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ABSTRACT 
 
Modern telemetry systems require flexible sampling rates for analog signal conditioning within 
telemetry encoders in order to optimize mission formats for varying data acquisition needs and 
data rate constraints.  Implementing a variable sample rate signal conditioning module for a 
telemetry encoder requires consideration of several possible architectural topologies that place 
different system requirements on data acquisition modules within the encoder in order to 
maintain adequate signal fidelity of sensor information.   
 
This paper focuses on the requirements, design considerations and tradeoffs associated with 
differing architectural topologies for implementing a variable sample rate signal conditioning 
module and the resulting implications on the encoder system’s data acquisition units. 
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INTRODUCTION 
 
Telemetry requirements for various sensors used in vehicle development can vary greatly from 
one system to another, but their data acquisition units share many common aspects.  Document 
106-5 from the Range Commanders Council (RCC) clearly specifies the requirements for the 
format structure and RF transmission, but gives no direction as to the strict signal conditioning 
requirements for the collected sensor data.  Furthermore, other RCC documents such as the 
“Instrumentation Engineers Handbook (121-06)” only touch on the most basic principles of 
signal conditioning and data acquisition leaving the formulation of the requirements to be 
derived by the instrumentation engineer from the basic principles given.   
 
A telemetry encoder’s signal conditioning modules must be flexible enough to interface to a 
multitude of different analog and digital sensors. Additionally the typical signal conditioning 
requirements include the transducer interface which is most often some form of buffering with 
scaling, an excitation source when required, filtering and sampling by analog-to-digital 
conversion (ADC) with various types of encoding.  These basic functions are common to the 
signal conditioning module, but the specific mission instrumentation needs drive requirements 
for each of these functions.  Therefore, to support a vast range of transducer requirements, a 
flexible signal conditioning module that can adequately and quickly respond to customer needs is 
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important.  One of the key challenges and the main topic of this paper is providing a flexible 
sampling rate while maintaining adequate signal fidelity.   
 
 

FACTORS DRIVING THE NEED FOR A VARIABLE SAMPLE RATE SIGNAL 
CONDITIONING MODULE 

 
What is driving the need for a variable sample rate signal conditioning module, both from a 
customer and manufacturer’s requirements? The most obvious answer is that different 
measurements have varying spectral occupancies, but there are several other possible factors as 
well. 
 
The list below summarizes some of the possible factors driving the need for a variable sample 
rate signal conditioning module. 
 
Customer Driven: 

� Different mission phases may have changing data acquisitions requirements 
e.g. a multi-stage rocket may have different active sensors for each stage 

� Different missions within the same program have changing sensor requirements 
e.g. captive carry test verses free flight 

� Spectral allocations may vary during a program 
e.g. changing link data rate requires lower oversampling ratio on sensors to  

save bandwidth 
� Unanticipated vehicle performance requires different sampling rates 

e.g. a spurious harmonic vibration mode needs to be investigated 
� Unanticipated vehicle performance requires different filtering response 

e.g. filter bandwidth needs to change to filter out interference 
e.g. filtered sensor data optimization for observation in the time or frequency domain. 

� General ability to customize sampling rates in the field with protection against aliasing 
 
Manufacturer Driven: 

� No new development cost to absorb  
� Quicker response to market needs 
� Simplifies parts logistics, configuration management and manufacturing test to have one 

flexible base design 
 
 

VARIABLE SAMPLE RATE SIGNAL CONDITIONING REQUIREMENTS 
 
In order to design a variable sample rate signal conditioning module with adequate signal 
fidelity, several constraints and considerations must be addressed.  As mentioned previously, 
these basic functions are buffering/scaling, excitation as required, filtering and sampling.  Before 
going into the details of the filtering and sampling it is worthwhile to review some of the basic 
requirements for a flexible front-end that typically precedes these functions.  Due to the 
numerous possibilities we will explore these functions with practical examples from the L-3 
Communication PCM330E Telemetry Encoder product line.  Figure 1 below shows the high 
level block diagrams of the front-end analog signal processing for both vibration and 
accelerometer sensor boards. 



Public Domain Material 3 

Figure 1:  Examples of Sensor Signal Conditioning Circuits 
 
Buffering and Scaling 
 
The input stages for transducers are typically either high impedance differential instrumentation 
amplifiers or single-ended amplifiers for current excited active accelerometers and charge 
amplifiers for piezoelectric accelerometers.  In the case of the instrumentation amplifier 
interface, the scaling range requirement for sensors will most often be met if the input stage can 
accommodate levels between 10mVpp to 10Vpp and up to +/-50% offset.  This range is 
accomplished in the vibration sensor board with a cascade of the programmable gain stage of 1 
to 256 followed by a programmable attenuator which scales signals for large input to a high 
resolution sigma-delta analog-to-digital converter.  Additionally, there is a passive input filter 
and optional passive attenuation at the input stage.  The input filter prevents rectification effects 
from radio frequency interference at the instrumentation amplifier input and the passive 
attenuator gives the ability to handle signals beyond the nominal 10Vpp maximum input range. 
 
The single-ended interfaces from active accelerometers typically output large signals due to their 
active nature so input dynamic range requirements are much smaller.  Piezoelectric 
accelerometers use the charge amplifier’s feedback capacitor to scale the signal (and set the high 
pass cutoff frequency with the feedback resistor) so the dynamic range needs are also much 
lower for this interface.  Both the actively excited and piezoelectric accelerometers are AC 
coupled so bipolar offset shifts don’t come into play.  With the piezoelectric accelerometer it is 
important to match the sensor’s impedance characteristics on the non-inverting operational 
amplifiers input in order to minimize noise.  The accelerometer modules also have an attenuator 
for scaling larger inputs to the sigma-delta analog-to-digital converter.  When the feedback 
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capacitor for scaling the piezoelectric accelerometer output prevents setting the high pass cutoff 
frequency where desired, a secondary analog high pass stage precedes secondary gain scaling.  
As mentioned previously, the nature of the accelerometer interfaces don’t require as much 
dynamic range; therefore, the secondary gain stage is limited to gains of 16.  When combined 
with the programmable attenuator, the overall ratio is extended from 1/4 to 32 which is more 
than adequate for the vast majority of accelerometers even without optimizing the feedback 
capacitor for the piezoelectric accelerometer. 
 
Another aspect more critical for the differential instrumentation interface (due to its higher gains) 
than the accelerometer interfaces, is assurance that the bandwidth of the system is not 
compromised by the input buffering and scaling stages.  The limited gain bandwidth product of 
the amplifiers can significantly degrade the overall system response for higher bandwidth signals 
if not addressed properly up front.  Finally, one must select parts appropriate for the desired 
noise and accuracy requirements of the system.  In both the sensor modules low noise and high 
accuracy components are augmented with calibrations done digitally over temperature and stored 
in non-volatile memory located in a FLASH microcontroller not shown.  These modules achieve 
typical accuracies of better than 0.1% over temperature. 
 
Excitation 
 
An often neglected aspect of the sensor interface is the quality of the excitation which is 
especially important to help maintain accuracy for bridge completions.  For excitation, most 
transducers are adequately supported with a 5V to 10V voltage source or 2mA to 10mA current 
source.  To maintain good accuracy, the voltage or current source should have low sensitivities 
to their respective load currents and compliance voltages.  Additionally, the voltage or current 
source should be low noise.  The voltage source excitation interfaces are more forgiving in this 
aspect due to their predominately differential interface and the attenuation factor of the typical 
bridge, but for the single-ended current excited accelerometers, the noise is directly added to the 
input signal.  Low noise and high accuracy components were selected for the excitation sources 
on the PCM330E, so combining this with the similar calibration methods used for scaling, the 
excitation accuracies are also typically better than 0.1% over temperature. 
 
Variable Sample Rate and Filtering Implications 
 
When considering the implementation of a variable sample rate signal conditioning module, one 
of the first aspects to address is the range of programmability required.  In the PCM330E 
telemetry signal conditioning modules, the filtered sample rates can vary continuously from 
about 100sps to 100ksps.  This range of programmability supports not only the higher speed 
vibration and accelerometer data, but also allows filtering of low speed measurements as well.  
Decades of telemetry encoder product development at L-3 Communications supports the validity 
of the supported sample rate range. 
 
Key flexible sample rate design aspects include how and where to implement the variable sample 
rate.  If the variability is done at the analog-to-digital conversion stage a low jitter variable clock 
must be generated to sample the signal and a tunable analog filter must precede it to prevent 
aliasing.  Generating the clock from the format sample locations poses no serious 
implementation issues, but the tunable analog filter combined with a typical oversampling ratio 
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as low as 4 times the signal of interest requires a high order analog filter.  For example, to 
guarantee that aliased frequency content is below the 12-bit level (a typical figure of merit) 
would require approximately a 5th order elliptic, 6th order Chebychev, 8th order Butterworth, or 
11th order Gaussian filter with transition at -12dB.  Clearly these filters are not trivial even for 
fixed cutoff frequencies, but making them tunable over multiple decades is totally impractical!  
Alas we are saved with digital signal processing. 
 
Given that the analog approach to variable sample rates is impractical over such a wide range, 
the digitally based approaches for sample rate conversion are obviously utilized in the modern 
signal conditioning modules.  There are numerous methods for implementing sample rate 
conversion, but a key implementation issue is remembering that the filtering of the 
measurements is done in both the digital and analog domains.  One must be cognizant of the 
composite response in both the time and frequency domains to properly optimize the signal 
conditioning for the type of analysis required.  
 
 

METHODS FOR SUPPORTING VARIABLE SAMPLE RATES 
 
Sample rate agility can be supported in several manners relying primarily on either analog, 
digital or hybrid design methods.  Each of these methods has specific signal processing design 
implications of which the tunable analog approach was already pointed out as impractical.  Some 
of the other basic approaches and tradeoffs are listed below in Table 1 along with the all analog 
approaches for completeness.   
 
One method not shown in the table relies simply on sampling the input at a fixed high input 
frequency, filtering at the same sample rate and then asynchronously resampling the signal with 
decimation to the desired output sample rate.  This method is only mentioned because the author 
has seen it applied in poorly designed data acquisition systems.  The consequence of this 
asynchronous resampling is to effectively create a periodic beat frequency component in the re-
sampled waveform.  Depending on the frequency of the input signal and the beat frequency 
between the two sampling rates the artifacts may be very difficult to see in a time domain display 
due to their linear amplitude scaling, but the effects are easily observed when the signal is 
viewed in the frequency domain with log amplitude scaling.  The magnitude of the signal 
artifacts is related to the maximum sample time error.  These errors are discussed in detail later 
in the “Sampling Jitter Considerations” section below. 
 
The digital design approaches available for variable sample rates can be categorized into 
methods with and without the use of continuously variable interpolation filters.  The methods 
investigated for the PCM330E signal conditioning modules are listed in Table 1 below.  Methods 
using a continuously variable interpolation (CVI) filter benefit from a fixed sample clock 
requirement and therefore less complex analog anti-alias filter requirement.  The tradeoff is at 
the expense of a highly intensive digital signal processing requirement using more FPGA 
resources and thus power.  Fixed interpolation methods require the generation of an analog 
sample clock and a little more complicated anti-alias filter, but need less FPGA resources and 
thus power.  Given the above tradeoffs, L-3 Communications PCM330E telemetry encoder uses 
method 4 for sample rate flexibility in signal conditioning modules. 
 



Public Domain Material 6 

Method Description Pros Cons 

1 

Change analog shaping 
filter for each 
application 

• 
• 
• 
• 

Simple to implement 
Low cost 
Low power 
Small size 

• 
• 

Possible long lead times on components 
Every design is custom and requires 
unique analog filter for the desired sample 
rate 

2 

Use a tunable analog 
shaping filter 

• 
 
• 

Helps alleviate parts 
procurement issues.   
Uses one base design to 
cover the sample rate range 

• 
 
 
 
• 
• 

The programmable analog filter is very  
difficult to design for such a broad 
frequency range and the size constraints of 
the design may make this not desirable 
High power consumption for analog filter  
Analog filter requires calibration 

3 

Use a DDS with analog 
output to generate the a 
variable sample clock 
over an octave and use 
a cascade to half-band 
decimators followed by 
a digital shaping filter 
at the final desired 
sample rate 

• 
 
• 
 
• 
 
• 
 
• 

Helps alleviate parts 
procurement issues 
Uses one base design to 
cover the sample rate range 
Small size and simpler, lower 
power analog design  
Eliminates calibration of the 
analog filter 
Slightly more complex 
analog anti-alias filter design 
required than option 4 

• 
 
 
• 
 
• 

More complex digital design than options 
1 or 2 and thus higher digital power 
requirements  
Higher analog power requirements that 
option 1 or 4  
Requires the generation of a low jitter 
sample clock which typically includes 
analog filtering of the DDS output 
followed by a good comparator 

4 

Use a simple fixed anti-
alias filter preceding a 
highly oversampled  
ADC feeding a 
continuously variable 
interpolation filter, 
half-band decimation 
stages and  a shaping 
filter at the final 
sampling rate. 

• 
 
• 
 
• 
 
• 

Helps alleviate parts 
procurement issues 
Uses one base design to 
cover the sample rate range 
Small size and simpler, lower 
power analog design  
Eliminates calibration of the 
analog filter 

• 
 
 
• 
 

Significantly more complex digital design 
than the other options requiring a larger 
size FPGA   
Requires more digital power than option 
1-3 
 

 

Table 1:  Tradeoffs for Variable Bit Rate Generation and Filtering Methods 
 
Variable Sample Rate Implementation Example 
 
As discussed above, Method 4 of Table 1 requires an anti-alias filter prior to analog-to-digital 
conversion.  Continuing the use of the PCM330E signal conditioning modules as an example, the 
anti-alias filters are implemented with a third order modified Gaussian response augmented with 
a stop band zero. (The responses are shown in Figure 2 below).  While the typical goal of 12-bit 
alias rejection is adequate for most applications, especially when only considering time domain 
analysis, the modules provide typically better than 15-bit alias rejection for high level out-of-
band signals.  The additional stop band zero at the sigma-delta’s modulator rate helps achieve 
this goal while simultaneously providing an excellent step response without distorting critical 
time domain measurements.  The scaling of the plots is not critical. The emphasis should be 
focused on the gradual slope of the attenuation and linear phase in the passband that supplies a 
good time domain fidelity for all signals within the frequency and sample rate range of the signal 
processing circuitry.   
 
The requirements for the anti-alias filter and all digital filters prior to the final shaping filter are 
therefore are not to simply stop aliasing, but to simultaneously minimize phase distortion for 
signals of interest.  Using a high resolution sigma-delta analog-to-digital converter (ADC) has 
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the added benefit of simplifying the anti-alias filter due to the highly oversampled nature of the 
ADC as compared to other alternative ADC architectures.  The high resolution ADC also allows 
the fine scaling to be completed in the digital domain and still maintain high fidelity of the 
measurements which simplifies the required analog signal processing. 
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Figure 2:  Anti-Alias Filter Frequency and Step Responses 

 
The basic flow of digital processing in the signal conditioning module is shown in Figure 3.  An 
optional 1st order high pass filter receives the samples from the ADC and is programmable 
allowing the user to remove residual DC from AC inputs.  Scaling calibration is also performed 
in this stage.  In order to support the higher sample rates the CVI filtering is performed 
immediately after the optional high pass filter.  The range of the CVI interpolation is limited to 
an octave to simplify the implementation.   
 

 
Figure 3:  Digital Filtering Stages 

 
Next, a programmable half-band decimator (1, 2 4, … 256) block then translates the signal to the 
final sample rate.  In order to support the full sample rate range, the modules utilize several 
stages of cascaded half-band decimators.  This filter block then feeds the programmable shaping 
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filter where the user can select standard cutoff frequencies of 5, 10, 15, 20 and 25% of the output 
sample rate with responses optimized for frequency or time domain analysis.  Fine sample rate 
control is done by monitoring the FIFO buffer level and adjusting the numerically controlled 
oscillator.   
 
If for some reason the user requires a different response, custom coefficients can be downloaded 
via a user interface that automatically scales the coefficients for the signal processing hardware  
thereby providing virtually unlimited flexibility.   

 
 

FILTER RESPONSE ISSUES 
 
Generally, a Gaussian filter response is known to be desirable for time analysis in the test 
equipment industry particularly for oscilloscope front-ends. However, application of this 
technology has not fully migrated to vehicle telemetry data acquisition manufacturers. Systems 
touting programmable filtering and sample rates tend to solely focus on frequency domain 
performance and may state that the filter is linear phase, but a linear phase response doesn’t 
necessarily equate to a good step response.  Figure 4 shows the frequency and time domain 
responses of two linear phase digital filters with equivalent 3dB bandwidths.  The filter with 
sharp selectivity has a poor step response while the filter with gradual frequency roll-off has a 
good step response.   
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Figure 4: Frequency vs. Time Domain Optimization 
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SAMPLING JITTER CONSIDERATIONS 
 
Sampling jitter is also generally a major concern in data acquisition systems because it directly 
degrades the integrity of analog sensor inputs.  The amount of degradation can be quantified as 
the jitter limited signal-to-noise ratio (SNRJL) and is given by the following formula (1). 
 
SNRJL (dB) = -20 · Log10 [ ( 2� · Fin · Tj) / �OSR  ]        (1) 
 
where Fin = maximum frequency of the input signal 
 Tj = RMS jitter of the sampling clock 
 OSR = oversampling ratio 
 
Equation (1) shows the SNR improves by approximately 6dB/octave verses frequency and 3dB/ 
octave of oversampling assuming a brick-wall digital filter is limiting the bandwidth to the area 
of interest.  Figure 5 demonstrates the SNR to RMS jitter relationship graphically for several 
different jitter magnitudes verses frequency.  When the jitter component of the sampling clock is 
periodic, the noise will reveal itself in the sampled spectrum as discrete spurious components on 
each side of the input signal.  For example, if a 10kHz sinewave is sampled by a clock with a 
periodic 1kHz jitter component, the spectrum will show side tones at 9kHz and 11kHz.  
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Figure 5:  SNR vs. Input Frequency and Jitter Magnitude 

Crystal oscillators typically meet the jitter requirements for data acquisition systems, but poor 
board routing and inadequate power conditioning can significantly degrade the sample clock.  
Another source of jitter that can degrade the sampling fidelity is from phase-lock loop based 
clock oscillators.  These units are appealing for their low cost and quick implementation, but 
they typically have excessive jitter for sampling clock applications in instrumentation. 
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CONCLUSIONS 
 
Customers and manufacturers have different, but symbiotic reasons for needing variable sample 
rate signal conditioning modules.  The requirements drive detailed implementation tradeoffs to 
effectively implement practical variable sampling rate signal conditioning modules.  Several 
design considerations were discussed such as the importance of considering the filter’s time and 
frequency domain responses and the need to look at the whole data acquisition system’s 
composite analog and digital response.  Additionally, the effects of sampling clock uncertainty 
and periodic jitter were explored.   
 
New requirements, the continual goal of adding functionality, improving performance and 
increasing channel density, drive future developments.  Lower power, higher density field 
programmable gate arrays (FPGAs) and highly integrated analog building blocks that come to 
market every year will support such improvements along with further research into novel 
continuously variable interpolation methods to support efficient sample rate conversion.   
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