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ABSTRACT

With the rapid increase in technology, telemetry systems
today employ a variety of modulation formats, modulation
rates and frequency ranges. These telemetry systems will
require sophisticated test equipment capable of simulating
several types of telemetry data.

This paper will discuss how digital and RF technology can be
merged to develop a new telemetry signal simulator capable
of testing today’s sophisticated telemetry systems.

The paper will further discuss how digital techniques merged
with RF techniques can provide testing capabilities
previously unavailable in telemetry signal generators such
as diversity fade simulation and Doppler shift simulation
with programmable range and rate.

INTRODUCTION

In order to meet the signal simulation needs of telemetry
ranges, a telemetry signal simulator should have the
following features: dynamic modeling of Doppler shift,
multi-path fade simulation, and multi-mode wideband
modulation.

Two principle requirements of the modulator are multiple
modulation formats (e.g. AM, PM, FM, BPSK) and wide
modulation bandwidth. Digital signal generation would allow
multiple modulation formats; however, it lacks wideband
modulation capability. Analog circuitry could produce



wideband modulation but the baseband circuitry required for
multiple modulation formats was overly complex. A vector
modulation scheme was selected because it can generate any
arbitrary carrier phase and magnitude, while the baseband
circuitry required to drive it is much simpler to implement
than a phase/magnitude modulator.

INTRODUCTION TO VECTOR MODULATION

The process of encoding source information onto a bandpass
signal with a carrier frequency f  is called modulation (1).c

The modulating signal is denoted by m(t) and the modulated
bandpass signal is denoted by s(t). A modulated bandpass
signal is commonly defined by an amplitude and phase
modulated form as follows

s(t) = R(t) cos[w t + 1(t)]   (1.0)c

where w  is the carrier with w =2Bf , R(t) is the amplitudec     c c

modulation and 1(t) is the phase modulation. R(t) will set
the amplitude of the modulated signal and 1(t) will set the
phase of the modulated signal.

However, a modulated bandpass signal can also be defined in
a vector form as follows

s(t) = x(t) cos w t - y(t) sin w t   (1.1)c     c

where w  is the carrier with w =2Bf , x(t) is the in phasec     c c

modulation and y(t) is the quadrature modulation. Vector
modulation takes the vector difference of the in phase
modulation (I channel) and quadrature phase modulation
(Q channel).

In either case the modulation format can be changed by
varying the modulation parameters R(t), 1(t), x(t) and y(t).
For example if PM modulation is desired then the modulation
parameters are as follows

R(t) = 1
1(t) = D m(t)p

X(t) = cos[D m(t)]p

Y(t) = sin[D m(t)]p

where D  is the phase deviation constant in radians/volt.p



Although either technique can be used for a modulator, the
vector modulator has advantages when designing a hybrid
digital/analog signal simulator. A typical vector modulator
is shown in figure 1. The modulation parameters, x(t) and
y(t), are generated at baseband. The modulation parameters
are then used to modulate the carrier via mixers. This
allows all modulation parameters to be generated at baseband
where they may be synthesized digitally. The use of mixers
also eliminates the need for multiplying the signal to
obtain higher carrier frequencies. Furthermore, the
modulating parameters for many modulation formats are
simpler in the vector modulation form.

I AND Q VECTOR MODULATOR

Baseband Digital Signal Simulator

The flexibility of a Telemetry Signal Simulator can be
enhanced by providing several modulation formats, agile
modulation rates and variable peak deviations. Incorporating
these features using analog techniques can become costly and
space consuming. However, using digital techniques the
modulation formats, rates and deviations can all be changed
by introducing new software.

The baseband digital signal simulator would have to provide
AM, FM, PM and BPSK modulation formats, modulation rates up
to 10 MHz and peak deviations up to 12 MHz for FM or 3.14
radians for PM. It would also have provisions for three
modulation sources: an internal sinusodial source, external
source and allow data to be defined as a source. A block
diagram of a baseband digital signal simulator is shown in
figure 2. The critical design areas of the digital signal
simulator are the clock rate and the number of sample bits.

The clock rate needs to satisfy the Nyquist criteria. The
Nyquist criteria states

(f )  = 2B   (1.2)s min

where (f )  is the minimum sample rate and B is thes min

bandwidth of the signal being sampled. For the Telemetry
Signal Simulator, which would require modulation rates up to
10 MHz, a minimum sample rate of

(f )  = 2 ( 10 MHz )s min

   = 20 MHz



would be required. Although this sample rate would satisfy
the Nyquist criteria, a higher sample rate would improve the
quality of the digitally generated signal. Typically a
sample rate of three to five times the bandwidth is used.
Therefore a sample rate of 50 MHz was used for the Telemetry
Signal Simulator to improve the quality of the digitally
generated signal.

The number of bits per sample also affect the quality of the
digitally generated signal. An increased number of bits will
improve the signal-to-noise ratio (SNR) of the digitally
generated waveform (2). The SNR for a digitally generated
sinusodial waveform can be related to the number of bits per
sample by the following

SNR = (1.76 + 6.02n) dB  (1.3)

where n is the number of bits per sample. Therefore a
digital system using 10 bits per sample would be capable of
providing a maximum SNR of 61.96 dB. With these critical
design considerations in mind we can now discuss the block
diagram of the baseband digital signal simulator.

The address selection device will select the address source
for the waveform maps. The four address sources are the
phase accumulator, data sequencer, analog-to-digital
converter and the microprocessor. The phase accumulator
functions as the internal source. The data sequencer is used
when data is the source for modulation. The analog-to-
digital converter is used for the external source. The
microprocessor is used to download data into the waveform
maps. The address selection device will select one of the
four address sources and route it to the waveform maps.

The internal sinusodial source, for the baseband digital
signal simulator, is the phase accumulator. It is a 32 bit
device operating at 50 MHz. Adjusting the step size of the
phase accumulator allows the modulation rate of the internal
digital signal simulator to be adjusted. The modulation rate
of the phase accumulator can be calculated by the following

f  = ( 50 MHz * phase step   2   (1.4)o
32

where f  is the modulation rate. This will provide ao

modulation rate step size of approximately .01 Hertz. The
most significant 12 bits of the phase accumulator are routed 



to the address selection device. Twelve bits were chosen due
to the availability of hardware.

The external modulation source, for the baseband digital
signal simulator, is an analog-to-digital (A/D) converter.
The external modulation source is connected to a low pass
anti-aliasing filter and then routed to an eight bit A/D
converter. It should be noted that an A/D converter with
more than eight bit would be desirable; however, they will
not operate at the speeds required. The A/D converter is
sampled at 50 MHz; therefore the Nyquist criteria, equation
1.2, is satisfied. The low pass anti-aliasing filter removes
any frequency components greater than 10 MHz. The resultant
digitized modulation input is then routed to the address
selection device.

User defined data can also be used as a modulation source
for data oriented modulation formats such as BPSK or PCM/FM.
The data sequencer will be used in the baseband digital
signal simulator as a driving source for the waveform map. A
discussion of data as a modulation source will appear later
in the wave form map discussion. However, the data sequencer
will be used to generate the bit rate of the data stream.
The data sequencer is a 12 bit pre-settable down counter. It
is clocked by the most significant bit of the phase
accumulator. This will allow for a variety of data rates
similar to the internal source modulation rates. A pre-
settable counter was used so that the number of bits of data
could be defined.

The waveform maps are used to store modulation information.
By changing the values in the waveform maps, the modulation
format and peak deviation can be changed. The waveform maps
are 4k X 12 random access memories (RAMS). The information
from the address selection device drives the address of the
RAMS which then output data. The information in the waveform
maps will be configured according to the user selected
modulation parameters. If the internal or external source is
selected then the data will be the vector modulated bandpass
signal coefficients x(t) and y(t), equation 1.1, evaluated
from 0 to 360 degrees in approximately 0.09 degree steps. If
the data sequencer is selected, then the waveform maps will
contain the data bits encoded for a selected modulation
scheme. This will allow up to 4 kilobits of modulated data
to be cycled through the digital signal generator. The data
from the waveform maps are then routed to the digital-to-
analog converters.



The digital-to-analog converters (DACs) will convert the
digital information to an analog waveform. The DACs used are
10 bit DACs operating at 50 MHz. Theoretically, the digital
modulator would be capable of generating a 25 MHz baseband
signal with a SNR of 61.96 dB, equation 1.3. However, the
baseband digital signal simulator output has been specified
at 10 MHz to allow for additional samples. This will improve
output signal quality. The DAC outputs are then routed
through low pass filters to decrease sampling aliases and
quantizing noise. The filtered DAC outputs provide the x(t)
and y(t) coefficients for the vector modulator.

Bandpass Vector Modulator

A bandpass vector modulator first splits the carrier into I
(in phase) and Q (quadrature phase) components. The level
and phase polarity of each carrier component are controlled
in two vector modulator mixers by the baseband digitally
simulated input signals x(t) and y(t). The I and Q
components are then recombined with a zero degree combiner.

Although the basic circuitry for the vector modulator is
simple, there are three principle errors that need to be
addressed. These are carrier leakage, amplitude imbalance,
and phase imbalance. Carrier leakage is the residual RF
output when both baseband input signals are zero. Amplitude
imbalance is the difference in level between the I and Q
components when identical baseband input signals are
applied. This imbalance generates undesired AM on the RF
output. Simulation indicates that amplitude balance of
within ±0.5 dB is required. Phase imbalance is the deviation
from true quadrature between the I and Q components.
Simulation suggest that phase balance should be better than
±2 degrees.

To insure maximum performance from the vector modulator, it
was decided that a calibration algorithm modeled after the
one described by Gildea (3) should be used. This requires
phase, amplitude, and bias to be placed under control of the
internal microprocessor. The microprocessor adjusts these
parameters iteratively until all errors are reduced to their
minimum.

Besides the errors discussed above, the design
considerations are maintaining impedance between devices,
providing wideband modulation response, and reducing spurs
to the RF output. A double balanced mixer/modulator was used



to obtain the required modulation bandwidth; however, the
voltage controlled phase shifter was sensitive to the load
the mixer presented. The phase shifter had to be isolated
from the mixer. This also reduced the cross-talk between
channels. The mixer was selected for high LO port to RF port
isolation, linearity for high IF drive levels, and low AM to
PM conversion. At 1 GHz carrier the 20 MHz modulation
bandwidth represents less than a 5% bandwidth. This produced
very linear modulation. Before the I and Q components can be
recombined, the harmonics generated by the mixers must be
low pass filtered using linear phase filters to preserve
phase characteristics of the modulation. If harmonics were
allow to enter the combiner, it would generate spurs in the
upconverter chain.

DOPPLER SIMULATION

A Doppler simulator should model the characteristic Doppler
curve. Using a simple model, the characteristic curve for
Doppler shift can be derived and is shown in figure 3. The
two main parameters which define the curve are cross-over
range and cross-over rate. Cross-over range is directly
proportional to the target’s velocity and cross-over rate is
inversely proportional to the distance to target as shown in
figure 4.

The Doppler simulator will allow the user to specify the
cross-over range and cross-over rate. This information will
then be used to simulate Doppler shift by varying the
Telemetry Signal Simulator output frequency.

Varying the Telemetry Signal Simulator output frequency is
accomplished by using a direct digital synthesizer (DDS).
The DDS will allow the output frequency to be varied in
uniform steps. The step size is typically in the micro-Hertz
range. The switching time of the DDS is typically 250
nanoseconds. These features are quite sufficient for the
typically required maximum Doppler cross-over rate of
100,000 Hertz/Sec. The Doppler shift curves are then
approximated by the microprocessor which controls the DDS.

DIVERSITY FADE SIMULATION

A fade simulator should provide for both static and dynamic
diversity testing. Static tests requires step attenuators
with a range of at least -110 dB for both channels. For
dynamic testing the fader must provide at least -20 dB of



amplitude fading for rate up to 100,000 fades/Sec. However
most telemetry ranges would like at least -40 dB of
amplitude fading. This was done using linearized diode
attenuators. The driving circuitry for the diode attenuators
has to provide sinusodial signals with a selectable phase
different of 0E and 180E between the signals. The frequency
range of the driving circuitry should be DC to 100 kHz. A
final consideration is an adjustable bias level for the
diode attenuators. This will allow fade adjustment for best
Bit-Error-Rate.

The required sinusodial driving signals were generated using
a microprocessor and two DACs. A fast microprocessor will
allow fade rates up to 100 kHz. The microprocessor will also
control the phase relation of the two signals allowing
selectable phase difference between the driving signals.

Conclusion

Digital and RF techniques can be combined to provide the
necessary features for a Telemetry Signal Simulator, see
figure 5. These features, e.g. Fade Simulation, Doppler
Simulation and Multi-Mode Modulation, allow the user to
simulate current telemetry signals. Digital techniques
allows versatility with the baseband modulation and RF
techniques provides the needed bandpass functions required
for high frequency telemetry signals.
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TYPICAL VECTOR MODULATOR
FIGURE 1

BASEBAND DIGITAL SIGNAL SIMULATOR
FIGURE 2



CHARACTERISTIC DOPPLER SHIFT CURVE
COMPARED TO DDS APPROXIMATION

FIGURE 3
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