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Abstract—This paper focuses on the measurement and mod-
eling techniques needed for the construction and validation of
system-level simulation tools, as well as the diagnosis and
specification validation of hardware components and sub-
systems. A comparison of frequency- and time-domain mea-
surement approaches will first be made, especially as they ap-
ply to nonlinear contexts. Based on a key vector network an-
alyzer (VNA)-based technique developed for characterizing
frequency-translating devices, a new baseband time-domain
measurement system will be described that provides the state-
of-the-art accuracy needed for the characterization, verifica-
tion, and troubleshooting of emerging wideband communi-
cation systems. The paper’s second part addresses model-
ing topics such as fidelity requirements determination, n-box
models for power amplifiers, and the polyspectral method, a
powerful technique for system-level modeling based on time-
domain measurements that can consist of operational digi-
tally modulated signals. Concrete applications of the method
to power amplifier modeling will be made, demonstrating the
highest predictive fidelity levels of any approach known to
the authors.
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1. INTRODUCTION

In the last few decades, the demand for greater information
throughput and device power efficiencies has escalated
rapidly in both terrestial and satellite RF communications
contexts. The former broadband need is a consequence of
desired information services and capabilities that often now
include imagery and video. In the wireless communications
arena, this requirement is especially complicated by the fact
that there is an increasing number of users for these services
and only a limited amount of bandwidth to accommodate
them. This naturally leads to the problems of channel
reuse and bandwidth efficiency. The reuse problem is being
primarily addressed with various multiple-access schemes,
such as those based on orthogonal codes [termed Code
Division Multiple Access (CDMA)], separated time slots
[termed Time-Division Multiple Access (TDMA)], separated
frequency slots (termed Frequency Division Multiple Access
(FDMA)], and separated geographical cells. The efficiency
issue requires the use of higher-order digital modulation
schemes which have signals with multi-amplitude levels
[e.g., quadrature-amplitude modulation (QAM)]. In a similar
way, the power efficiency need has always been important for
satellite communications, because of the natural preciousness
of the power available in satellite vehicles. This need has
again, however, been further intensified by the demands
for service portability that involve handheld devices with
likewise limited power resources. This issue has been
addressed along several fronts, ranging from improved
battery technologies (solar and portable) through device and
system integration (e.g., system on chip). One of the primary
users of power in a base station, handheld transmitter, or
satellite transponder is the high-power amplifier (HPA) that
comes in both solid-state amplifier (SSA) and traveling-
wave tube amplifier (TWTA) forms. It is well known that
such HPAs are most power efficient (that is, with respect
to transmit output power versus input DC power) when
they are operated nonlinearly. Unfortunately, the added
efficiency gained here must be traded against the nonlinear
distortion (either deterministic or stochastic) that produces
detrimental performance effects on the communications
signal passing through the power amplifier. The latter effects
are normally offset by the use of some sort of nonlinear
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compensation placed in the channel to make the overall link
more linear. Because this compensation must essentially
“invert” the power amplifier response, its design requires
an accurate power amplifier characterization. There is
currently an intense amount of activity investigating both the
distortion versus efficiency tradeoff in power amplifiers [1],
as well as the development of nonlinear distortion mitigation
technology [2]. This activity is currently directed towards
personal communication services that must meet especially
stringent performance requirements.

In addition to the critical HPA component, there are sev-
eral other important link components that must be accurately
characterized in order to meet the evermore stringent de-
mands on modern communication systems design. The clas-
sical frequency translating device (FTD), most commonly
manifested as a mixer, is pervasively used and must now be
better characterized in order to ascertain their distortion ef-
fects on complex digitally modulated signals. These FTDs
are normally operated in their small-signal regime and well
matched to their communication chain environment, so that
their main distortion is manifested in a non-perfect linear
transmission response, the phase component of which has
been the primary challenge to ascertain. This component is
important because it increasingly impacts the performance
of most modern digital modulations that have a phase as-
pect to them. Other commonly used devices are limiters and
frequency multipliers, which likewise will have both linear
and nonlinear imperfections that must be captured in order
to ascertain their system performance impact. The majority
of the other components in the communications chain will
operate linearly, and have the same input/output frequency
range, so that traditional vector network analyzer (VNA)-
based techniques can be used to characterize them. Another
important element of the communications link that must be
addressed is any atmospheric transmission medium, which
in contrast produces only stochastic distortion on the propa-
gated RF signal. This is a whole discipline to itself, and will
not be covered in this paper (but see [3], for example, which
addresses the RF satellite-to-ground propagation portion of
this subject). Finally, there is the stochastic distortion that
occurs everywhere along the hardware communications chain
that manifests itself in various noise types produced by the
components. This broad and detailed subject will likewise
not be treated in this paper.

As is the case for any modern communications engineering
problem, computer-aided analysis (CAA) is performed up
front, addressing the above tradeoffs and scenarios, in order
to arrive at viable and effective designs that will perform
properly when implemented and fielded. There are several
important reasons for this now firmly established practice.
The primary driver has been the rapid development of
powerful and economical computational capabilities that
enable the use of these tools on very complex systems.
The intense competition found in the telecommunications
industry, with its requirements for shorter development and

implementation cycles, as well as the increasing demands
by users in difficult channel contexts, has made these
tools imperative. With their use, engineers can readily
perform design trades over a wide range of scenarios, thereby
allowing for performance optimization that would otherwise
be impossible with the classical and costly hardware
prototype-and-test practices of the past. In addition, such
simulations, which range from the hardware device to the
entire system level, can ensure that the actual implemented
system will function properly from the start. Behind these
many powerful advantages, however, lies a very crucial
assumption: the simulation models that make up these tools
accurately reflect hardware/transmission media reality. If
they do not, the outcomes of these simulations, which are
too often taken for granted as automatically valid, can be
misleading and result in costly engineering mistakes. A
remedy of this situation for the hardware portion of the
communications simulation—which must be an integral part
of the application of these tools—is the use of measurements
for the development and evaluation of component simulation
models.

There are two basic classes of hardware component/subsys-
tem models that must be addressed: linear and nonlinear
[4]. The former class of models are mature and accurate,
relying on the fact that they are formally and globally
identified either by a simple constitutive relationship (in
the case of individual circuit devices) or a CW frequency
sweep (in the case of systems). This means that once these
characterizations are established, they will be accurate for all
signals of interest, provided that the component or system
remains in a linear regime of operation. The frequency-
domain measurements here can be either performed with
a spectrum analyzer, which only provides transmission
amplitudes with limited accuracies, or the preferred VNA
instrument, which obtains both the amplitude and phase
components of the transmission response, as well as
characterizing the imperfect match provided by the device.

In contrast, nonlinear models are much less mature and
are essentially the primary motivation for the development
of time-domain measurement techniques. Without this
class of models, the above marriage between simulation
fidelity and hardware measurement reality would be simple
and straightforward to affect. The need for high-fidelity
nonlinear system models is further exacerbated in the context
of wideband modulated signals. Here the use of standard
linear-based modeling approaches that rely on simple tonal
measurements is adequate only for relatively narrowband
signals. This is because tones cannot adequately capture
the inherently complicated intermodulation and memory
effects nonlinear systems exhibit for input signals with large
bandwidth and possible amplitude variation. Furthermore,
a nonlinear system can be thought of mathematically as an
input/output operator that has a continuity with respect to
its input signals. Hence if the input signal of interest is
close to the ones used to construct the model in the first
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place, continuity of the operator will dictate that the model
will provide good output predictions. Depending on the
“steepness” of the operator in the vicinity of the construction
signals, this predictive fidelity will break down gracefully or
quickly as the input signal deviates from the construction
signal (with respect to its bandwidth, for example). The
bottom line is that nonlinear systems, unlike linear ones, can
only be locally identified in a manner that generalizes the
classical linear impulse response, and such representations
cannot be obtained from simple tonal measurements [5].

This paper provides a description and discussion of the
measurement and modeling techniques needed to char-
acterize modern communication system hardware compo-
nents/subsystems, with an emphasis on covering the wide-
band time-domain measurement and systematic nonlinear
system modeling techniques developed by the authors since
1996. These tools will help overcome the weaknesses and
challenges described above for computer simulation mod-
eling, design validation, and system troubleshooting. The
outline of the paper is as follows. Section 2 will provide
a short introduction to frequency- and time-domain mea-
surements, with a comparison made based on their suitabil-
ity for the characterization of linear and nonlinear compo-
nents/subsystems. Section 3 will cover the FTD characteri-
zation problem, highlighting the various approaches that have
been developed, with an emphasis on the VNA-based FTD
measurement techniques developed by the authors. The lat-
ter techniques became the crucial enabler of the baseband
time-domain measurement technique and its implementation
as the Aerospace Time Domain Measurement System (AT-
DMS) [6, 7] (covered in Section 4), whose accuracy rivals
that normally attributed to frequency-domain measurements.
Subsection one of Section 5 will begin by describing the
basics of system modeling, addressing the important ques-
tions of how to quantify model predictive fidelity, as well
as how to determine the fidelity level needed for a given
communications system. The subsection will end with in-
dications of how to use the ATDMS in model construction
and evaluation. Subsection two of Section 5 will provide an
introduction to power amplifier modeling, including a sur-
vey of traditional, but not necessarily well-known, nonlinear
n-box power amplifier models. Section 6 of the paper will
focus on the polyspectral method, which provides a powerful
new set of systematic analysis, evaluation, and design tools
for modeling and compensation, with the modeling applica-
tion primarily emphasized here. Subsection one of Section 6
will provide a brief description of the polyspectral approach,
including its origins, theoretical basis, and basic model ar-
chitectures and analytical features. The model architectures
to be described will first consist of an enhanced 3-box power
amplifier model based on the important optimal filter con-
cept. This will be followed by the general and true form
of the polyspectral model that can be thought of as an non-
linear operator series. Concrete application of the approach
to power amplifier modeling will be taken up in subsec-
tion two of Section 6. In particular, a baseband variant of

a standard polyspectral model architecture will be proposed
that is especially accurate for power amplifiers. Modeling
results will then be reported for a 20-GHz TWTA under a
variety of wideband 16-Amplitude Phase Keying (APK) dig-
ital modulation excitations. Section 7 will provide a sum-
mary and some conclusions concerning the characterization
of communication system components and subsystems, mak-
ing the strong case that time-domain techniques should be
considered a necessary and valuable option, especially for
wideband nonlinear contexts. Assessments and plans for fu-
ture polyspectral-based developments for wideband nonlin-
ear communications will also be provided. Given its survey
genre, the exposition in this paper will necessarily be nar-
rative and representative, with in-depth technical details left
for the reader to investigate in the cited published references.

2. FREQUENCY- AND TIME-DOMAIN
MEASUREMENTS

Not only are accurate measurements needed to keep
simulation models grounded in reality as argued above, they
are also required for diagnostic and specification testing
purposes that are part and parcel of checking out the
implemented system. In either case, there are two basic
types of measurements that can be made: frequency-domain
or time-domain [8]. Each type has its advantages and
disadvantages, with the former being the most widely used
and accepted, while the latter has lately begun to emerge
as a viable and powerful alternative, as this paper will
advocate. With both of these measurements developed to
a sufficient degree of fidelity and maturity, an effective
arsenal of tools will be available to measure and model
both linear and nonlinear systems, thereby resulting in CAA
packages that can be confidently applied and relied upon
for important design decisions. It will be instructive now to
briefly describe the characteristic features of these two basic
approaches to hardware measurement.

Frequency-domain measurements are primarily accomplished
with a VNA that provides very accurate calibrated gain and
phase CW measurements using a 12-term error correction
scheme. The calibration is done with well-established stan-
dards and techniques that are traceable to a standards lab-
oratory. This instrument is excellent for the measurement
of linear components and systems with equal input/output
frequency ranges. However, very commonly used FTDs,
such as mixers, or frequency multipliers cannot be individu-
ally measured with a VNA since the input/output frequency
ranges do not match. Likewise, intermodulation products and
harmonics produced by nonlinear devices cannot be captured
by standard VNAs. A nonlinear VNA has been developed
that can capture such information [9]. This is afforded by its
ability to make calibrated amplitude and phase measurement
at harmonics of the input frequency. A commercial version
of this new instrument, also called a large-signal network
analyzer (LSNA), is currently being offered by Maury Mi-
crowave [10]. A much more common alternative for captur-
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ing nonlinear effects is the spectrum analyzer, which exhibits
less accuracy in power measurements than a standard VNA,
and does not provide any information about phase. Very ac-
curate power meter measurements can also be made to arrive
at nonlinear transfer characteristics, although phase informa-
tion is again still not captured. Only the less accurate spec-
trum analyzer and nonlinear VNA can capture signals more
general than single or multiple tones.

To date, time-domain measurements are less accurate than
frequency-domain ones, but have no component/system-type
limitations. These measurements have traditionally been
made directly at RF, using either the more common digital
storage oscilloscope (DSO) or an Agilent microwave tran-
sition analyzer (MTA), usually incorporating a subsampling
technique that requires a periodic input stimulus. In con-
trast to frequency-domain measurements, these instruments
can capture all nonlinearity effects over wide bandwidths,
whether deterministic (such as intermodulation products, har-
monics, etc.) or stochastic (that is, noise). Such measure-
ments are especially useful for nonlinearities with memory
that exhibit frequency-dependent effects. The important ad-
vantage here is that one can employ operational modulated
signals as the stimuli, instead of being restricted to simple
tonal signals that can differ significantly from these real-
istic signals. As a result, such measurements will capture
the real behavior one would encounter in the actual system,
and this is important in view of the general mathematical
operator locality discussion made above regarding nonlinear
components and systems. In addition, there are several for-
mal modeling approaches that can locally identify a nonlinear
operator based on such time-domain measurements, assum-
ing they are of sufficient accuracy. The classical challenge
here has been to overcome the accuracy limitation of these
measurements, which degrade with frequency of operation
in a manner much more severe than with a calibrated VNA.
In fact, calibration standards and practices for time-domain
measurements are very immature at best. The basic purpose
of this paper is to inform the aerospace technical community
of an effective means of overcoming this classical measure-
ment challenge.

Given that current time-domain recording instruments have
no means of internal calibration, are not internally accessible
for user intervention to accomplish this, and always exhibit
degraded accuracy with increasing frequency, the only
possible means to improve measurement accuracy is to lower
the frequency range through downconversion. This has
several important advantages that need to be noted here.
First, it can be readily shown with a power meter, for
example, that such a lowering of the frequency range can
greatly enhance the recording instrument accuracy. An
example of such a phenomenon is depicted in Figure 1 for
an MTA. Note that a 4-GHz bandwidth signal would require
only a 2-GHz bandwidth to record at baseband, over which
the MTA has a gain variation of only ± 0.1 dB. In a likewise
manner, the phase deviation from linearity can be as high
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Figure 1 – Microwave transition analyzer amplitude re-
sponse calibration using an HP8485D Power Sensor as a
“gold standard.”

as 40◦ for a typical DSO at 20 GHz, but it is negligible
below 5 GHz [11]. Second, with downconversion, signals
beyond the measurement capability of current instruments
(for example, the 40-GHz limit of the MTA) would be
recordable in the time domain. If this downconversion is
done coherently with the upconversion, the phase noise of
the carrier can also be eliminated, and the accuracy of the
measurement will be independent of the carrier frequency.
In addition, there is a very large reduction in the sampling
requirements needed to capture the signal, because it can
approach the finite and much smaller information bandwidth
of the communications signal. This allows for either longer
time records or higher time resolution for the measured data.
If the downconversion goes all the way down to baseband,
the above advantages will be maximized, and the recorded
waveforms will be complex in nature, becoming the so-
called lowpass equivalent (LPE) envelope of the original
RF waveform. In addition, this latter form of the data
dovetails precisely with the standard industry practice of
employing LPE models in communication system simulation
tools (commercial and in-house) [4]. As a result, such
measured data can be employed in the direct construction
and evaluation of these models, thus providing an LPE
measurement counterpart to the modeling. The fundamental
linchpin of this approach, however, is that the imperfection
of the real downconversion process must be precisely
characterized and calibrated out of the measurement. This
characterization must be both in amplitude and phase,
and represents a classical problem in measurement practice
that has existed since the development of FTDs. This
challenge has been recently overcome, as will be discussed
next, serving as the basic foundation for the time-domain
measurement technique to be covered in this paper.
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3. FREQUENCY-TRANSLATING DEVICE
CHARACTERIZATION

Frequency-translating devices (FTDs), which can range
from simple microwave mixers to entire channel segments,
are fundamental elements of virtually every communication
system. There are two basic classes of FTDs. One
class, called single-sideband (SSB) FTDs, are characterized
by the fact that only the upper or lower sideband, of
the two sidebands normally generated in the frequency-
translation process, appears at their output. These FTDs
are primarily employed as frequency converters between RF
and IF ranges in typical communication channels. The
second class, naturally termed double-sideband (DSB) FTDs,
retain both sidebands in their output and involve a baseband
signal. These FTDs commonly appear in modulators and
demodulators.

The need for the full transmission response of FTDs, that
is, both their amplitude and phase frequency response, has
become increasingly important in modern communication
systems. With the prevalent use of complex phase
modulations in these systems, it becomes necessary to
obtain the phase response of FTDs since this may have a
detrimental effect on performance. Likewise, as noted above,
the accurate transmission characterization of FTDs provides
the enabling vehicle for the establishment of time-domain
measurements as a useful and viable approach for wideband
RF/microwave components and systems. Even without these
current motivations, the full characterization of FTDs has
been a classical measurement problem for decades, with
several methods developed to date. Note that although the
amplitude response (also known as conversion loss) of an
FTD is straightforward to understand, the definition of the
phase response for an FTD must be carefully formulated
since the input and output frequency ranges typically do
not overlap. In essence, one has to think of the FTD
as consisting of a perfect frequency translator, preceded or
followed by a linear filter that represents its imperfections.
For standardization purposes, this filter is taken to be at
baseband and in the form an LPE filter.

The VNA-based method to be highlighted here, which infers
the full response for an individual FTD using pairwise
measurements amongst three FTDs, is more accurate than
any of the previous measurement methods. For example, in
the method that employs a scalar network analyzer, only the
conversion loss is found, and hence the characterization is
incomplete [12]. In the case of previous VNA-based methods
that involve the measurement of single nonfrequency-
translating FTD pairs, there is a non-testable assumption that
the FTDs are essentially perfectly matched or that one of the
FTDs is a “gold standard” that itself has been accurately
characterized in some way [13]. A more recent VNA-based
approach involving a single FTD and a reflective termination
harbors inaccuracies because the undesired mixing products
generated by the FTD are not removed before the reflected

signal re-enters the FTD [14]. An improved version of this
single-mixer approach that provides for both the transmission
response and input/output matching of the FTD was reported
in [15]. An MTA-based modulation technique has also
been proposed to obtain a full individual FTD response,
but the instrument capabilities limit the speed, accuracy, and
frequency coverage of the measurement [16]. Finally, it is
also conceivable that the nonlinear VNA could be used to
characterize FTDs since it can be calibrated over a frequency
grid that covers the differing input/output frequency ranges.

The FTD measurement procedure covered in [17, 18, 19]
offers a significant improvement in speed and accuracy for
SSB FTDs, and is the only method known by our group
for the full characterization of DSB FTDs. The technique
makes use of a VNA and three FTDs: two test mixers
besides the FTD under test (FTDUT), where one of the
test mixers must have a reciprocal response, that is, have
the same upconversion/downconversion frequency response.
It has been found that commonly used double- and triple-
balanced mixers exhibit this property closely when operated
linearly and their ports are properly terminated [20]. In
addition, the FTDUT must have an accessible local oscillator
(LO) port because of the phase coherency required by
the method. In essence, several measurements are made
of nonfrequency-translating FTD pairs, after which some
simple algebra provides the desired individual response of the
FTDUT. For SSB FTDs, at least three such measurements
are required to arrive at the desired response. For DSB
FTDs, there are two ways of proceeding, the less accurate one
again requiring three measurements, while the more accurate
method needs a minimum of six measurements to accomplish
its characterization. It is the latter approach that serves as the
basis for the baseband time-domain measurement technique
and system to be described in Section 4.

Figure 2 provides the general test configuration for both SSB
and DSB FTDs. Besides the VNA and two test mixers

DUT Test Mixer

IsolatorIsolator

RF Filter

Splitter

LO

HP 8510C
VNA

IF FilterIF Filter
Port 1 Port 2A B

Phase Shifter
(Baseband DSB
 method only)

Figure 2 – General FTD test configuration.

already mentioned above, an LO source with a splitter,
some isolators, attenuators, filters, and a phase shifter are
needed, the latter used only for the baseband DSB approach.
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The added components are needed to reduce leakages and
spurious signals to prevent corruption of the measurements.
It must be emphasized that only a transmission response
is obtained here, so that these results will apply only to
similar matched environments. In addition, this response is
a baseband LPE, which essentially means that the bandpass
filter of the actual FTD model has been shifted down to
baseband after its negative frequency counterpart has been
removed [21]. The data collection and analysis using this
test setup has been fully automated in LabVIEW°R [22] to
reduce operator error.

For the SSB FTD measurement procedure, the VNA port
IF filters in Figure 2 are bandpass. Figure 3 provides
a representative flow diagram of the minimal procedure
that involves three pairwise measurements of three FTDs.
Here TM1 and TM2 represent test mixers of a frequency

Measure MA(f)TM1

DUT TM2

TM1 TM2

DUT

Configuration B:

Configuration C:

Configuration A:

Measure MB(f)

Measure MC(f)

RX(f) = 

Calculate Configuration X amplitude/phase
response (X = A,B,C; f0 = center of measurement
sweep):

Calculate LPE response of DUT:

 RDUT(f) = 
RA(f) + RB(f) - RC(f)

2

20 log10 |MX(f + f0)|, for amplitude (dB)
MX(f + f0), for phase {

Figure 3 – SSB and bandpass DSB FTD measurement flow
diagram for the case of one device under test (DUT) and two
test mixers (TM1 and TM2), where one of the test mixers
(TM1) possesses a reciprocal transmission response. Other
reciprocity cases would be measured similarly. The resulting
total frequency response for the DUT is in LPE form.

plan compatible with the FTDUT, and such that test mixer
TM1 is reciprocal since it is seen to be used both as

an upconverter and downconverter. Once the minimal
three pairwise frequency responses MX(f), X = A,B,C
are obtained using the VNA, they are shifted down to
baseband by the common center frequency f0 of the sweeps.
Observe that these LPE responses will generally not be
symmetric about DC. The three amplitude (in dB) and phase
components of these responses are then used to de-embed
the total, individual LPE response of the FTDUT. Note
that both an upconverter-downconverter or downconverter-
upconverter configuration is allowed here, and additional
reciprocal test mixers and corresponding measurements can
be added to increase the FTDUT characterization accuracy.
The latter feature comes from the fact that an overdetermined
set of measurements will result, so that the FTDUT response
instead becomes an average over multiple valid responses.
Figure 4 makes a validating comparison of the new technique
with the aforementioned MTA-based modulation approach
for a 20-to-8 GHz SSB downconverter. The measurement
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Figure 4 – Comparison of MTA-based modulation and
SSB FTD measurement techniques for a 20-to-8 GHz SSB
downconverter. The latter curves are an average of eight
inferred responses.

bandwidth was 500 MHz, with the results displayed over
a 400-MHz range. In this case it was found that all
three FTDs were reciprocal, leading to eight valid responses
for the downconverter that were subsequently averaged and
compared with the MTA result. The agreement between the
amplitude and phase response curves was found to be within
a very respectable value of 1.15 dB and 6.14◦, respectively.
Note that the new method provides a smoother result, since
the ripple structure found with the MTA method, mainly
caused by VSWR interaction at the measurement ports,
cannot be removed.

For the DSB FTD measurement procedure, there are two
choices dictated by the frequency range (baseband or
bandpass) for the VNA sweep of the FTD pairs. For
the bandpass choice, the RF filter between the FTDs in
Figure 2 becomes a lowpass filter, the VNA port IF filters
become RF bandpass, and the same flow diagram of Figure 3
applies. For the baseband choice, the two VNA port
IF filters become lowpass, and two sets of measurements
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have to be made, differentiated by a 90◦ change of the
phase shifter in the downconverting LO path. In this case,
the minimal procedure requires six pairwise measurements
of three mixers, as indicated in the representative flow
diagram of Figure 5. In particular, the minimal three sets

TM1DUT

I: X

LO

PHASE SHIFTER
Measure MI (f) 

TM1DUT

LO

PHASE SHIFTER

II: (X + 90)

Measure MII(f) 

2

2
, f < 0    (LSB)

, f > 0    (USB)

A A

A A
A

Calculate Configuration A derived response:

Configuration A-I:

Configuration A-II:

A

A

Calculate LPE response of DUT:

 RDUT(f) = 
RA(f) + RB(f) - RC(f)

2

Repeat procedure for Configurations B-I,II and C-I,II

Π

[MI (-f)]* + j[MII (-f)]*

MI (f) + jMII (f)
(f) =

Figure 5 – Baseband DSB FTD measurement flow diagram
for the same conditions as in Figure 3.

of quadrature VNA measurements results in three derived
baseband responses ΠX(f), X = A,B,C, consisting of the
de-embedded upper and lower sideband responses (denoted
as USB and LSB, respectively). The two phase shifter
settings are needed to de-embed these sideband responses,
since they combine in the downconversion to baseband and
hence cannot be separated with one measurement. Similar to
the SSB case, the amplitude (in dB) and phase components
of the derived responses are represented by the notation
RX(f), X = A,B,C and are used to arrive at the total,
individual LPE of the FTDUT. The results for this baseband
version of the DSB procedure will usually be more accurate
than the ones obtained with the bandpass DSB technique.

To show the consistency of the two possible DSB approaches,

they were applied to a 20 GHz-to-baseband downconverter
over a 4-GHz measurement bandwidth. Figure 6 shows
the results of the comparison for the phase response, with
a similar result found for the corresponding amplitude
response. There is good agreement seen here, with the
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Figure 6 – Phase response comparison of the bandpass and
baseband DSB FTD measurement techniques for a 20 GHz-
to-baseband downconverter. The close agreement of the
curves indicates the consistency of the two approaches.

bandpass approach exhibiting more broadband noise and
spikes, while the baseband approach had some VSWR-
induced ripple that could be reduced with further attenuation.
Because there are no known methods to independently
measure the full response of this mixer, a validation test was
devised in which the response of a bandpass filter placed
between the mixer pair was de-embedded and compared with
a direct VNA measurement of the filter. In addition, the
center frequency of the filter was 600 MHz offset from
the LO frequency of the mixers, which themselves had
asymmetric responses. Figure 7 makes a comparison of
the amplitude responses between the de-embedded and direct
measurement approach. A similar agreement was found for
the phase response, thereby validating the baseband DSB
technique.

4. BASEBAND TIME-DOMAIN MEASUREMENT
TECHNIQUE AND SYSTEM

With the unique baseband DSB FTD technique of the pre-
vious section, a calibrated baseband time-domain measure-
ment technique was developed and implemented as a com-
plete Aerospace time-domain measurement system (ATDMS)
[6, 7, 23]. With this system, accurate measurements of mod-
ulated microwave or millimeter-wave signals having several
GHz of bandwidth can now be made. As indicated above, a
coherent LO is needed for the downconversion, and the sig-
nals measured must be repetitive since the two components
of the complex baseband waveform, termed the in-phase and
quadrature components, must be recorded consecutively with
appropriate phase shifts of the downconverter LO. The stabil-
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Figure 7 – Amplitude response of a bandpass filter derived
from baseband DSB FTD measurements compared to a direct
VNA measurement. The close agreement found here and for
the phase response served to validate the baseband DSB FTD
measurement technique.

ity of the LO is not critical since the coherency of the down-
conversion removes any phase noise that may be present.
The unique measurements made here can be used to char-
acterize anything from individual modulators through entire
linear or nonlinear communication channel segments. A rep-
resentative set of examples will be taken up in Section 5.

There are several useful features worth noting for the general
ATDMS. First, this system provides a transmitter that may
be used as a test signal source, as well as a wideband (multi-
GHz) test mixer with a reciprocal response characteristic that
is needed for calibration purposes. Second, the ATDMS
contains a downconverting receiver (DCR) that is calibrated
using the baseband DSB FTD measurement technique
discussed in the previous section. A typical implementation
of the DCR component of the ATDMS is presented in
Figure 8. It consists of a wideband downconverting mixer
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L

VOLT
METER

DCR
SIGNAL
OUTPUT

DC
OUTPUT

DSO
DCR
SIGNAL
INPUT

Φ
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Figure 8 – Block diagram of the core downconverting
receiver (DCR) component of the ATDMS using a digital
storage oscilloscope (DSO) as a recording instrument.

with an LO network that provides for phase shifting (needed
for the DSB FTD method) and LO outputs to lock with the
transmitter side of the ATDMS setup. Note that a baseband

amplifier follows the downconverting mixer to bring up the
signal level for the baseband recording instrument. This
instrument can be either a DSO or an MTA, where the latter
can be more accurate than the former because its timebase
can be locked to that of the signal generator, but suffers
from a limited amount of memory. Because the baseband
amplifier normally blocks the DC voltage (corresponding to
the carrier of the RF waveform), a bias tee and voltmeter
are also needed to obtain this frequency component. The
receiver response of the ATDMS (including any interconnect
cables to the DUT) is analytically removed from the recorded
input/output time-domain data. Finally, the system is fully
automated in its operation under LabVIEW°R control. More
recently, there have been several other refinements developed
for the ATDMS that increases its repeatability and accuracy
even further [24, 25].

Two basic measurement considerations must also be noted
when using the ATDMS. First, the DCR introduces both
linear and nonlinear distortion to the recorded signal. The
nonlinear distortion is minimized by filtering any mixing
products produced, and keeping the mixers in a linear
mode of operation as much as possible. The linear
distortion is minimized by using DCR components with
much wider bandwidth than the DUT, and by reducing
VSWR interactions. When the DCR components have
a comparable bandwidth to the DUT, then their linear
distortion must be calibrated out. Second, there are still
significant DC offset errors that enter the recorded signals
due to intrinsic mixer imbalances. These intrinsic mixer
offsets are determined using four different LO phase shifter
settings that are 90◦ apart, and then subsequently subtracting
these offsets from the DC component of the measured
waveforms.

The details of the calibration, measurement, and post-
data processing procedures are given in [7], and the latest
enhancements to the system are presented in [24, 25]. Only
a summary for the original system will be provided here.
In essence, the DCR calibration procedure consists of two
parts: (1) using the baseband DSB FTD characterization
technique described above to arrive at the full DCR response
outside the DC frequency, and (2) a two-step process to
obtain the LPE DCR DC response (involving the four
phase settings mentioned above, along with a separate CW
calibration). The baseband waveform and its DC component
are recorded separately at four phase shifter settings, the
former is corrected using the previously determined DCR
response, its DC component is restored using the LPE DCR
DC response, and finally a power normalization factor is
applied.

To illustrate the validity of the ATDMS, a comparison with
a direct MTA measurement is shown in Figure 9 for a
microwave pulse of 0.35-ns duration and 0.5-V amplitude,
and using an LO frequency of 19.6 GHz. Both the corrected
and uncorrected baseband envelopes are shown together with
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Figure 9 – Comparison of the ATDMS to a direct RF
microwave transition analyzer (MTA) measurement for a
narrow microwave pulse.

the direct MTA measurement. Note the excellent agreement
between the corrected measurement and the direct one,
which indicates the validity of the new measurement system.
In the frequency domain, over a comparison bandwidth
of 4.4 GHz that does not include the DC region (where
significant accuracy improvements were made since this
initial comparison), the agreement was found to be within
± 0.4 dB for the amplitude, and ± 3◦ for the phase.

Representative applications of the ATDMS to the charac-
terization of power amplifiers will be covered in the next
section, and as indicated above, the technique can certainly
be applied to several contexts other than modeling. For ex-
ample, the nonlinear noise characterization of TWTAs has
been enabled by the ATDMS [26].

5. SURVEY OF SYSTEM MODELING ISSUES,
PROCEDURES, AND n-BOX ARCHITECTURES

This section consists of two subsections, the first addressing
some important and generic modeling issues such as the
metrics needed to quantitatively calculate model predictive
fidelity, the determination of model fidelity required for
a given communications system, and the construction and
validation of system models with the ATDMS as the prime
example. The second subsection will focus on the modeling
of power amplifiers by first introducing the three classes of
models for these components, followed by a survey of the
n-box system-level power amplifier models that have been
developed, the more sophisticated of which have not been
readily available in the literature. It will be demonstrated
that these models may still not be adequate for wideband
systems, thus requiring the application of the polyspectral
method that is the subject of Section 6.

System Model Construction, Evaluation, and Fidelity

In general, the modeling procedure consists of two basic
steps: construction and validation, both of which require
measurements of sufficient accuracy for the context at hand.
These measurements can be in the frequency or time domain,
although the latter is more appropriate for nonlinear regions
of operation as demonstrated previously. The parameters of
the construction measurements (frequency or time domain,
tonal or digitally modulated stimulus signals, number of
measurements, etc.) are dictated by the particular modeling
methodology involved, as will be detailed in subsection two
of Section 5, and Section 6, below. The basic purpose of
the validation measurements is to determine quantitatively
the error in the model’s predictive fidelity. It is clear in both
cases that the accuracy and repeatability of the measurements
must necessarily be better than the fidelity requirements for
the model with some comfortable margin. Thus there must be
some metric formulated to gauge this accuracy/repeatability
and predictive fidelity, of which there are several alternatives
dictated by the nature of the measurements.

The first metric that could be proposed is the commonly
used and universally accepted digital communications system
performance measure termed the bit-error rate (BER). It
is essentially a direct measure of how well a given end-
to-end communications system is operating with respect
to information transmission. It is a scalar that dictates
the probability of error in the decision of a received bit
compared to the originally transmitted bit. This error will of
course depend on several parameters in the communications
link, and is normally plotted against the primary parameter
that is the received signal-to-noise ratio (SNR), denoted
by Eb/N0, where Eb represents the bit energy and N0
represents the spectral density of the equivalent additive
white Gaussian noise (AWGN) in the received signal. The
other parameters upon which BER depends will include the
particular digital modulation used in the communications
system, as well as any signal corruptions that have occurred
along the transmission chain, whether deterministic (such as
linear filtering and power amplifier nonlinear distortion), or
stochastic (such as thermal noise and atmospheric effects).
In any case, BER is almost universally used to assess system
performance in simulation parameter trades conducted with
an end-to-end link model. Note that BER should be used
only to assess the fidelity of an entire end-to-end link
model, since it is basically a summary of the entire link
imperfections (see discussion below). In this case, the
measured BER would have to be compared with the link
model prediction to determine this fidelity for a given Eb/N0.
In order to accomplish such a validation, a faithful hardware
emulation of the link (without the atmosphere) would have
to be constructed and measured.

Despite the importance of the BER metric for performance
assessment, there are several difficulties for its application
as a fidelity measure. First, the fundamental way to develop
an accurate end-to-end link model is to make sure that
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each of the component models are individually accurate.
To do the latter really requires a more direct metric in
the frequency or time domain, since to apply the BER
metric would require the building of a complete modem to
accompany each component. This exercise would either be
a very expensive undertaking, or one that is not practical
(as in the case of a frequency converter, for example).
Even if such a modem could be built, there would be the
problem of having to model the modem itself, so that any
errors here would be indistinguishable from the ones for the
component, that is, the BER prediction error would include
inseparable contributions from the modem and component
modeling. This inseparability would extend to the entire
end-to-end link model evaluation if BER is used as the
metric. Second, the BER metric is based on a finite set
of discrete samples of the received time-domain waveform,
and these samples are in turn quantized to a practical level in
order to make a bit or symbol decision. For both simulation
models and hardware measurements, the sample times and
amplitude levels are on a much finer scale than what is used
to determine BER. Thus the BER more coarsely reflects the
nature of the received waveform compared to what an error
metric based on simulated versus measured waveforms could
achieve. Finally, because the receiver is typically much more
bandlimited than a measurement instrument, the BER metric
will be addressing a smoothed version of the received time-
domain waveform relative to what a measurement instrument
would capture to calculate other error metrics.

The next commonly used metric is associated with standard
frequency-domain measurements, consisting of a simple
comparison between a measured value and one from a
standard or a model prediction. These measurements usually
involve the use of a single tone input that is swept in
frequency, with the output also measured at the same single
frequency, whether it be its power (as in the case of a power
meter), its amplitude (as in the case of a spectrum analyzer),
or both its amplitude and phase (as in the case of a VNA).
Of course, for the spectrum analyzer, arbitrary signals can
be measured as well, although internally tunable filters are
used to sweep across the spectrum using a very narrow gate
of frequencies. A common frequency-domain test for the
case of a nonlinear HPA is to use a two-tone input (at f1
and f2) and measure the third-order intermodulation output
tones found at 2f1 − f2 or 2f2 − f1 that will lie close to or
in the frequency band [f1, f2].

In all of the frequency-domain measurements just described,
a simple comparison between scalar quantities can be made at
each frequency to arrive at an absolute or relative error either
between successive measurements of the same phenomena,
between what is measured against a standard, or between
what is measured and what a given model predicts. In the
case of an entire frequency response or power spectrum,
however, a single scalar error metric is often desired for
the entire “waveform.” This is likewise always the case for
the less common, but more generally applicable time-domain

measurements. In both instances, one arrives at a finite set
of data values equally spaced by the frequency resolution
or sampling time that was recorded by the measurement
instrument, and a metric is needed to quantitatively compare
the two waveforms. Such a metric has been previously
developed [27], termed the normalized mean square error
(NMSE), which is essentially the power in the error vector
between the waveforms normalized to the total measured
or other appropriate power. For the case of two complex
baseband waveforms, as would be produced through the use
of the ATDMS described above or an LPE simulation model,
this metric would be given explicitly by

NMSE :=

10 log10

(PNd

k=1

£
(y1I,k−y2I,k)

2
+(y1Q,k−y2Q,k)

2
¤PNd

k=1

£
(y1I,k)

2
+(y1Q,k)

2
¤ )

, (1a)

where

yiI(Q) := In-phase (quadrature) waveform i (Nd points)
(1b)

and for the case of normalization to the power in the first
waveform. In order to gauge the values produced by this
metric, observe that an NMSE value of −10 dB would
correspond to a relative waveform error of 10%.

Because of the importance of the BER metric and the
practicality of the NMSE metric, it would be desirable
to relate the two for a given communications system or
even in general. Unfortunately, the precise relationship
between these metrics is still an open problem, although
some qualitative remarks can be made here, and the model
NMSE determination method to be described below will also
shed some light on this complex connection. First, NMSE
is a scalar characterizing the normalized distance between
two waveforms. Given a waveform and a value of NMSE,
there is an infinite number of waveforms that can produce
this value of NMSE. However, each of these waveforms may
give rise to a different BER value, hence resulting in a range
of BERs. In contrast, BER requires the measurement of a
waveform at a discrete set of times (the latter of which can
have errors), and then bins the measurement amplitude-wise
before a decision can be made. It can thus be concluded that
the mapping sought here is between a particular NMSE value
and a resulting range of BER, with the mapping depending
on the digital modulation used. By continuity, it follows that
the lower the value of NMSE, the narrower the range of
BER that can result. Hence to have an accurate prediction
of BER (that is, with a small range of uncertainty), the
NMSE for the system model must be sufficiently low, and
this in turn requires any measurement instrument used to
construct/validate the model to have an accuracy/repeatability
that is in turn lower than the model NMSE by a sufficient
margin (a good rule of thumb is to use 10 dB for this margin).

In view of the above conclusions with respect to BER
versus NMSE, it essentially becomes imperative to develop
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some estimation procedure for the NMSE needed to provide
accurate BER predictions, the ultimate product of a system
simulation. The issue of the required model fidelity
needed for a given simulation has received relatively little
attention in the literature. In addition, as it will be
shown in the next subsection, the validation of models
really needs to take place using operational-like signals as
input. This need becomes more prominent in nonlinear
contexts, and with operational signals having increasing
bandwidth, data rates, and modulation complexity. With
the use of operational signals both to construct and validate
models, it becomes imperative to have a sufficiently
accurate/repeatable time-domain measurement system such
as the ATDMS. The required NMSE fidelity needed for both
measurements and models can be systematically determined
in a recursive manner from BER performance curves and
system requirements. This procedure is described below in
terms of the example illustrated in Figure 10, and assumes
that both the noise that determines the BER and the modeling
error are essentially additive white Gaussian in nature.
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Figure 10 – Ideal BER performance curves for gray-coded
PSK and QAM modulations. Such curves can serve as a
basis for determining required model NMSE fidelity.

(i) The first estimate would come from the use of an
ideal BER performance curve, with or without ideal
error correction coding, that reflects the system at
hand. Three such curves are shown in Figure 10,
where there is no error correction coding applied, and
the modulations (8-PSK, 16-QAM, and 64-QAM) are
assumed to be gray coded in their symbol assignment.
A BER performance value or range must then be
chosen for which the model is desired to be accurate.
Using the curves, the corresponding value or range of
Eb/N0 value or range is then found. In the case of the
example in Figure 10, a value of 10−3 for the uncoded
BER value can be chosen, resulting inEb/N0 values of
10, 13, and 18.4 dB for the 8-PSK, 16-QAM, and 64-
QAM modulations, respectively. When using a range

of BER values, the Eb/N0 value corresponding to the
lowest desired BER value would be used (this will be
the largest Eb/N0 value and the most demanding BER
for the model to predict).

(ii) By negating the determined Eb/N0 value in the dB
scale, one arrives at the N0/Eb value, which in the
case of our example gives −10, −13, and −18.4 dB.
Because BER assumes both noise (thermal, phase)
and other distortions (deterministic and stochastic) are
causing the bit errors, it follows that the modeling
error must be sufficiently less than these sources so
that the model itself is not contributing to the BER.
It thus follows that the noise floor of the model,
which is what is measured by the NMSE metric,
must be sufficiently less than the practical value for
N0/Eb, which encompasses all the bit-error sources.
In particular, a good estimate for the implementation
loss between the ideal and practical systems must
thus be subtracted from the ideal N0/Eb value, and
another margin must in turn be subtracted to ensure
that the modeling error is sufficiently below the
practical N0/Eb value. In the case of our example,
a 4 dB implementation loss was chosen, and an
additional margin of 10 dB, corresponding to ≈ 10%
relative error for true noise estimation, was added.
This results in a final model NMSE requirement
of −24, −27, and −32.4 dB for 8-PSK, 16-QAM,
and 64-QAM modulations, respectively. Another
comfortable margin of 10 dB has to be added to these
values in order to arrive at the required measurement
accuracies/repeatabilities needed to construct/validate
these models.

(iii) Using models constructed/validated that meet the
required NMSE values from the previous step, an end-
to-end link simulation is then conducted that includes
all the expected imperfections in the channel, but
preserving the use (or not) of error correction coding
chosen for the original idealized case. This will result
in another more realistic BER performance curve, for
which the above steps, without the implementation loss
factor, can be repeated. This will result in a more
refined estimate of the model fidelity required, which
is then compared with the original estimate. If the
new estimate requires a higher model fidelity, then
the models have to be likewise refined to meet the
new requirements, and the exercise is repeated until
convergence to a final fidelity requirement is achieved.
If the new estimate requires a lower model fidelity,
then the models are sufficiently accurate for the system
and no further iteration is required.

As mentioned above, the use of accurate time-domain mea-
surements is essentially imperative to properly validate mod-
els for operational signals. In order to obtain such measure-
ments, the ATDMS can be applied as representatively shown
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Figure 11 – Typical ATDMS configuration for making
input/output time-domain measurements used in power
amplifier model construction and validation. This setup used
the more accurate MTA as the recording instrument, and an
amplitude phase keyed (APK) modulator as a source.

in Figure 11 for a power amplifier. Here an amplitude phase
keyed (APK) modulator is used as the source, with a digital
pattern generator providing the artificial and repetitive mod-
ulation signal. In this case the more accurate MTA is used
as the recording device, with a pattern trigger used to syn-
chronize the signal generating and recording process. Note
also that the APK modulator is locked to the DCR LO as
needed for coherent downconversion. Because of the high
accuracy of the ATDMS, the validation of block models is
now possible and preferable in the time domain. Using this
setup, a comparison of the simulation model output wave-
form prediction can be made with what is measured in the
laboratory for the same measured input waveform.

Traditional VNA-Based Nonlinear Power Amplifier Block
Models

The primary challenging focus in the modeling endeavor
has been on power amplifier characterization, since it is the
component that is primarily operated in a nonlinear fashion,
and since such characterization must necessarily precede
any distortion compensation design. The characterization
of power amplifiers falls into three basic classes. Physical
models provide the most fundamental descriptions of power
amplifiers, making use of solid-state physics for SSAs
or electromagnetics for TWTAs. Such models provide
the highest fidelity and broadest signal class applicability.
However, this must be traded against their often complex
construction, and the fact that they take the longest
to execute as a simulation model. Indeed, they are
typically out of the question for system performance
trades, where many thousands of simulation runs are
required to arrive at a statistically representative value for
BER. The next circuit-equivalent model class attempts to
approximate the solid-state physics/electromagnetics with
circuits whose parameters are extracted from carefully
designed experiments. These models are primarily used
for SSAs, but some work can be found for TWTAs that
results in ladder-type circuits. This class is still typified by

a large number of measurements and lengthy optimizations
in order to construct, and are still too long to execute
for system simulation purposes. The final blackbox model
class, also known as block models, require only simple
input/output measurements to construct. The goal here is
to arrive at an accurate description of the operator that is the
power amplifier. This is the approach of choice for system
modeling and especially TWTA characterization, and will
be the class used in the three examples to be presented in
this paper. These models feature simple construction and
quick simulation execution, but their fidelity capability has
not really been fully explored, especially in the context of
complex wideband signal environments.

As previously discussed, simulation block models are
almost exclusively constructed at baseband using the LPE
representation of signals, so that sampling the high-frequency
carrier to compute waveforms is avoided. This powerful
method is capable of analyzing systems driven by signals
ranging from single-tone sinusoids to complex, digitally
modulated carriers. A review of LPE theory can be found
in the FTD characterization paper [18], as well as the
classical text [21]. It suffices to note that for a sinusoid
represented by A cos(2πft + θ), the complex envelope is
given byA exp(jθ). In addition, any general bandpass signal
can be written in the form of the above sinusoid, where A
and θ become functions of time, resulting in a time-varying
complex envelope.

Traditional block models are based on simple, single-
tone and swept-tone RF measurements that can be readily
and quickly made with a standard VNA. The simplest
form of this model is the so-called 1-box model that
consists of a single, memoryless nonlinearity that describes
how the amplitude and phase of a centerband sinusoid is
changed when passing through the power amplifier (see
Figure 12). In particular, a VNA measurement is used

x(t) y(t)
AM/AM, 
AM/PM

memoryless
nonlinearity

Figure 12 – One-box nonlinear block model.

to determine the output amplitude versus input amplitude
transfer characteristic (called the AM/AM curve), as well
as the output phase shift versus input amplitude (called the
AM/PM curve). Quantitatively, the definition is given by:

Input signal: x(t) = A cos(2πfct+ θc)
Output signal: y(t) = G(A) cos[2πfct+ θc +Θ(A)]

¾
(2)

where fc is the carrier frequency, θc is an arbitrary phase,
G(A) represents the AM/AM conversion, while Θ(A) is the
AM/PM conversion. A generic example of these nonlinear
conversions that are typical for a TWTA and similar for an
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SSA is given in Figure 13. These conversions are seen to
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Figure 13 – Generic power amplifier AM/AM and AM/PM
conversion curves. The quantities a, g, and θ are normalized
versions of A, G, and Θ in Eq. (2).

be of an envelope type since the frequency fc serves only
as a reference. This means that the LPE form of the model
will simply act on the envelope of the complex baseband
input signal. To apply the model to a general bandpass
input signal, the signal is first rewritten as discussed above,
and then thought of as instantaneously sinusoidal so that
the nonlinear conversions can be directly applied. It is this
model that is implemented in commercial computer-aided
design programs [28, 29].

There are several important observations to be made here.
First, this model assumes that inputting a sinusoid into a
power amplifier simply results in another sinusoid at the
output with the same frequency. This is not correct unless
a so-called zonal filter is also placed at the output of the
power amplifier, since it is well known that harmonics will
be generated in the nonlinear region of operation. Note that
the measurement automatically accomplishes this operation
since the VNA detects only signals at the same frequency
as the input. This model also assumes, for the case of
more general signals with finite frequency content, that the
above conversions measured at centerband do not vary across
the band of interest. This is often not the case and is
thus one of the causes for the model’s fidelity breakdown
for wideband signals. This is a manifestation of the finite
memory that power amplifiers have, especially TWTAs,
which is approximated to be zero in this model. Another
cause for breakdown is the fact that for such general signals,
unique nonlinear intermodulation and memory effects arise
because of the simultaneous presence of multiple frequencies
at the input. As already discussed above, sinusoids cannot
identify nonlinear systems, so that it is only by the continuity
of the nonlinear power amplifier operator that the model
works adequately for relatively narrowband signals that are

close to sinusoids.

In a step up from the 1-box model, perhaps the simplest
nonlinear model with memory is the so-called 2-box model,
in which a filter is placed in front of the 1-box model
(see Figure 14). This model is especially used for TWTAs

x(t) y(t)
Small-signal
frequency
response

w(t) AM/AM, 
AM/PM

memoryless
nonlinearity

Figure 14 – Two-box nonlinear block model.

because of their significant memory and the fact that it
reflects the natural physical operation of the tube, where
its linear behavior occurs in the input section, while its
nonlinear behavior takes place in the output section. The
most common form of the filter derives from a simple VNA
sweep of the power amplifier in its small-signal range of
operation. In order not to count the small-signal response
twice in the overall model, a normalization step has to be
applied to either the filter or the nonlinear conversion curves.
For the filter, this normalization consists of scaling/shifting
the amplitude/phase frequency response until it has unity
gain and zero phase at centerband. Equivalently, the
normalization of the conversion curves would consist of
scaling the AM/AM curve to have unity slope in its linear,
small-signal region, and to shift the AM/PM curve vertically
until it has a zero phase shift in the same small-signal region
(where the phase shift would be constant). Note that the
normalization of the filter is more precise than that of the
conversion curves.

Mathematically, it can be shown that the pre-filter amplitude
response actually translates (with respect to the instantaneous
input frequency) both the centerband AM/AM and AM/PM
conversion curves horizontally along their identical input
axes, while the pre-filter phase response translates the
centerband AM/PM conversion curves vertically along its
output phase shift axis. Although this frequency-dependent
conversion curve translation is an improvement over the 1-
box model, it still fails to capture changes in the shape of
these conversion curves with respect to frequency. It is
for this reason, together with those cited above for the 1-
box model, that the 2-box model will again break down for
wideband signals.

Continuing in the same theme, the 3-box model places an
output filter on the 2-box model to provide more “fitting
capability,” as illustrated in Figure 15. This model is

x(t) y(t)Input
filter

response

w(t) AM/AM, 
AM/PM

memoryless
nonlinearity

Output
filter

response

v(t)

Figure 15 – Three-box nonlinear block model.
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relatively unknown and various ways have been proposed
to populate the two filter boxes. The original form of the
model is precisely specified as follows. First, in addition
to the small-signal VNA sweep used for the 2-box model,
a complementary large-signal VNA sweep of the power
amplifier is made using a tone whose constant power level
saturates the device at centerband. Denoting the small-signal
response byHss(f) and the large-signal response byHls(f),
it follows that the input filter responseHin(f) and the output
filter response Hout(f) are given by

Hin(f) =
Hss(f)

|Hls(f)|
, Hout(f) = |Hls(f)|, (3)

so that the large-signal phase response is not used. Note
that Eq. (3) affects a partial normalization of the overall
model since Hin(f)Hout(f) = Hss(f) in the small-signal
region. The remaining normalization can again take place in
either of two manners. Like the 2-box model, the AM/AM
and AM/PM curves can be made to have unity slope and
zero phase shift, respectively, in their small-signal regions.
Alternatively, bothHin(f) andHout(f) can be made to have
unity gain and zero phase at centerband, which once more is
the less ambiguous approach.

Mathematically what occurs in this case is that Hin(f)
translates the centerband conversion curves with respect to
the instantaneous input frequency just like the pre-filter did
for the 2-box model, while Hout(f) translates the AM/AM
curve vertically along its output axis and the AM/PM
curve vertically along its output phase shift axis, with the
former translation being new compared to the 2-box model.
However, the shape of the conversion curves still remains the
same, as in the case of the 2-box model. As expected, this
model will perform better than the 2-box model, but again
will break down for wideband signals since it is still based
on simple tonal measurements.

There are several refinements and variations of the above n-
box models that have been proposed, most of which change
the memoryless nonlinearity from its simple centerband
AM/AM and AM/PM conversion curves. One set of these
changes involves the use of dynamic measurements to arrive
at generalized forms of the tonal nonlinear conversion curves
(such as based on two-tones and modulated signals instead
of sinusoids; see [30, 31], for example). The other set of
modifications involves the measurement and fitting of the
tonal AM/AM and AM/PM conversion curves with respect
to frequency, accounting for their change in shape [32, 33].
With respect to the filters, one variation that is sometimes
applied involves a more sophisticated VNA sweep done in
the presence of a saturating centerband tone. The idea here is
to try to arrive at a linear approximation to the nonlinearity
in the hopes of improving the model’s predictive fidelity.
Another variation of the 3-box model that will be discussed
in subsection one of Section 6 will make use of the first
step of the polyspectral method to arrive at an improved
estimation of Hout(f). More advanced techniques, such as

using a nonlinear form of the autoregressive moving average
method, as well as general neural network approaches have
also been explored [34, 35, 36]. Although these models may
provide higher predictive fidelity compared to the baseline
n-box models described above, they can be much more
tedious/difficult to construct and still remain just attempts
at fitting the nonlinear operator that is the power amplifier,
and thus are not of a formal system identification nature.
The latter nature, however, is precisely the basis for the
polyspectral method to be described in the next section.

To give concrete insight into how the baseline n-box models
compare, especially in the context of wideband modulated
signals, 1- and 2-box models were constructed and evaluated
for a commercial GaAs FET 20-GHz SSA. The small-signal
response of the SSA is shown in Figure 16 across an 8-
GHz bandwidth, while Figure 17 provides the nonlinear
conversions that have been fitted with Bessel series curves for
model execution. Two types of digitally modulated signals
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Figure 16 – Small-signal response of a commercial 20-GHz
SSA.

were used to exercise the models, which were recorded with
the ATDMS (input and output), and the model fidelity was
evaluated in terms of the NMSE metric defined above. The
operating point for the signals was chosen to be at the 3-dB
compression point on the output versus input power curve.
The simpler constant envelope bi-phase phase shift keying
(BPSK) signals used ranged in data rate from 150 Mbps
to 2.4 Gbps. A more complex multi-level 16-quadrature
amplitude modulation (QAM) signal was used at a fixed
rate of 9.6 Gbps, but whose spectral nature was modified
on the input of the SSA by applying pre-filters of 3-, 4-,
and 5-GHz bandwidths, as well as at full bandwidth with
no pre-filter. Tables 1 and 2 provide the results found in
the BPSK and 16-QAM cases, respectively. Three important
basic conclusions can be drawn from these results that could
have been anticipated from the above discussions. First,
the model fidelity decreases as the input signal bandwidth
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Figure 17 – Nonlinear conversions with Bessel series curve
fits for the SSA in Figure 16. (a) AM/AM characteristic.
(b) AM/PM characteristic.

increases, whether caused by increasing the data rate in the
BPSK case or widening the pre-filter in the 16-QAM case.
Second, the 2-box model is superior to the 1-box model for
all signals because of its capture of natural SSA filtering
effects. Third, the model fidelity for both models when
applied to the constant-envelope BPSK signals was superior
to that for the multi-level 16-QAM signals. Note that the
16-QAM signals vary further than the BPSK signals from
the sinusoids used to obtain the model parameters. It could
readily be extrapolated from these results that if a 3-box
model had been constructed, it would have been superior to
the 2-box model in all cases, and would still preserve the
fidelity trends for bandwidth and signal complexity. The
next section will demonstrate a modeling approach that will
be a significant improvement over all of these tonal-based

Table 1 – Amplifier model NMSE for BPSK signals.

Data Rate One-Box Model Two-Box Model
(Mbps) NMSE (dB) NMSE (dB)

150 −27.92 −33.69
600 −22.64 −28.34
1200 −19.84 −26.24
2400 −18.72 −24.31

Table 2 – Amplifier model NMSE for 9.6 Gbps 16-QAM
signals.

Bandlimiting One-Box Model Two-Box Model
Filter (GHz) NMSE (dB) NMSE (dB)

3.0 −20.04 −24.30
4.0 −19.86 −23.61
5.0 −19.31 −23.19

None −15.62 −19.44

methods.

6. THE POLYSPECTRAL METHOD

Theoretical Basis, Basics, and Features

The polyspectral model approach is a well-established
technique in the spectral analysis community and has been
used successfully for low-frequency linear and nonlinear
mechanical systems for some time [37, 38]. The application
to a communications context has remained theoretical at best
until the development of the ATDMS, which has enabled the
accurate recording of input/output time-domain waveforms
that lies at the heart of its construction. It is possible,
especially given the excellent results already found for this
approach and its many powerful features (to be highlighted
here), that the polyspectral method will become a major tool
in the nonlinear modeling and distortion mitigation design
of modern communication systems. More details about the
method can be found in the announcement publications made
by our group [39, 40, 41].

The theoretical basis for the polyspectral approach lies in
the formal input/output identification of nonlinear systems
[42, 43], so as to arrive at a characterization that will be
accurately predictive for a large class of input signals. One of
the primary means of achieving this identification is to treat
the given nonlinear system as a mathematical input/output
operator (with memory) that is then subsequently represented
locally as a series. This formal approach is in stark contrast
to the traditional block models discussed above. Among the
several general forms of the operator series that have been
proposed [5, 44], the original and most well known is the
Volterra series that provides a generalization of the familiar
linear impulse response concept. Recall that the two basic
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classes of time-invariant systems with memory are: linear
systems that obey the superposition principle, and nonlinear
systems that do not. Assuming only causal systems that
correspond to physical systems, recall that a linear system is
globally identified by its impulse response h(τ), in that for
any general input signal x(t), the output y(t) is given by

y(t) = L[x(t)] =
Z t

0

h(τ)x(t− τ)dτ, (4a)

where L[·] represents the system operator, and the integral
is assumed to be well defined. In the case of a nonlinear
system, the classical form of the Volterra series representation
for the system operator N [·] is given by

y(t) = N [x(t)] = h0 +
R T
0
h1(τ1)x(t− τ1)dτ1

+
P∞
n=2

R T
0
· · ·
R T
0
hn(τ1, . . . , τn)

Qn
j=1 x(t− τj)dτj ,

(4b)
where hi(τ1, . . . , τi), i = 0, . . . , represents the ith-order
Volterra kernel that is the generalized version of h(τ). The
basic distinction to make between the linear and nonlinear
representations is that the latter is only locally applicable,
and it is a series, which has several important consequences.
First, this means that such a representation will necessarily
be only an approximation at best, since not all of the terms of
the series can be determined or retained. Second, care must
also be exercised with respect to the region of convergence
for the series, which itself is difficult to determine. Third, the
block models presented earlier can be thought of as ad-hoc
attempts at fitting the subject operator, given that they have
equivalent series representations that may happen to have
sufficient degrees of freedom to do the job. Finally, note
from Eq. (4b) that the Volterra model can be represented as
a series of parallel branches emanating from the input and
summed on the output, where the ith branch is represented
by the ith-order Volterra kernel.

Although many approaches (both time- and frequency-
domain) have been proposed for the determination of the
Volterra kernels [5, 38, 44], all of them become prohibitively
complex and unacceptably inaccurate as the number of
terms increases. As indicated in [38], for example, the
frequency-domain construction approaches require multi-
dimensional Fourier transforms and a very large number of
time-domain measurements in order to arrive at statistically
accurate estimates of the kernels. Nevertheless, the
Volterra representation provides many important insights
into nonlinear system behavior that warrant its construction
when at all possible. Such insights include the natural
quantification of distortion into its components [offsets,
linear intersymbol interference (ISI), nonlinear ISI], a similar
beneficial breakdown of nonlinear memory effects and
their consequences, and its natural application to nonlinear
equalizer design, as well as the development of analytical
link models useful for bounding BER performance [2].

To overcome the aforementioned model construction difficul-
ties, the polyspectral method essentially makes use of pre-

chosen memoryless nonlinearities cascaded with unknown
filter parameters to arrive at a single-frequency, simplified
version of the Volterra model. Although there is some sac-
rifice in the range of representable operators compared to
the Volterra approach, this simplification greatly reduces the
model construction measurement and calculation burden, yet
provides sufficient degrees of freedom to accurately model
power amplifiers (see the concrete application presented in
subsection two of Section 6, below). The unknown filter
parameters are determined from a statistically representative
set of measured input/output time-domain records. In partic-
ular, these time-domain measurements employ random-like
stimuli with well-defined distribution properties, such as can
be provided by pseudo-randomly modulated signals, for ex-
ample. The additional measurements needed over traditional
frequency-domain models is more than offset by the efficient
ATDMS automation in LabVIEW°R discussed previously, not
to mention the significant enhancement of model predictive
fidelity, as well as several other powerful and desirable fea-
tures that the method provides (as discussed next). As a
consequence of its construction procedure, the polyspectral
model can be considered to be a time-domain model, an ad-
ditional contrast with traditional VNA-based models.

Before going on to a description of the basic model
construction steps and architectures of the polyspectral
method, there are several key advantageous features of this
approach to point out for both modeling and distortion
mitigation analysis/design applications. First of all, the
model filter parameters are determined by closed-form
spectral expressions that globally minimize the model error
for the chosen architecture. This is an extremely important
feature since the difficulties with false solutions in nonlinear
optimization procedures are well known. Second, the
method provides for a complete and quantitative error
analysis, both with respect to the model fidelity and the
bias and random errors in the model filter parameters. The
latter error estimates provide for a systematic design of
experiment for the data gathering needed to construct the
model (such as the number Nr of input/output records to
measure). Another very important feature is that parallel
branches can be added to the model, like the terms of a
series, and through a decorrelation procedure this will lead
to a guaranteed increase in model fidelity. Fourth, the
method is also very relevant to the development of nonlinear
compensator designs, since these are simply realizations of
an inverse model that can be readily constructed in the same
way, and result in structures that are natural for hardware
implementation. In particular, the first linear step in this
method, to be described below, can itself be useful for
deriving an optimal linear equalizer and provides a means for
quantifying distortion mitigation effectiveness (see [39] for
more details about polyspectral compensation applications).
Finally, once such a model is constructed for the critical
power amplifier that is found in all communications links,
it can be combined with other linear or nonlinear channel
component models to arrive at an entire analytical link model,
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which can subsequently be used in conjunction with the
Volterra series method to bound BER and develop nonlinear
equalizer designs (beyond the scope of this paper).

The first polyspectral model architecture to be described
here, which is essentially an enhancement of the 3-box
model discussed above, rests on a fundamental step and
concept of the polyspectral method itself, that of the so-called
optimal filter. In a nutshell, the optimal filter, denoted by
Ho(f), provides the best linear approximation to a given
nonlinear system in the sense illustrated by the model shown
in Figure 18 and explained below. In particular, the error

x(t) Ho(f)

n(t)

y(t)
v(t)

Figure 18 – Optimal linear model for a nonlinear system.

power between the optimal filter’s output v(t) and the actual
system output y(t), captured in the signal n(t), is minimized
with respect to the given class of input signals x(t). As
a result, this filter will in general vary with operating point
and signal type. The explicit expression for the optimal filter
response is given by:

Ho(f) =
Sxy(f)

Sxx(f)
, (5)

where Sxy is the cross-spectral density function between
the input and output, while Sxx is the autospectral density
of the input. The calculation of these spectral densities
is performed using measured input/output time-domain data
records of finite duration, where the input signal is of a
stationary random nature. Because our application of this
approach used baseband measurements, it follows that all
the signals (and hence records) here are complex in nature
and of the form z̃(t) = zI(t) + jzQ(t), where the real part
is the usual in-phase component and the imaginary part is
the quadrature component. Assuming the length of the data
record is T , and the number of data records is Nr, these
spectral densities are smoothly estimated from:

Sx̃ỹ(f) =
1

NrT

NrX
k=1

X∗k(f, T )Yk(f, T ) (6a)

Sx̃x̃(f) =
1

NrT

NrX
k=1

|Xk(f, T )|2 (6b)

where Xk(f, T ) and Yk(f, T ) are the finite Fourier trans-
forms of the kth input (z̃) and output (z̃) baseband data
records, respectively, and are easily calculated using the stan-
dard FFT algorithm. Formally, the response Ho(f) min-
imizes the autospectral density of n(t) with respect to all

possible filter responses. In addition, it can be shown that
with this response, both the input x(t) and output v(t) will
not correlate with the modeling noise n(t). This means that
all the linearity between the original measured input and out-
put has been extracted into Ho(f) and only a strictly nonlin-
ear relationship (if any) remains between x(t) and n(t). It
is the next steps of the polyspectral modeling approach that
seek to capture this residual relationship.

The sources and quantification of the random and bias errors
of these spectral density estimates have been worked out
in detail [37]. It is found that with a careful design-
of-experiment and a sufficient number of data records,
these errors can be held to adequately low values for
satisfactory modeling fidelity and compensation design. The
frequency resolution of the resulting filter is given by ∆f =
1/T. The error of the resulting optimal linear model is
quantitatively captured in the frequency-dependent linear
coherence function (LCF), which is denoted by γ2xy(f) and
defined as:

γ2xy(f) :=
|Sxy(f)|2

Sxx(f)Syy(f)
= 1− Snn(f)

Syy(f)
. (7)

Specifically, the relative modeling error is the unity
complement of γ2xy(f) as seen in Eq. (7). The LCF lies
between zero and one and provides a measure of the linearity
of the given system. In particular, a completely linear system
will have an LCF identically equal to one for all frequencies
(and hence an identically zero modeling error). This property
also makes the LCF a useful waveform metric for the
assessment of a given nonlinear compensation approach,
since it can be used to calculate the increase in linearity
of the system after its insertion.

There are several ways in which the optimal filter could
be used to improve current nonlinear block models. For
example, one could augment the standard 2-box model with
an optimal output filter to arrive at a new 3-box model,
or one could replace the output filter of the 3-box model
with the optimal filter. Because the baseline 3-box model
is more accurate than the baseline 2-box model, it follows
that the optimally enhanced 3-box model will be more
accurate than the optimally augmented 2-box model. In both
cases, the optimal filter is constructed between the output of
the memoryless nonlinearity of the original model and the
measured output of the subject power amplifier.

A concrete application of this approach was made using
the augmented 2-box model case for a 20-GHz TWTA
operating near saturation with 9.6 Gbps, 16-APK input
signals. The construction data set used consisted of 100 data
records each of length 40 ns (corresponding to a frequency
resolution of 25 MHz) with a sampling interval of 26 ps.
Each input data record was produced from a 20-GHz 16-
APK source modulated with a 96-symbol pseudo-random
sequence. Constructing the model described resulted in
the output filter amplitude response and LCF shown in
Figure 19. The amplitude response exhibits an approximately
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Figure 19 – Enhanced 3-box model output filter magnitude
and associated LCF for a 20-GHz TWTA.

2 dB positive gain slope over the 8 GHz bandwidth. The
LCF indicates that the two box-model captures a significant
amount of the nonlinearity of the TWTA since it is very
close to unity over most of the band. The accuracy of
the 2-box and 3-box models was also compared using the
NMSE metric defined in Eq. (1). A histogram of the NMSE
calculated for each data record is shown in Figure 20 for the
two models. The mean NMSE found for the 2-box model
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Figure 20 – Histogram NMSE comparison of the standard
2-box and new 3-box models for a 20-GHz TWTA.

was −19.72 dB compared to−23.19 dB for the 3-box model,
an improvement of approximately 3.5 dB.

General Polyspectral Model Architectures and Power Am-
plifier Applications

The general and formal architecture of the polyspectral model
consists of a parallel-path structure made up of the user-
chosen memoryless nonlinearities and unknown parameter
filters discussed above. In all cases, there is one totally linear
path, and at least one nonlinear path that differentiates the
two basic classes of the model (see Figure 21). These classes
are dictated by the placement of the parameter filter before

(a)

x(t)

H1( f )

n(t)

y(t)

H3( f ) Cuber
u3(t) y3(t)

y1(t)

(b)

x(t)

H1( f )

n(t)

y(t)

H2( f )g(  )
v(t) yv(t)

yh(t)

Figure 21 – Two-branch examples of the two basic classes
of polyspectral models. The signal n(t) represents the error
between the model prediction and the measured output y(t).
(a) Filter-nonlinearity model structure. (b) Nonlinearity-filter
model structure.

the nonlinearity, termed the filter-nonlinearity (FN) class,
or after the nonlinearity, termed the nonlinearity-filter (NF)
class. Hybrid versions of the model can also be proposed that
involve both types of nonlinear branches. One can interpret
the branches as terms in the operator series being developed,
with the filters acting as frequency-dependent coefficients
for the series that are determined explicitly by the method.
In their original form, these models applied to real signals,
so that some modification was necessary to allow them to
be baseband models as well. The chosen nonlinearities are
limited to simple monomials for the FN type, while the NF
type allows for general memoryless nonlinearities (such as
the traditional AM/AM and AM/PM envelope conversion
curves standardly used for power amplifiers). In the models
illustrated in Figure 21, the error signal n(t) represents the
error between the model output (given by y1+y3 for the FN
type, and yh + yv for the NF type) and measured output
that is represented by the signal y(t). The polyspectral
approach provides for a unique quantification of this error,
and the simulation version of these models will of course
leave this signal out when used in their predictive capacity.
Also note that the FN type representation is quite similar
to the power series look of the Volterra series, whereas the
NF type allows for the consolidation of many such terms
into one branch. It is this property, together with a simpler
construction procedure, that makes the NF type of model
more desirable for application; and it is indeed the basis
for our own proposed power amplifier polyspectral model
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Figure 22 – Specific modified baseband two-branch NF polyspectral model found to be especially effective for power
amplifier characterization.

discussed next.

A concrete example of a developed polyspectral model is
shown in Figure 22, which is a baseband modification of the
standard NF class model that has been successfully applied
to wideband SSAs and TWTAs. The modification consisted
of the addition of a pre-filter HLS(f) that again matches
more closely the physical operation of the tube discussed
above. This pre-filter was taken to be that for the 3-box
model discussed in subsection two of Section 5, above,
with response given explicitly by Eq. (3). Note that the
memoryless nonlinearity was still chosen to be the one used
in the standard 1-box model. This has been done for want
of a better choice, which is actually another motivation for
using this series approach. Also note that because of the
pre-filter and this nonlinearity, the model actually contains
the front 2-box portion of the 3-box model in its nonlinear
branch. In this case, there are two unknown parameter LPE
filter responses to determine, denoted as HLi(f), i = 1, 2
in the figure. Explicit expressions for these filters and
the frequency-dependent modeling error provided by the
polyspectral method can be found in [41].

The details of a specific wideband 20-GHz helix TWTA
application were as follows. The stimuli used to make
the construction measurements came from an in-house
fabricated, 12 Gbps, 16-APK source that modulated 240-
symbol pseudo-random sequences. The TWTA was operated
with the outer 16-APK constellation points at a saturated
power level. There were Nr = 200 input/output time-
domain records taken, with a duration of T = 80 ns, and
containing Nd = 4096 samples per record. The former
duration gave rise to a 12.5-MHz resolution in the parameter
filters, while the latter number of samples corresponded to
about 17 samples per modulation symbol. The sequences
were chosen to have a period of T so that no windowing
would be needed in the discrete Fourier transforms that
have to be taken. In addition to the polyspectral model,
a 3-box model as described in subsection two of Section 5
above was also constructed and served as the basis for the
former model (with respect to its first two boxes). Figure 23

illustrates the 3-box model components, consisting of the
amplitude responses for the two filter boxes over an 8-GHz
bandwidth, and the normalized AM/AM and AM/PM curves
for the TWTA. Note how the pre-filter amplitude response
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Figure 23 – Three-box model components for a 20-GHz
helix TWTA. (a) Pre- and post-filter magnitude responses.
(b) Normalized AM/AM and AM/PM conversion curves.

of the TWTA [blue curve in Figure 23(a)] exhibits a strong
parabolic amplitude that is characteristic of a tube, while
the AM/AM and AM/PM curves are similar in appearance
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to the ones for the SSA shown above in Figure 16. Both
of these components were used in the construction of the
polyspectral model in Figure 22. Figure 24 shows the
obtained amplitude responses for the two parameter filters,
whose small magnitudes come from the fact that there was
an attenuating output coupler added to the tube, so that
the output signals were again at a level that could be
measured with an MTA or DSO. The sharp spikes seen in
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Figure 24 – Polyspectral model branch filter magnitude
responses for a 20-GHz helix TWTA, where HL1 (HL2)
corresponds to the linear (nonlinear) branch.

the linear branch filter response [HL1(f), blue curve], and
to a lesser degree in the nonlinear branch filter response
[HL2(f), red curve], are a result of the fact that the 16-
APK source had only one data stream feeding it instead of
the four independent ones normally needed for this type of
modulation. The spikes correspond to unwanted correlations
caused by the delays used on the single data stream.

To validate the model, a large set of other input/output time-
domain measurements were made for various operating con-
ditions, including three separate operating points (saturation
like the construction records, 2 dB and 6 dB input backoff),
short and long record lengths (40 and 80 ns), two data rates
(9.6 and 12 Gbps), and four 16-APK constellation geome-
tries (two corresponding to each data rate). For each set of
measurements, Nr = 100, Nd = 2048 or 4096 for the short
and long records, respectively, and the sampling interval was
∆t = 19.5 ps. For the short (long) records, the pseudo-
random sequences were of length 96 and 120 symbols (192
and 240 symbols) for the low and high data rates, respec-
tively. As usual, the NMSE metric of Eq. (1a) was used to
determine the model fidelity. Despite the unwanted correla-
tions in the signals mentioned above, Figure 25 shows the
excellent NMSE results found compared to the 3-box model
(the best of the baseline n-box models), with a 5.6 dB av-
erage improvement found for 100 records measured at the
lower data rate (thus different 16-APK signal constellation),
the saturating operating point, and over a 6-GHz bandwidth.
Measurements and evaluations at other operating points, data
rates, constellation geometries, and output bandwidths re-
sulted in similar gains for the polyspectral model and also
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Figure 25 – NMSE comparison of polyspectral and three-box
models for a 20-GHz helix TWTA under saturating, 16-APK,
and 9.6 Gbps excitation. The horizontal lines represent the
average NMSE.

strongly indicated its identification of the TWTA operator in
the vicinity of the chosen construction point. Specifically, av-
erage NMSE values were in the −32 and −34 dB range (cor-
responding to a relative error range of 0.04 to 0.06%) over a
6-GHz bandwidth, and in the −33 to −35 dB range (0.03 to
0.05% relative error) over a 3-GHz bandwidth. These values
are much more than sufficient for this modulation complex-
ity, and are even quite suitable for 64-QAM simulations.

7. SUMMARY AND CONCLUSIONS

This paper has provided a comprehensive survey of both
measurement and modeling techniques as they impact the
challenges of modern communication systems analysis and
design, with an emphasis on the time-domain approaches
developed by the authors. The abundant motivation for more
accurate computer-aided engineering models, especially in
the context of wideband nonlinear components and channels
was provided, with a fundamental need indicated for
construction and validation measurements, as well as system
diagnostic tools. A comparison was provided between
the more established frequency-domain measurements and
the less developed time-domain measurements, pointing
out the advantages of the latter for the new challenging
communication scenarios that are emerging. A strong
argument for the performance of time-domain measurements
at lower frequencies (including the baseband extreme) was
made, leading to the fundamental problem that must be
solved to accomplish this practice: the accurate and full
characterization of the downconversion process. Among the
advantages indicated for this strategy were the elimination of
RF carrier phase noise afforded by coherent downconversion,
longer time records or finer time sample resolution for a given
recording instrument’s memory allocation, usage of the more
accurate baseband portion of the instrument’s frequency
range, and the production of LPE data that is directly
insertable into current commercial and in-house computer-
aided engineering simulation packages.
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A solution to this fundamental measurement challenge was
provided by describing several characterization methods for
frequency-translating devices that are common to all com-
munication systems. Features, assumptions, and proce-
dures were provided for the two basic sideband classes
of frequency-translating devices. Validating examples were
provided for both classes, with the baseband double side-
band method providing the enabling basis for the new
Aerospace Time-Domain Measurement System (ATDMS)
discussed next. The implementation of the baseband time-
domain measurement technique was described, including the
necessary assumptions and measurement considerations as-
sociated with its successful application. Calibration, mea-
surement, and post-data processing procedures were briefly
covered for the original system, which has since been en-
hanced to further increase its repeatability and absolute accu-
racy [24, 25]. The system was then validated by comparison
with standard direct RF measurements.

The second part of the paper addressed the model construc-
tion and validation applications of the state-of-the-art time-
domain measurement system. The treatment began with a
careful and detailed discussion of the modeling process and
its several associated important issues, such as which signals
to use to validate a model for a given context, which metric
to use to compare a model’s predictions to hardware mea-
surements, and what level of predictive fidelity is needed to
accurately simulate a given system. With respect to the first
issue, it was argued that operational signals need to be used
to best accomplish model validation, and that this requires
accurate time-domain measurements such as provided by the
ATDMS. For the second issue, both the well known BER
performance metric and a new NMSE waveform metric were
described and compared, with the latter shown to be superior
for component model assessment. The complex relationship
between these metrics was discussed, and an iterative proce-
dure involving standard BER performance curves was pre-
sented to determine the NMSE model fidelity required for a
given communications system. An ATDMS-based setup was
then described for use in both the construction and validation
of system-level models.

The next set of discussions centered on the modeling of
power amplifiers, beginning first with the three basic classes
of models (physics-based, equivalent circuits, and blackbox
or block). It was shown that blackbox models are really
the only viable alternative for the simulation trades needed
to analyze and design modern communication systems.
This is because each trade typically requires thousands of
simulation runs to arrive at statistically meaningful BERs,
for example, and only block models can execute fast enough
to make such runs acceptable in duration. Traditional,
and not so traditional, n-box system models were presented
next, including details about their architectures, construction
procedures, and qualitative features. It was concluded that
the 3-box model provides the highest predictive fidelity,
although in all cases no system identification is provided

by the approaches, only an attempt at fitting the nonlinear
input/output operator (with memory) using tonal input
signals. This sentiment remained even for the several
variations of the models discussed. To illustrate these
points, and to further compare the models, an example
was provided that concerned the time-domain validation of
the baseline nonlinear 1-box and 2-box models that used
simple sinusoidal measurements. With their application to
a 20-GHz wideband SSA for both BPSK and 16-QAM
modulations, the expected limits of these models were
uncovered, suggesting that improved models are needed for
emerging communication contexts. Specifically, it was found
that the predictive fidelity was superior for the 2-box model,
the constant-envelope BPSK modulation signals, and for
narrower bandwidths. The results also indicated that these
models can become inadequate in their NMSE fidelity for
wideband, non-constant envelope signals.

In order to overcome the limitations of the n-box models
and their variants, a formal nonlinear system identification
method was introduced from the mechanical systems
community for applications in a communications context.
This so-called polyspectral method arrives at a true local
identification of the nonlinear operator that represents the
power amplifier (or any channel segment). The Volterra
series basis for the method was described, followed by an
enumeration of the various unique beneficial features of
the method, including its systematic series-like approach
to approximating the nonlinear operator (with added terms
assured of improving fidelity), its closed-form optimization
of a given model architecture, its associated quantitative
error analysis useful for design of experiments, its natural
applicability to the important task of designing effective
distortion mitigation, and its use in the development of an
analytical link model that has several important advantages
of its own. The method requires a large sample of accurately
measured time-domain input/output records, which is made
possible by the ATDMS. The important optimal filter
concept was introduced that serves as the first step in the
polyspectral modeling approach, with implications for both
the improvement of the baseline 2- and 3-box models, as well
as the design of linear equalizers for nonlinear channels. To
illustrate the former benefit, an optimally augmented 2-box
model was developed for a 20-GHz TWTA and shown to
provide significant NMSE improvement over its constituent
2-box model for wideband modulated signals.

The basic two families of the polyspectral model were next
described, providing their architectures and basic features. A
modified two-branch, nonlinearity-filter variant of the model
was then presented that provides state-of-the-art NMSE
predictive fidelities for power amplifiers (SSA or TWTA).
In fact, it was shown that such a model gave a full 5.6 dB
NMSE improvement over the standard 2-box model for
a 20-GHz helix TWTA, and 16-APK signals of 9.6-GHz
bandwidth, and that this improvement was repeated for many
evaluation data sets, representing a wide range of operating
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conditions that differed from the construction data set.

Both the time-domain measurement and modeling techniques
reviewed in this paper have become relatively mature,
and are beginning to experience more widespread and
validating application. For example, the baseband time-
domain measurement technique, and its various accuracy
improvements, has been completely implemented as a
hardware measurement instrument (namely, the ATDMS),
with several units built, tested, and applied under complete
automation employing LabVIEW°R control. Just recently,
a higher-frequency version of the ATDMS has been
successfully implemented and applied. The technique
has been thoroughly validated and some very excellent
repeatability results have been demonstrated (approaching
−55 dB NMSE). However, there is still an important issue
that remains to be addressed: the reciprocity assumption
made for the FTD characterization that lies at the heart of
the ATDMS. More investigation is needed here to quantify
and reduce this effect that ultimately limits the accuracy
of the ATDMS. Likewise with respect to the modeling,
the nonlinear system characterization challenge for power
amplifiers, especially TWTAs, has essentially been overcome
with the application of the polyspectral method. However,
more validating application to SSAs is still needed before
total victory can be declared. In addition, there are still
several evolutionary embellishments to be studied, such as
the addition of a third branch to the current two-branch
model, as well as the evaluation of other candidates for
its pre-filter. Recent work has now also begun on the use
of the polyspectral method for the system-level modeling
of limiters and frequency multipliers, which are another
common component of modern communication systems. In
fact, several new model architectures have been formulated
for these devices, which are currently undergoing evaluation
using hardware measurements. Finally, the design and
evaluation of wideband nonlinear distortion compensation
will be the next major challenge, for which the ATDMS
and the accompanying polyspectral analysis tool presented
here will again prove to be critical in overcoming.
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