three
components to be switched. Overall, the Sallen-Key re-
quires several fewer switches than the Multiple Feedback
filter. The gain stage was placed on the first stage of the fil-
ter in order to reduce noise sensitivity. The gain-bandwidth
product of the op-amps is not considered because the band-
width of the op-amp is at least two orders of magnitude
above the bandwidth of the entire circuit.

Note that from this point on, the circuit being referred
to is the Constant Group Delay filter utilizing the Sallen-
Key topology. The RC timing components are straight-
forward to calculate using the Laplace transfer function of
the circuit and the desired damping and corner frequencies.
Equation 2 shows the transfer function for a single stage
of the filter. Note that each component is specific to the
filter stage when calculating the total transfer function us-
ing Equation 3. Using the damping constants and corner
frequencies above in conjunction with Equation 1, the com-
ponent values can be determined. All component values
are included in the schematics in the appendices. For an
example of how the switching bandwidth works, consider
R1 from Figure 4. If the component R1 is 1000Ω for the
100 Hz filter, it must be placed in parallel with a switch-
resistor series combination. This parallel resistance is equal
to 111Ω, or R1

9 . The equivalent resistance is equal to R1

10 .
Similarly, when the gain is switched on, components need
to be changed in order to maintain the phase linearity. The
switches are used in the same manner to change resistance
and capacitance values.

Tstage(s) =
H 1
R1R2CFBCG

s2 + [( 1
R1

+ 1
R2

) 1
CFB

+ 1−H
R2CG

]s+ 1
R1R2CFBCG

(2)

Ttotal(s) =
∏
i=1,2

Ti(s) (3)

Figure 4: The Sallen-Key components labeled.

Both OP97 and OP27 op-amp models were used. Both
have low noise and power characteristics and are well suited
for this application. Their thermal ranges of operability are
wide enough to accommodate the requirements of the cir-
cuit. Several attempts were made at a switching method.
JFET switches (part number 2N5434) were put in series
with the lower resistance branches (mentioned above) such
that the signal propagates through the drain-source channel
as seen in Figure 5. The resistance of the JFET changes
as the base voltage is switched between ±13V . Because
the signal can be as large as ±8V , the switching voltage
must be large enough to ensure that the transistor’s gate-
source voltage is strictly above or below the threshold volt-
age of the FET. The 22MΩ resistance is used to keep current
through the gate to a minimum. Unfortunately, there was
still enough current leaking through the base to create a DC
offset of as much as several hundred millivolts. MOSFET
switches (part number ZVNL110ASTZ) were then used to
remove the leakage current. The configuration is the same
as in Figure 5, but the insulating oxide layer in the FET
eliminates the need for the 22MΩ resistance. This part also
did not provide satisfactory switching. When the transistors
were on, the resistance is low and behavior was approxi-
mately ideal. When the transistors were off, the body diode
of the FETs caused problems. Rather than acting like an
open circuit, the FETs behaved like diodes, which were con-
ducting for half of the alternating current cycle. The switch-
ing problem was solved using an analog switching pack-
age (part number ADG201AKNZ). The analog switches
use more complicated transistor networks to allow for clean
on/off behavior.
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Figure 5: The transistor is on when BW is +13V and off for
BW = -13V. The transistor ideally acts like a wire when on
and an open circuit when off.

The circuit is connected to ground via a resistor to pre-
vent the input from being pulled to the switching voltages
in the event that a low impedance signal is not connected to
filter. This is perhaps an unnecessary precaution and may
be eliminated once the circuitry that connects the magne-
tometer to the filter has been reliably connected. In regards
to the choice of resistors in the gain stage’s feedback loop,
the ratio of RGAIN2 to RGAIN1 should be equal to 3. This
gives the circuit a gain of 1 + RGAIN2

RGAIN1
or 4. By putting

a switch in series with RGAIN1, the gain can be switched
off by turning off the switch. The actual choice of resistors
should be smaller than about 5k. When the resistance is too
large, 30kΩ and 10kΩ for example, the peaks of input si-
nusoids become more rounded than they otherwise would.
The final schematic is shown in Figure 8.

4 Results and Measurements

The overall behavior of the circuit was very much as ex-
pected from the simulation. The frequency response for
both bandwidth and gain settings are shown in Figure 9.
The thermal fluctuations are plotted as well. The magnitude
plots do show some thermal variation however, the phase
plots remain stable with temperature changes. All phase
and gain measurements from the thermal tests were taken
using the oscilloscope’s averaging acquisition mode. Each
measurement is an average over several periods, in this case
16 periods. The phase response of the filter is shown in Fig-
ure 6. These equations are reliable for values of ω less than
about 140% of the bandwidth.

As seen in Figure 7, a frequency sweep in either band-
width setting produces shows no resonance at any frequen-
cies. Any resonance would present itself as a ’swelling’
in the amplitude of the frequency sweep’s response near a
particular frequency. This would be a sign of instability.
The step response shows that the system is over damped
and does not oscillate. In addition to showing no signs of
instability, the system recovers completely from saturating
pulses. In order to test for a DC offset, the circuit was tested
with a 1 MHz input signal. Because it is a low pass filter,
the system should not have any measurable AC output. The
system rests with an offset of about -8mV.

Bandwidth

100 Hz 1000 Hz

G
ai

n 1 θ = −1.302ω − 0.271 θ = −0.128ω + 0.068

4 θ = −1.294ω − 2.222 θ = −0.127ω − 0.994

Figure 6: The phase can be reliably calculated as a function
of frequency using these linear equations. These equations
are the trend lines for the phase plots in Figure 9 and have
r2 values greater than 0.998. These equations are valid for
values of ω less than about 140% of the bandwidth.

The circuit meets the stated requirements very well. The
phase is linear to a high degree of accuracy. Over the band-
width, the phase should be very predictable to within a sin-
gle degree’s accuracy. The filter’s gain response is fairly
flat, but could possibly be made steeper by sacrificing some
of the phase linearity above the bandwidth. Finally, the cir-
cuit is very stable and has a very low offset voltage.

(a) 1Hz to 500Hz frequency sweep and step response for
the 100 Hz setting.

(b) 1Hz to 3kHz frequency sweep and step response for the
1000 Hz setting.

Figure 7: The circuit exhibits no signs of instability. If the
circuit was unstable, it would appear to resonate at some
frequency. The lack of oscillations in the step response is
another indicator of stabilty.
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Figure 9: The filter has very consistent phase response with temperature. It was found that the gain response did fluctuate
more than desired over temperature. Near the bandwidth, the higher temperatures produced slightly higher magnitude
signals.
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