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Abstract — Antenna test engineers are faced with testing
increasingly complex antenna systems, one of these being the
AESA (Active Electronically Steered Array) antennas used for
cell communications, jammers, and radars. Often these
antennas have integrated electronics and RF components that
are an intricate part of the antenna, and as a result must be
tested with the waveforms generated by the antenna itself. One
cannot simply inject an unmodulated continuous wave
signal. These antennas require new measurement techniques
which are compatible with their broadband waveforms.

The reference channel of a measurement receiver can be used
to collapse the spectrum of the modulated signal into a single
CW measurement. Done properly all the energy in the signal
is captured with noise and interference being dispersed,
resulting in no loss of DR (dynamic range) over a CW
measurement. A receiver employing this technique can
capture all the energy in modulated and pulsed signals
wielding wide dynamic range measurements. Phased locked
loops (PLL) are not used as they can preclude such
measurements.

A measurement receiver that uses a digital correlator to
collapse the spectrum of modulated and pulsed signals will be
presented. This paper will describe the technique used to do
this and show measured results on example broadband signals.

1. Introduction

AESA signals may be very broad band and may be
modulated onto pulses or packets. The measurement system
has to adapt to the device under test (DUT). Receivers may
have to deal with several types of modulation on the signal
simultaneously. There may be significant dead time that, if
not gated, will inject added noise into the measurement
reducing SNR.

2. Effects of a Modulated Signal on a CW Receivers
Measurement

Measurement receivers are typically built assuming they
will be operating with a CW signal with both the reference
and signal channels at the same frequency and being derived
from the same source. With this being the case these
receivers can use phase lock loops (PLL) to lock the
receiver to the reference channel. Being locked allows the
receiver to increase the signal to noise ratio (SNR) by using
a simple narrow bandwidth (BW) filter (on the order of
10KHz). Once phase locked the receiver is centered on the
reference channel frequency. This allows the receiver to

pass the signal and reject broadband noise. The SNR (signal
to noise ratios) increases as the BW is narrowed; assuming
all the signal energy is captured and only noise is rejected.
For every 10X (10 dB) in BW reduction we should see a 10
dB increase in DR.

This relationship breaks down when a carrier is modulated
with a signal that is wider than the receiver BW. As an
example, Figure 1 (at the end of this paper) shows this
effect. When the receiver BW equals the signal BW all of
the signal’s energy is captured while rejecting interference
signals. The noise captured is typically uniform and a linear
function of the BW. At the top of this figure labeled “A” we
see the entire signal (cosine weighted noise) captured by the
receiver and the integrated power (shown highlighted) is 7.0
dB. In “B” the BW has been reduced by 3dB (half)
resulting in 3 dB less noise. The signal power has been
reduced by 0.5 dB yielding a net 2.5 dB gain in SNR. The
0.5 dB reduction in signal power is due to the fact that most
of the energy is in the center of the signal in this case,
resulting in little energy being lost by removing the outer
skirts of the waveform. In “C” the BW has again been
reduced 3dB with the signal being reduced by 2.5 dB,
resulting in an SNR gain of only 0.5 dB. And finally in “D”
we see no gain in SNR with a reduction in BW. From this
point on, reducing the measurement BW does nothing to
improve the SNR. Further BW reduction removes as much
signal energy as noise for a net gain of 0. Measuring this
signal with a conventional receiver we are limited to about a
37 dB DR, as BW reduction will no longer increase the
SNR. However using DSP techniques, the SNR can be
increased over what can be obtained with simple BW
reduction.

Not only are we limited in DR but, if the modulation on the
signal is not dealt with properly, residual effects can show
up in the data as significant amplitude and phase errors, on
the order of 0.1 to several dB. To eliminate the effects of
modulation on the measurements, the signal and reference
channels must process the data exactly the same way and be
precisely aligned in time, group delay, and other effects.
Shortcuts taken in some receivers may leave significant
modulation artifacts in the data.



3. How DSP Solves the Problem

DSP has several helpful qualities that allow for the
inexpensive construction of processing elements that would
be very costly to implement in analog and RF circuits. By
using these processing elements, PLL and other RF circuitry
can be eliminated.

PLLs can limit the measurements a receiver is able to make.
A PLL takes significant time to lock and can be in the range
of hundreds of milliseconds. This means the PLL cannot
lock onto a train of narrow pulses. PLLs have transient
responses, following error, and other characteristics that can
“color” the measurements of a modulated signal. Many
measurement receivers based on PLL architecture cannot
use a pulsed or modulated reference because of PLL
artifacts.

Some DSP techniques, such as used in the MI-750 receiver,
do not require the signal to be phase locked. It relies on the
principle that if filters and processing elements of the signal
and reference chain are identical, the signals are processed
identically, as long as the signal is in the pass band of the
receiver. As a result, the effects of the filtering will exactly
cancel in subsequent processing. This technique allows the
signal and reference phase to rotate freely, being
unconstrained. Figure 2 shows the rotating phase of the
signal and reference channels. The phase rotation can be
due to frequency offsets or modulation. As the signals are
from the same source, the two phases track synchronously.
The final A/R calculation captures the instantaneous phase
of the two signals and yields an accurate A/R value. As the
reference and signal channels are identical any coloration of
the signals will be identical and removed by the A/R
process. This technique contributes to the receiver being
immune to the effects of modulation.
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Figure 2 — Phase before and after correlation

As stated previously the signal and RF channels must be
processed by exactly the same transfer function. With
analog circuits it is difficult and expensive to make filters
that exactly match in phase and amplitude across their entire
transfer function. Modulation on the source or LO causes
the measurements to be made at a different location in the
filter passband for each measurement, contributing a
different phase and amplitude to the signal passing through
them. Any difference in the passband of the reference and
signal channels will show up as phase and amplitude errors
in the measurements final A/R calculation. With DSP, exact
filters are constructed which present the same transfer
function to both the reference and signal channels. The
effects on the signals phase and amplitude at all frequencies
and amplitudes are the same and will exactly cancel out
during the A/R calculation, yielding a measurement that is
immune to modulation.

3.1 DSP Techniques

There are several DSP techniques used to solve the problem
of wideband modulation on the waveform. For signals that
have primarily FM modulation the MI-750 receiver utilizes
a correlator. It allows a signal to be compressed to a line
spectrum which is then filtered down to the proper sample
rate. This is sufficient for many signals being measured.
This is usable with signals that have AM modulation or AM
with FM modulation and provides accurate results but does
not capture all the signal energy if heavy AM modulation is
present. In the case of signals where the correlator is not
sufficient, a high sample rate which is greater than the AM
modulation BW is used. The A/R for all the samples are
integrated. Nyquist sampling rates do not have to be met as
we are not trying to recover the modulation, but only want
to know what the signals amplitude and phase shift was
through the DUT. To minimize noise from dead times
between pulses and packets, thresholding can be applied.

3.2 Correlator

For signals that have primarily FM or phase modulation, a
correlator is used. The correlation function used by the MI-
750 receiver multiplies the signal and reference channel by
the conjugate of the reference channel. The reference is
coupled from the same source used to excite the DUT. As a
result it has the same signal characteristics as the signal
channel except for a phase and amplitude applied by the
DUT, and a small time delay. By making use of this
property, accurate measurements of the DUT phase and
amplitude are possible.

The conjugate of the reference is a copy of the reference but
is rotating backward in phase. By multiplying both channels
by the reference conjugate the phase of both channels is
stopped. This can be represented as:
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Where A is the signal channel and R is the reference
channel. The phase of the reference channel actually goes
to zero, moving most of the energy in the reference channel
to the real channel. Noise in the signals does not correlate
allowing the SNR to be further increased using BW
reduction in successive stages. The correlation must be
done at a stage with enough BW to capture the entire signal.
Otherwise the signal will be AM modulated by the passband
of the filter before the correlator. This will in turn cause loss
of DR. Figure 1 shows this effect.

The correlator allows the receiver to make narrow
bandwidth measurements on heavily frequency and phase
modulated signals. This is useful for both communications
signals as well as sources with a large phase noise such as
those in the 75 GHz+ frequency range.

3.3 High Sample Rate Measurements

Another technique to handle wide modulation on the test
signal is to compute A/R at very high sample rates and then
average the results to increase the SNR. This is shown in
Figure 3.
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Figure 3 — High Sample Rate Measurements

The signal is first filtered to the optimal BW to eliminate
spurious signals outside the BW of the desired signal. The
sampler then makes 1&Q measurements simultaneously on
the reference and signal channels. The DR on each
measurement is limited by the broadband noise in the
sampled BW. This appears as grass on the A/R phase and
amplitude measurements. This sets the DR for each sample.
But as the A/R measurement is coherent from sample to

sample, the A/R result can be averaged. If a hundred
measurements are averaged, the DR increases by 20 dB.
This raises the 37 dB DR for the measurement in “figure 1”
to 57 dB.

If one were to average the reference samples and the signal
samples and then compute the A/R this processing gain
would not be realized as the I1&Q samples do not correlate in
time, only the A/R correlates.

There are signals that have large dead zones as a function of
time, such as packets and pulses. There is no advantage to
integrating the signal during this time and to the contrary
there are many disadvantages, one being the addition of
noise. With a reference signal present, it is easy to remove
these dead times from the signal before averaging the
samples. The reference is always present at a high SNR. So
we know when the signal is present, even if it below the
noise floor. Figure 4 shows this concept.
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Figure 4 — Pulsed or Packet Gating

Using gating and high sample rates a wide variety of signals
can be used by the measurement receiver and still produce a
wide DR output. Using DSP and not relying on PLLs or
analog gating allows for the use of narrow pulses as a
reference.

4. Data Presentation

This section will present some wide bandwidth modulated
data collected using the MI-750 DSP based receiver. The
purpose of the measurement is to measure A/R for the
signals from DUT. It is intended to demodulate or recover
the data.

The following signals are presented with their results:
¢ FM on pulses (Chirp)
e  Multiple pulses
e FM with AM broadband modulation



4.1 FM and Pulse Modulation

Figure 5 (at the end of the paper) shows the equipment used
for making the pulse measurements. A signal is created
with both FM modulation and pulse modulation. The FM
and pulse modulations are not coherent with each other. A
pulse generator is used to pulse modulate a RF signal
source. The source was set to use its internal FM
modulation with 0.8 MHz P-P deviation (max for the signal
generator). The signal is fed into the reference and signal
channels of the receiver.

In Figure 6, a 50 us pulse at a 5 KHz repetition rate and with
0.8 MHz P-P FM modulation is shown. Three pulses are
also shown. Most of the time between the pulses has been
removed. A small amount of the noise is kept after each
pulse to allow the user to view what the SNR of the
measurements are. The attenuator in the signal channel was
set to 0 dB so both channels receive about the same power.
This should yield an A/R of close to 0 dB. The cables and
splitter were not matched resulting in about a 1 dB
difference. These pulses were sampled at 4 mega samples
per second (MSPS). At 5 KHz there was 200 us between
the pulses, but only 100 us of each pulse is shown. In plot
5x-A the magnitude (dB) of A/R is plotted on a sample by
sample basis. One pulse is zoomed in 5x-D to show the
accuracy of the sample to sample measurements. In 5x-B
the phase (deg.) of A/R is plotted and a zoomed plot is
shown in 5X-E. In 5x-C the frequency offset (MHz) of the
pulse is plotted. As can be seen in the FM plot 5x-C the
measurement had significant frequency deviations within
the pulse but had no effect on the measurement accuracy.
The accuracy is further improved when the samples within
the pulse are averaged. After averaging the 200 samples
within each pulse, there was only .01 dB P-P deviation in
amplitude and .04 deg P-P deviation in phase from pulse to
pulse, as good as you would expect from a CW
measurement.

4.2 Measuring a Very Narrow Pulse

Figure 7 (at the end of the paper) shows the same
measurements made on a 0.5 us pulse yielding just 2
samples on the pulse. We still obtain a 63 dB DR for just a
2 sample measurement. Each of the pulses were at a
different frequency due the FM modulation on the source.
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Figure 6 — Pulse with FM Modulation

4.3 Multiple Pulses

Given a high enough repetition rate, multiple pulses can be
averaged to increase the SNR. Figure 8 shows the
integration of six pulses in a single measurement to provide
better integration gain. The samples between the pulses are
removed by using the reference channel to gate both the
reference and signal measurements. If the samples were not
removed then the noise in these samples would reduce the
SNR of the measurement, in this case 8 dB. As these
signals are pulses, amplitude gating is used. The integration
and gating can occur in non-real time as the data is digital
and is easily delayed while processing functions are
occurring.
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Figure 8 — 6 5 us pulses at a 30 KHz repetition rate
being averaged



4.4 AM with FM broadband modulation

Waveforms with multiple wideband modulations of both
phase and amplitude can be difficult to measure. This might
be the case in a jammer and QUAM signals. The following
measurements show that very fast sampling A/R works on
any type of waveform. Figure 9 shows a waveform being
measured with Bi phase modulation, AM, and FM
modulation. This is an extreme case. Three measurements
were made and are denoted as such. The top shows the
magnitude with about 6 dB of AM modulation. The middle
shows the phase rate of change (FM) on the signals. This is
about 0.8 MHz P-P. There is no pulse modulation and as a
result no gating. The bottom shows the results of the A/R
calculations. It can be seen that on a sample by sample basis
the measurements were very good. After averaging over the
200 us measurement period, measurements 1,2,&3 agree to
within .01 dB in magnitude and .04 degrees in phase.

Using high speed sampling and DSP, wideband signals can
be integrated to provide additional DR over a single sample
measurement alone. As a reference is available, it can be
used to process the signal being measured to essentially
remove any modulation and measure the signals strength
independent of its modulation.
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Figure 9 — Bi-Phase AM and FM

5. Conclusion

DSP based measurement receivers enable high fidelity
measurements on waveforms that have severe modulation.
In order to measure phase a measurement receiver needs to
have a reference channel. If the reference channel cannot
operate with a modulated reference the receiver cannot
make measurements. In the past the reference channel used
PLLs to lock it to the source. This precluded the use of
modulated signals for the reference, especially pulsed
signals.

With the advent of DSP receivers such as the MI-750, we no
longer have to phase lock to a reference. This opens up a
whole new range of signals that can be used by the receiver
to characterize a DUT. The MI -750 uses DSP enabling it’s
use with a wide range of signals. DUTSs can be measured
using their native signals, allowing for the measurement of
devices which would have been difficult with conventional
receivers.



Interference

basbanditSignalFft

35

29 23 Pl

*Receiver BW
Highlighted

BW=5
Integrated power 4 dB
Net SNR gain 0.5 dB

BW=20 BW=10
Integrated power 7.0 dB 4025 Integrated power 6.5 dB (4028
Net SNR gain 0 dB Net SNR gain 2.5 dB
50.22 +50.22
_______ —_— FE===7
! I I
basbandifSignalFft

/

r -

7047

+80.14

BW=25
Integrated power 1.0 dB
Net SNR gain 0 dB

7047

&)

i
'
Bl s | 2|

TR S S R R 2 m s 29 77 2 }130.00
Figure 1 - Bandwidth Reduction VS SNR
Out 1 » Ext Pulse RF out——
Sig-gen 2GHz sig In
Internal FM on ) MI-750
Pulse gen 800 KHz P-P deviation *| Refin 12,3 GHz
1 KHz mod frequency 1 channel
Ext pulse 4 MPSP pulse mode
Triggg—‘ » Pulse Trigger

Figure 5 — Setup for making pulse measurements

Time

N

Phase 4 (deg./div)

Reference
Signal

Figure 7 — 0.5 us pulse at 5 KHz repetition rate



