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Abstract—This paper describes a system for measuring total
harmonic distortion (THD) signal components between 1 and
100 MHz at levels down to −130 dBc, which has not been
previously achieved. This system consists of mechanically sturdy
passive bandpass (BPF) and passive band-elimination (BEF) filters
with carefully selected parts. The BPF is used to create a pure
sinusoidal signal input to the device under test, whereas the BEF
removes the fundamental frequency component of the output sig-
nal to overcome dynamic range limitations of a spectrum analyzer
that is used to measure the output. We describe design concepts
and implementation of these filters, as well as measurement results
that show the performance achieved. We also propose to use our
BPF to provide a pure sine wave output from signal generators
that use analog-to-digital converters (ADCs) as the signal source. A
high-precision THD measuring system can be used to measure the
ac linearity of electronic devices (such as operational amplifiers,
ADCs, and digital-to-analog converters) that operate at frequen-
cies up to several tens of megahertz.

Index Terms—Analog circuit, automatic test equipment, band
elimination filter (BEF), bandpass filter (BPF), distortion, har-
monics, large-scale integration (LSI) testing, total harmonic dis-
tortion (THD) measurement.

I. INTRODUCTION

M EASUREMENT of the total harmonic distortion (THD)
of electronic devices has a long history; for audio sys-

tems, a THD figure is used as a representation of ac linearity
[1]. THD measuring equipment for audio frequencies (up to
100 kHz) is readily available commercially [2], [3], and active
filter technology can be used in such equipment. On the other
hand, in the past, typical systems that operate at frequencies
of several megahertz were radio-frequency (RF) systems that
employ heterodyne technology; in such applications, harmonic
distortion of the signal is of less interest than in the afore-
mentioned audio example because RF applications are more
concerned with just the narrow band of modulation (and inter-
modulation) components around the carrier (Fig. 1). However,
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Fig. 1. Signal bands for narrow-band and wideband applications.

recent progress in semiconductor technology has led to a pro-
liferation of wideband applications with baseband frequency
components of several megahertz, like xDSL, cellular phone
baseband signals, and high-definition video (Fig. 1). For such
applications, the THD is a good index for representing the
linearity characteristics of analog circuits [like operational
amplifiers, analog-to-digital converters (ADCs), and digital-to-
analog converters (DACs)] [4]. However, for THD testing of
wideband devices over a wide dynamic range, it is very difficult
to use the active filter technology to measure THD components
that are 100 dB below the carrier because of linearity and noise
limitations of active circuits. Currently, there are no precision
THD measuring instruments for equipment with baseband sig-
nal frequencies of several megahertz.

In this paper, we propose a system for measuring very small
THD signal components (down to levels of −130 dBc) over
a wide frequency range (1–100 MHz), and we have imple-
mented this system and validated its performance. The system
consists of a passive bandpass filter (BPF) and a passive band-
elimination filter (BEF). The passive BPF is used to create
a pure sine wave input to the device under test (DUT). The
passive BEF is used to remove the fundamental frequency
component from the DUT output signal without affecting the
levels of harmonics so that the following spectrum analyzer can
detect the harmonics with high precision. The filters are built
with selected passive elements (L, C, R) for good linearity and
noise performance. Section II describes the design concepts,
and Section III shows typical THD measurement results, which
validate the effectiveness of our proposed method. Finally,
Section IV provides conclusions.

Here, we define the THD of an electronic device, as well as
the unit of decibels relative to carrier (dBc) as follows. If we
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Fig. 2. Block diagram of our THD measurement system.

apply an input signal Vin(t) to the device and obtain its output
Vout(t), i.e.,

Vin(t) = a cos(ωt)

Vout(t) = b0 + b1 cos(ωt) + b2 cos(2ωt)

+ b3 cos(3ωt) + b4 cos(4ωt) + b5 cos(5ωt) + · · ·

then its THD is defined as

THD = 10 log10

b2
1

b2
2 + b3

3 + b2
4 + b2

5 + · · · (dB).

If the power at the signal (carrier) frequency is A (dBm) and the
power of a spurious component at interest is B (dBm), then

the spurious component power = A − B (dBc).

II. PRINCIPLES OF THD MEASUREMENT

A. THD Measurement System

Fig. 2 shows a diagram of our THD measurement system,
wherein a pure sine wave signal is input to the DUT, and the
output signal of the DUT is measured by a spectrum analyzer
to detect the harmonic distortion that is generated in the DUT.
Note that in Fig. 2, the THD is measured by the ratio of Vdis to
A∗Vin, and in most cases, this ratio is very close to the ratio of
Vdis to Vout.

Since state-of-the-art commercial signal generators have out-
put harmonic distortion levels of about −60 dBc, we cannot
directly use them as signal sources for high-resolution THD
measurements. Thus, filters are required to remove the harmon-
ics in the signal generator output, and the filters themselves
must not generate additional distortion, to enable THD mea-
surements over a wider dynamic range. A low-pass filter may be
used for this purpose; however, a BPF is more desirable because
it can remove low-frequency noise (e.g., power-line noise).

Also, the dynamic range of spectrum analyzers is typically
about 80 dBc, which restricts the dynamic range of THD
measurements. To overcome this limitation, we use a BEF
between the DUT and the spectrum analyzer; this BEF sup-
presses only the carrier signal (the large signal component at
the fundamental frequency, which is the same as the input

Fig. 3. Single stage of the BPF with constant output impedance and definition
of Zshunt and Zseries.

signal frequency) while not affecting the level of very small
sideband signals (harmonic components). This enables the
spectrum analyzer to measure very small harmonic signals over
a wide dynamic range. For the actual measurement, a low-
noise amplifier was placed between the BEF and the spectrum
analyzer to achieve the −130-dB-level measurement. This low-
noise amplifier helps to reduce the equivalent noise level of the
spectrum analyzer. Note that the low-noise amplifier does not
need to have an extremely low THD because the largest compo-
nent of the signal (i.e., the fundamental frequency component)
is removed by the BEF. Hence, the low-noise amplifier does not
significantly affect the distortion of the total measuring system;
it only has to have a flat frequency response in the frequency
range of interest.

B. BPF Design Concepts

In this subsection, we will explain the design concepts of the
BPF that are used for the system in Fig. 2 [5]–[8]. To get enough
attenuation at the frequency of the second harmonic distortion,
we used a BPF of constant output impedance type with passive
components (R, C, L). Fig. 3 shows a single stage of the BPF
where

L1 = L2 (= L), C1 = C2 (= C), L = CR2. (1)

The overall BPF consists of several of these single-stage BPFs,
which are connected in cascade. The single-stage BPF that is
shown in Fig. 3 has the following characteristics.
1) Constant Resistive Output Impedance: The output im-

pedance of this filter is constant throughout the entire frequency
range (not only for the passband of the filter but also for the
stopband of the filter), provided that we maintain the rela-
tionship among parameters (1) shown in Fig. 3; this enables
us to connect many identical single-stage BPFs in cascade.
Also, note that resistive termination does not affect the filter
frequency response.
2) Low Q Value: The Q value of the circuit in Fig. 3 is

relatively low; therefore, the circuit is tolerant of variations in
component parameter values. However, the cascade connection
of several stages enables the realization of a filter with sharp
cutoff performance.
3) No Insertion Loss in the Passband (in Theory): In reality,

there may be some loss, which is mainly caused by parasitic
series resistance of inductors; however, this loss can be easily
compensated for by calibration.
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The impedance Zshunt from each node to ground in Fig. 3 is
given by the following:

Zshunt =R +
(

jωL2‖
1

jωC2

)

=
R − ω2LCR + jωL

1 − ω2LC
. (2)

The series impedance Zseries from each node to the next node
in Fig. 3 is expressed as follows:

Zseries = R + jωL1 +
1

jωC1

= R + jωL +
1

jωC
. (3)

Then, it follows from (1)–(3) that we have the following filter
transfer function:

HBPF(jω) =
Zshunt

Zseries + Zshunt

=
(Kω0)jω

ω2
0 + jω(ω0/Q) − ω2

. (4)

Here

K = 1, Q = 1, ω0 =
1√
LC

. (5)

We obtain from (4) and (5) that

HBPF(j0) = 0, HBPF(j∞) = 0, HBPF(jω0) = 1

and we see that the network in Fig. 3 is a BPF that is lossless
in the passband. Also, we obtain from (1)–(3) that the network
has a constant output impedance Zout, i.e.,

Zout = Zseries ‖ Zshunt = R.

Remark: We may also generate a pure sine wave signal by
using resonators that can be tuned to absorb the components
of the harmonic distortion. In this method, most of the signal
energy is not applied to the resonators, which may relax the
requirements for the resonator components like L, C, and R.
However, this method cannot remove unpredictable frequency
components. For example, in case of an ADC evaluation, we
have to detect not only the harmonic distortion but also spurious
components like noise from the digital circuit portion, and the
frequency of such spurious components may not correlate with
the input signal frequency. Hence, the resonator filter cannot
generate a pure signal without the spurious components. Be-
cause of this, the filter design concept described in Section II-B
is superior to the concept described in this remark.

C. BEF Design

Our BEF shown in Fig. 4 is also designed using the same
concepts as the BPF described in Section II-B, except that

Fig. 4. Single stage of the BEF with constant input impedance and definition
of Zshunt and Zseries.

it has constant input impedance. Similarly, we maintain the
following:

L3 = L4 (= L), C3 = C4 (= C), L = CR2. (6)

The impedance Zshunt from each node to ground in Fig. 4 is
given by the following:

Zshunt = R + jωL3 +
1

jωC3

= R + jωL +
1

jωC
. (7)

Also, the series impedance Zseries from each node to the next
node in Fig. 4 is expressed as follows:

Zseries =R +
(

jωL4 ‖ 1
jωC4

)

=
R − ω2LCR + jωL

1 − ω2LC
. (8)

Then, we have the following filter transfer function from
(6)–(8):

HBEF(jω) =
Zshunt

Zseries + Zshunt

=
K

(
ω2

0 − ω2
)

ω2
0 + jω(ω0/Q) − ω2

. (9)

Here

K = 1, Q = 1, ω0 =
1√
LC

. (10)

We obtain from (9) and (10) that

HBEF(j0) = 1, HBEF(j∞) = 1, HBEF(jω0) = 0

and we see that the network in Fig. 4 is a BEF. Also, we obtain
from (6)–(8) that the network has a constant input impedance
Zin, i.e.,

Zin = Zseries ‖ Zshunt = R.

Several BEF stages can be connected in cascade without affect-
ing the input impedance.
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Fig. 5. Gain characteristics of the BPF with 20 stages with center frequency
of 10 MHz. L = 0.82 uH, C = 318 pF, and R = 51 Ω. (a) SPICE simulation
results. (b) Measurement results.

D. Actual Filter Implementation

For a 10-MHz BPF, 20 stages of the basic filter block
described in Section II-B (Fig. 3) were connected in cascade,
and the frequency response of this filter assembly was −100 dB
at 20 MHz and −185 dB at 30 MHz. (However, it is very
difficult to measure such low levels even when using state-of-
the-art measuring equipment.) Fig. 5 shows SPICE-simulated
and measured gain characteristics of our BPF with 20 stages.

Fig. 6. BPF with 20 stages. Components of the filter are stud mounted in
cavities of a cast-aluminum block. The holes shown in the photo are for
screwing on the top cover.

We see in Fig. 5(b) that the measured gain at the center
frequency is −4.8 dB (instead of 0 dB); this loss is due to
parasitic resistances in L’s and C’s. Due to the high attenuation
in the stopband, a pure sine wave signal can be extracted from
a square wave input signal. The effectiveness of this concept is
explained in Section III-C.
Remarks:

1) Quality of the parts used in the filter is very important.
To achieve the expected frequency response, only the
accuracy of components is a matter of concern; for dis-
tortion measurements, the distortion caused by filter parts
is an additional concern. In most cases, the nonlinearity
of magnetic cores of inductors causes distortion. We
see clear nonlinearity such as saturation and hysteresis
in typical B-H characteristics of the magnetic cores.
Generally speaking, physically large inductors with low-
permeability cores generate less distortion than small, for
example, surface mount, inductors. Moreover, it is also
true that high current in inductors causes high distortion;
therefore, connecting inductors in parallel is an effective
way to reduce distortion.

2) Mounting of the parts is also important. Any mag-
netic coupling between stages reduces attenuation in the
stopband. To alleviate this problem, we mounted filter
components in cavities of a cast aluminum block; such
construction also helps minimize vibration-induced
noise. Fig. 6 shows a photo of the BPF we have devel-
oped; the physical length of the BPF is 345 mm, the width
is 75 mm, while the thickness is 28 mm.

The design of the BEF is similar to that of the BPF; how-
ever, in this case, a five-stage cascade connection is suffi-
cient because the BEF only has to reduce the ratio between
the fundamental signal and the harmonics to a level that the
spectrum analyzer can handle. Fig. 7 shows the measured
BEF gain characteristics with a five-stage cascade connection.
The important parameter for the BEF is the frequency (gain)
response at the second and third harmonic frequencies because,
due to a low Q value of the BEF, the frequency response at those
frequencies shows some attenuation. To precisely evaluate the
levels of the second- and third-order harmonic distortion, we
need to compensate for the measured frequency response of
the BEF; we obtain the gain at the second harmonic frequency
by measuring the BEF gain response with a network analyzer
and adding the measured attenuation at the second harmonic
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Fig. 7. Measured gain characteristics of the BEF with five stages with center
frequency of 10 MHz.

Fig. 8. BEF with five stages, with cover off.

frequency to the measured second harmonic power to compen-
sate for the attenuation. Fig. 8 shows a photo of the BEF we
have developed; the physical length of the BEF is 105 mm, the
width is 75 mm, while the thickness is 28 mm.

We made seven kinds of filter sets with different center
frequencies as described in Table I, and each filter has a fixed
frequency response (not a variable frequency response). Table I
shows the measured characteristics of the BPF and the BEF,
which validate the performance of the design. The values in
Table I are compensated for the attenuation of the BEF, and
the overall performance was measured by directly connecting
the BPF and the BEF. The signal voltage was measured with
a resistive load of 50 Ω. Note that the signal level of 3Vp-p
in Table I is large enough for present-day devices, and this
value can be obtained with 50-Ω termination. The following are
the reasons why the direct connection of the BPF and the BEF
presents good results for the system evaluation.

1) If the distortion caused by the BPF could be completely
canceled by the distortion caused by the BEF, their direct
connection would show a very good THD performance.
However, this would not happen because the number of
stages for the BPF is different from that for the BEF;
hence, an excellent measured THD performance (shown
in Table I) for their direct connection means that the THD
performance of both the BPF and the BEF are very good.

TABLE I
MEASURED CHARACTERISTICS OF SEVEN SETS OF BPF AND BEF USED IN

THE THD MEASUREMENT SYSTEM

Fig. 9. (a) Measured distortion of an operational amplifier for input frequen-
cies of 1, 5, 10, and 20 MHz. (b) Measurement configuration.

2) Before we achieved the performance that is described in
Table I, we built a prototype system with −110-dBc-level
performance. We can measure the performance of the
prototype using the latest version of the BPF and the BEF
with reasonable repeatability.

We describe other evidence that validates the performance
that is achieved in Section III-D.

III. MEASUREMENT EXAMPLES WITH

THE DEVELOPED SYSTEM

A. Operational Amplifier Distortion Measurement

The operational amplifier is the most popular analog device,
and Fig. 9(a) shows the distortion measurement results of an
operational amplifier (OPA642) using our measurement system
with the configuration in Fig. 9(b) and a 10-dBm output.
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Fig. 10. Measured distortion of a photo MOS relay. (a) Second-order har-
monic distortion. (b) Third-order harmonic distortion.

B. Photo MOS Distortion Measurement

Photo MOS relay switches are extensively used in automatic
test equipment [large-scale integration (LSI) testers], which
requires highly linear switches. For such applications, we eval-
uated the linearity of a photo MOS relay using our system;
Fig. 10 shows its distortion measurement results.

The distortion level of the measured photo MOS relay is low
enough for most applications in the automatic test equipment;
we see in Fig. 10 that our proposed method clearly detects
the distortion, whereas, to the best of our knowledge, other
methods cannot detect such low distortion levels. Colleagues
with material and fabrication expertise are now considering
possible causes of the distortion, so the proposed system is
helping them understand physics-of-materials phenomena.

C. Using Square Wave Signal as a BPF Input

For ADC performance measurement, we have to consider in-
put signal phase noise [9]–[11], and we note that a BPF cannot
remove the undesirable spectrum from a sinusoidal signal if the
signal source has high levels of phase noise. It is widely known
that, for signal sources with a high slew rate, voltage noise like
thermal noise can be translated into phase noise. To keep the
phase noise low, we need to treat fast transients like square
waves. Therefore, we propose feeding a square wave from a
quartz generator (whose phase noise is quite low) directly into

Fig. 11. Model of coupling between input and output of the BPF.

a BPF. As described in Section II-B, our proposed BPF can
extract a pure sine wave from a square wave, and this scheme
provides an acceptable phase noise performance. (We remark
that a direct digital synthesizer may also be effective as the sig-
nal source that precedes the BPF [4].) However, realizing this
concept is not easy because, theoretically, the third harmonic of
a square wave is −10 dBc (which is rather large). To achieve a
THD level of −130 dBc at the BPF output, we really need to
attenuate third-order harmonics to −120 dB. A BPF with ten
stages in cascade gives only −100-dB attenuation at the third-
order harmonic frequency, even under ideal conditions (without
any feedthrough). Therefore, we use 20 stages in series as the
basic construction of the BPF. Furthermore, we need good iso-
lation between the input and the output of the BPF, and hence,
we use a rigid shielding case for mounting filter components.
It is also important to keep the impedance of the top cover of
the shielding case low. Fig. 11 shows a model for coupling
between the input and the output of the BPF through the
shielding case cover. To explain this by way of an example, let
us assume that the center frequency of the BPF is 10 MHz, and
calculate the attenuation at 30 MHz. Using the assumed value
of parasitic components described in Fig. 11, L of 10 nH gives
a −92-dBc level feedthrough at 30 MHz, whereas R of 0.2 Ω
gives a −110-dBc level. Therefore, to achieve an attenuation of
−120 dB, we have to keep these values low enough. In Figs. 6
and 8 (photos of the BPF and the BEF), we see many screw
holes, which are prepared to keep the impedance of the cover
low enough.

D. ADC With Wideband Sample/Hold Circuit

This subsection describes a data acquisition system using an
A/D converter with a wideband sample–hold (S/H) circuit, and
we propose a method for using our BPF to compensate for
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Fig. 12. ADC system configuration for the proposed distortion compensation.

the distortion of the ADC with an S/H circuit [12]. Fig. 12
shows the block diagram of the proposed method. Using our
BPF to obtain a pure sine wave, we can measure the THD
of the system by performing a fast Fourier transform (FFT)
on the digital output data. (In this case, we use only the BPF
and not the BEF because the DUT output is digital.) Fig. 13(a)
shows the measurement results of ADC with a wideband S/H.
The input signal frequency is 100.5 MHz, and it is generated
through our BPF with the aforementioned method. Note that
the 100.5-MHz signal is converted to about 500 kHz at the
input of ADC by undersampling technology, with a sampling
clock frequency of 10 MHz for S/H and ADC. In general, for an
ADC with an S/H circuit, the measured distortion is the result
of not only ADC and S/H nonlinearity but also input signal
harmonics. However, since the above method with our BPF
can create a pure sinusoidal input, almost all of the measured
distortion is due to the DUT itself. Then, we measured the
dc characteristics of the ADC with S/H by using a dc voltage
source and a precision dc voltmeter to obtain a graph like
Fig. 14. From this graph, we obtain a polynomial expression
(Y = a + bX + cX2 + dX3 + · · ·) that approximates the dc
characteristics in Fig. 14. Then, we apply the signal under test
to the ADC with S/H and also apply the reverse function of the
polynomial expression to the captured digital data to cancel its
nonlinearity and obtain Y = a + bX; the linearity of the ADC
can be improved by digital data processing.

Fig. 13 shows the effectiveness of the proposed linear-
ity compensation method for the ADC with an S/H circuit.
Fig. 13(a) shows the measured output spectrum (obtained by an
FFT of the ADC output data) of the ADC with an S/H circuit
for the 100.5-MHz sinusoidal input signal, whereas Fig. 13(b)
shows the spectrum after compensation. We see that apply-
ing this compensation method reduces the THD level of the
100.5-MHz signal by 18 dB.

In this case, the data for compensation were taken through
the dc characteristics measurement, which means that the main
cause of distortion in the system at 100.5 MHz is the same
as that at dc; this relationship between ADC dc linearity and
ac linearity at 100.5 MHz is one of the wideband application
examples described in Section I. We remark that this compen-
sation method would also be applicable to the A/D conversion
of complex signals in I/Q modulation. We would like to close
this section by remarking that a complete validation of the
−130-dBc-level performance achievement of our THD mea-
surement system is very difficult. Therefore, we tried several
methods to obtain the evidence that validates the achievement
of the −130-dBc-level THD measurement performance.

Fig. 13. Measured distortion of an ADC with an S/H circuit. (a) THD =
−48.5 dBc at 100 MHz without compensation. (b) THD = −66.8 dBc at
100 MHz with the proposed compensation.

Fig. 14. Principle of the proposed linearity improvement method for an ADC
with an S/H circuit.
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1) In Section II-B (in Table I), we showed THD performance
validation results with the direct connection of the BPF
and the BEF.

2) In this section, we showed the relationship between the
ac linearity of the BPF and the dc linearity compensation
based on a different principle from that in Section II-B,
and the very good ac linearity of our BPF is partially
proven through this compensation method. Note that it is
impossible to confirm the linearity of the BPF by simple
dc measurements as the BPFs do not pass dc.

Through our extensive experiments, we did not find any-
thing that disproved that we have achieved the performance of
−130-dBc level.

IV. CONCLUSION

We first described the importance of THD measurement
of electronic devices at frequencies higher than typical audio
applications with several examples, and then, we proposed a
THD measurement system that can measure the THD of analog
input and/or analog output devices like operational amplifiers,
ADCs, and DACs at frequencies of several tens of megahertz.
The proposed system uses the passive BPF and BEF, and we
described their design, implementation, and measured perfor-
mance. The proposed system can measure THD components
down to −120 dBc or less over a frequency range from 1 to
100 MHz, which has not been achieved with other methods
[we believe that this performance will be sufficient for our next-
generation automatic test equipment (LSI tester) applications].
By paying attention to component selection and mounting, we
have created a mechanically sturdy measurement system with
good reliability and repeatability. We have described examples
of THD measurement that verify the effectiveness of using the
proposed system. This system is now being intensively used for
evaluating our electronic measurement instrument products.

This paper has shown us that new knowledge can be gained
even by researching classical subjects like THD measurement
or passive filters at a deeper level than ever before, and we
conclude this paper by remarking that, in addition to its elec-
trical applications, this system has the potential to be used as a
very sensitive detector of physical phenomena with parts-per-
million-level resolution.
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