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ABSTRACT 
 
The Army Research Laboratories has developed a PCM/FM telemetry receiver using a low-cost 
commercial software-defined radio (SDR).  Whereas traditional radio systems are implemented 
in hardware, much of the functionality of software-defined radios is defined in software.  This 
gives them the flexibility to accommodate military telemetry standards as well as other 
specialized functions.  After a brief review of telecommunication theory, this paper describes the 
receiver implementation on a commercial SDR platform.  Data rates up to 10 Mbs were obtained 
through the customization the SDR’s field programmable gate array. 
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INTRODUCTION 
 
The Army Research Laboratories (ARL) has decades of experience using telemetry systems to 
transmit sensor data during flight tests for post-processing and analysis.  Unfortunately, much of 
ARL’s telemetry equipment is now antiquated and deteriorating.  New telemetry equipment, 
purchased at great cost over a year ago, is still not working properly.  In addition, there are 
frequently custom applications that standard equipment cannot support, such as real-time 
decoding of GPS (global positioning system) messages and AES (Advanced Encryption 
Standard) encryption.  Furthermore, data requirements continue to increase as systems become 
more complex.  New vision-based navigation systems demand data rates beyond those supported 
by standard telemetry systems.  With the proliferation of wireless communication, it would seem 
that an inexpensive commercial radio solution could be found.  This solution remains elusive, 
however, due to the specialized requirements of military testing. 
 
These problems lead ARL to develop a software-defined radio (SDR) telemetry solution. 
Whereas traditional radio systems were implemented in hardware, much of the functionality of 
software-defined radios is defined in software.  This makes them a highly versatile platform that 
can support military telemetry standards as well as research into new telemetry schemes.  As 
technology advances, SDRs will become faster, smaller, more power efficient, and less 
expensive.  Already, system-on-chip technology is incorporating multiple SDR components into 
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a single integrated circuit (IC).  This makes SDR not only a platform for receivers, but also a 
practical option for higher volume telemetry transmitters.  Due to the versatile nature of SDR, 
telemetry research can be adapted to other RF (radio frequency) applications, such as two-way 
communications, GPS, radar, anti-jamming, and IED (improvised explosive device) counter-
measure development. 
 
This paper presents initial research developing an SDR telemetry receiver suitable for our current 
FM/PCM S-band transmitters, which employ BFSK (binary frequency shift key) modulation.  
Receiver theory, consisting of an overview of BFSK communication and bit synchronization, is 
reviewed first.  Next, two SDR receiver implementations are presented.  The first uses a SDR to 
acquire I/Q (Inphase/Quadrature) data and a LabVIEW program on a host computer to 
implement the BFSK receiver.  This design worked successfully, but was too slow for typical 
ARL applications.  The second design moved the radio algorithms to the SDR’s onboard FPGA 
(field programmable gate array). This resulted in increased performance supporting data rates up 
to 10 Mbs (megabits per second).  Finally, various additional features are presented as well 
improvements planned for the future. 
 

BFSK I/Q MODULATION 
 
In wireless communications, information is transmitted by using a modulation signal to vary a 
high-frequency carrier signal.   Given a sinusoidal carrier of frequency �� , information can be 
encoded by modulating the amplitude (����), frequency (����), or phase (����). 
 ���� 	 ����cos	�2���� � ����� � �����      (1) 
 
This modulation can be reformulated in terms of I/Q data applied to a carrier signal (cosine) and 
a 90° shifted version of the carrier (sine) to produce the desired amplitude, frequency, and phase 
changes. 
 �������	�2���_� � ����	� � ����� 	 ���� cos�2����� � ���� sin�2�����      (2) 

The modulation is formatted in this manner because the RF (radio frequency) transmitter 
hardware outlined in the left side of Figure 1 is relatively simple to implement.   
 

 

 
After the modulated signal is transmitted, it is received and demodulated to extract the encoded 
information.  A block diagram of an I/Q demodulator is shown on the right side of Figure 1.  The 
incoming RF signal is multiplied by I/Q sinusoids to produce ����� and �����.  These signals, 

Figure 1.  I/Q modulator and demodulator 
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simplified using double angle formulas, contain the baseband I/Q data with additional signals at 
twice the carrier frequency. 
 ����� 	 ���� � ��������4����� � ����sin	�4�����  (3) ����� 	 ���� � ������ �4����� � ���� cos�4�����  (4) 

Filtering out these higher frequencies using a low pass filter restores the original data.  Real 
modulation and demodulation hardware may make use of intermediate frequencies (IF) in the 
conversion process, but the basic theory remains the same. 
 
BFSK is a modulation technique that uses the frequency of a carrier signal to encode 
information.  Binary symbols 1 and 0 correspond to a frequency deviation of ��!  and ��! 
respectively. �"��� 	 cos�2����� � �!��      (5) �#��� 	 cos�2����� � �!��      (6) 

Using the angle sum identity and the fact that cosine and sine are even and odd functions 
respectively,  �"��� and �#��� can be rewritten in the I/Q format from Equation 2 with I and Q 
defined as 
 �"��� 	 cos��2��!��, �"��� 	 sin��2��!��  (7) �#��� 	 cos�2��!��,  �#��� 	 sin�2��!��  (8) 
 
Figure 2 shows the process of BFSK modulation.  The top plot shows the binary data.  The next 
plot shows the phase angle used to generate the I/Q data.  The phase angle is the angle of the sine 
and cosine terms in equations 7 and 8.  This gives the phase angle a slope of �2��! for a data bit 
of 1, and a slope of 2��! for a data bit of 0.  The third plot shows the I/Q data itself generated 
from the phase angle.  The last plot shows the modulated carrier signal with higher frequencies 
corresponding to data bit of 1 and lower frequencies corresponding to a 0. 
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Figure 2.  BFSK Modulation 
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Figure 3 shows the demodulation process.  The top plot shows the received signal.  The next plot 
shows the recovered I/Q data.  Since the I/Q data was formed from the cosine and sine of the 
phase angle, the phase angle can be recovered from the inverse tangent of Q divided by I. 
 ���� 	 �$ %" &������'�(						�9� 
 
The original data can then be extracted from the slope of the phase angle through differentiation.  
This is shown in the bottom plot where the recovered data overlaps the original data. 
 

 

 
 

BIT SYNCRONIZTION 
 
In the low noise demodulation simulation above, it is easy to distinguish the recovered data bits.  
As noise increases, the data bits become harder to distinguish.  By integrating over the bit period, 
the noise can be averaged out and the data recovered.  Figure 4 shows a simulation using the 
same data as in Figure 3, except with more noise added to the received signal.  The top plot 
shows the received data bits, which are now difficult to distinguish.  The blue signal in the 
bottom plot shows the noisy data integrated over the bit periods, marked by a sampling clock in 
red.  At the falling edge of the sampling clock, the final sum of the integrated data bit is marked 
with an asterisk.  A negative value indicates a data bit of 0, while a positive value indicates a 1.  
Comparing the recovered data here to the data in Figure 3, it can be observed that all of the bits 
have been detected correctly. 
 
Before the data can be integrated over the bit period, the location of the bit boundaries must be 
known.  This process of locating and recovering the data bits is called bit synchronization.  
Figure 5 shows a block diagram of a bit synchronizer.  The period is determined by the digitally 
controlled oscillator (DCO) that creates the bit clock used for bit detection.  The digital phase 

A
m

p
A

m
p

P
h

a
s
e

 (
ra

d
)

A
m

p

Figure 3.  BFSK Demodulation 
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detector detects the phase error between the bit clock generated by the DCO and data signal.  
This error signal is filtered in the digital loop filter and fed back to correct the phase of the DCO.  
When tuned correctly, the DCO will become synchronized to the data.  The bit detector can then 
detect the data by integrating over the bit period. 
 

 

 

 

 
Figure 6 illustrates how a simple digital phase detector generates the phase error for different 
cases of alignment between the clock and data signals (1).  The black signal is the data and the 
red signal is the bit clock, here only transitioning once per bit period.  The first half of the clock 
period is shaded yellow, and the second half is shaded blue. Each bit period has N samples 
denoted as �*, with � 	 +1,… ,/0.  The phase error, �12232, is calculated as 
 

�12232 	 ��4 56�* � 6 �*7
*879:"

7/9
*8" <56�* � 6 �*7

*879:"
7/9
*8" <										�10� 

 
The summation from 1 to N/2 is the summation of data samples corresponding to the first half of 
the clock period, and the summation from N/2+1 to N is for the last half of the clock period.  A 
positive error value indicates that the DCO should make the clock earlier, while a negative value 
indicates that the clock should be delayed.  Subplot A in Figure 6 shows the data synchronized to 
the bit clock.  In this case the difference term will be close to zero, making the phase error close 
to zero.  In subplot B the data bit is early and positive.  This will cause the difference term to be 
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Figure 5.  Bit Synchronizer block diagram 

Figure 4.  Recovered data integrated over bit period 
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positive, and the sign term to be positive, creating a positive error indicating that the clock 
should be made earlier.  In subplot C the data is late and positive, making the difference term 
negative and the sign term positive.  This leads to a negative error indicating that the clock 
should be delayed.  In subplot D the data is early and negative, making the difference negative 
and the sign negative.  The resulting positive error will indicate the clock should be made earlier.  
Subplot E shows late and negative data.  The difference will be positive and the sign will be 
negative.  The resulting positive error will cause the clock to be delayed.  These cases are 
summarized in Table 1. 

Table 1.  Summary of digital phase detector operation 

Subplot Bit Value Data Offset Difference Term Sign Term Error 

A 1 Early + + + 

B 1 Late - + - 

C 0 Early - - + 

D 0 Late + - - 

 
The rest of the bit synchronizer is straight forward.  The DCO is implemented as a counter.  
When the phase error is positive the DCO counter is delayed by one, and when it is negative the 
counter will skip one count ahead.  The loop filter is implemented as a threshold.  The phase of 
the bit clock is adjusted only if the magnitude of the error signal is above the threshold, 
otherwise it will remain the same.  The bit detector sums all of the samples of the bit.  If the sum 
is positive, the bit is designated as a 1, and if it is negative, a 0. 
 

 
 Figure 6.  Digital phase detector graphs 
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SDR IMPLEMENTATION 
 

The initial implementation of the SDR telemetry system used a USRP N210.  A block diagram is 
shown in Figure 7.  During transmission, the I/Q data is supplied by a host computer through an 
Ethernet connection.  This data in interpolated using cascaded integrator-comb (CIC) filters and 
is then converted to IF data with a digital up converter (DUC) in the USRP’s FPGA.  The IF data 
is then converted to analog through the DAC (digital to analog converter), and then passed to a 
daughter board for conversion to higher frequencies for transmission (2). 
 

 

 
This project used an SBX daughterboard, supporting carrier frequencies from 400 to 4400 MHz 
at a maximum output power of 100mW.  The daughter board also has a receiver that converts the 
RF signal to IF I/Q data, which is then digitized in the ADC (analog to digital converter).  The 
digitized IF data is passed to the FPGA where it is converted to baseband by the digital down 
converter (DDC) in the FPGA.  The baseband data are then decimated to a lower sampling rate 
and transmitted to the host computer through the Ethernet connection. 
 
National Instruments (NI) supports LabVIEW drivers to allow LabVIEW applications on the 
host computer to communicate with the USRP.  For transmission, the host computer creates the 
I/Q data and specifies the data sampling rate, carrier frequency, and transmission power.  Similar 
settings are also specified for reception, with the USRP providing the host computer with the 
recovered I/Q data. 
 
A simple BFSK transmitter and receiver were programmed in LabVIEW using the modulation 
theory and bit synchronization technique described above.  Test data was transmitted in frames 
of 16, 16 bit words.  Just as bit recovery requires bit synchronization to determine the start of the 
each bit period, so too frame recovery requires frame synchronization to determine the start of 
each frame.  This is accomplished through use of a synchronization pattern at the beginning of 
the frame.  During reception, the detected data bits are compared to the sync pattern.  When there 
is a match, the beginning of the frame has been found. Data word boundaries can now be 
identified in reference to the beginning of the frame.  Once an entire frame of words has been 
received, the search for the next sync pattern begins.  Figure 8 shows the LabVIEW BFSK 
receiver.  On the right graph, the data bits are clearly visible in white along with a synchronized 
clock in red.  The left side shows the frame data.  The constant sync word, 65131, is shown in the 
upper plot, and the lower plot shows an 8-bit frame counter included in the test frames. 

Figure 7.  USRP N210 block diagram 
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Due to processing constraints, the fastest BFSK signal that could be received and processed in 
real-time had a 200 kbs data rate, using 800 kHz for the I/Q sampling rate.  Unfortunately, this is 
well below ARL’s typical telemetry speeds of 4 Mbs.  It was possible, however, to save higher 
rate I/Q data, and then extract the frames in post-processing.  This was done successfully using 
2.2555GHz M/A-COM FSK transmitters, but is not an ideal solution. 
 
In order to process higher data rates in real-time, the receiver algorithms had to be accelerated by 
moving them to the USRP’s FPGA.  For this implementation, the design used a USRP B200 
platform.  This is a single board SDR, using Analog Devices’ new RFIC that combines an RF 
front end, I/Q demodulator, and ADCs into a single IC that covers a range of 70 MHz to 6 GHz.  
Initially, the design using the N210 and LabVIEW was duplicated using the B200 and GNU 
Radio, an open-source SDR toolkit using the open-source USRP Hardware Driver (UHD) for 
communication to the host computer.   Figure 9 shows this configuration.  The B200 provides 
I/Q samples to the host computer, and the GNU Radio program performing the demodulation, bit 
sync, frame sync, and display.  Bit rates up to 1 Mbs were achieved, still short of ARL’s typical 
4 Mbs telemetry rate. 
 

 

Figure 10. Customized USRP B200 design 
 

Figure 9.  Standard USRP B200 design 

Figure 8.  Simple BFSK LabVIEW reciever 
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Figure 10 shows the final architecture.  Demodulation, bit sync, and frame sync modules were 
developed in Verilog and added to FPGA firmware.  The decimating filters, which are normally 
required to reduce the data rate to speeds slow enough for the host computer to process, were 
able to be replaced by non-decimating filters due to the enhanced processing capabilities of the 
FPGA.  Adapting the LabVIEW software developed for the N210, a telemetry display program 
was designed for the host computer.  A separate program in C++ was written using the UHD to 
route data from the USRP to a UDP (User Datagram Protocol) port.  The LabVIEW program 
reads the UDP port to access data from the USRP. 
 
Initial receiver sensitivity tests showed reliable detection of signals down to -84 dBm.  This is 
certainly sufficient for laboratory use, but falls short of professional grade telemetry receivers.  
Use of an external low noise amplifier (LNA) should help increase receiver sensitivity. 
 
The host computer display program has fairly basic functionality compared to commercial 
telemetry software.  This is not a significant disadvantage since ARL typically performs 
advanced analysis of telemetry on saved data using other software packages.  Some features 
controlled by the telemetry software are 

• Carrier frequency: 70 MHz – 6 GHz 
• Static gain control: 0 – 73 dB 
• Automatic gain control (AGC) option 
• Selection of filters optimized for 4 Mbs or 10 Mbs data rates 
• I/Q sample clock frequency (max 56 MHz) and samples per bit, used to set data rate    
• 15-bit RNRZ-L randomizer option 
• External, hardwired PCM signal input option 
• Data save and playback 
• Internally generated test PCM stream option 
• Received signal strength indicator (RSSI) 
• AES 256 decryption 

The AGC uses a Proportional-Integral-Derivative (PID) controller in the LabVIEW program.  
PID control uses proportional, integral, and derivative error terms to set the receiver’s gain which 
controls the received signal strength (3).  The RSSI signal is calculated on the USRP as the sum 
of the squares of the filtered I and Q data, right before the demodulation in Figure 10.  The RSSI 
is placed at the end of the frames for transmission to the host computer.  This is why frame 
synchronization is performed on the FPGA as well as the host computer, so that additional 
information can be placed at the end of the frames in the FPGA.  Gain constants are used to tune 
the error terms. 

• >?: Proportional gain, produces an output value proportional to the current error value 
• >*: Integral gain, eliminates residual steady-state errors 
• >!: Derivative gain, improves settling time and stability of the system  

∫ ++=
t

dip te
dt

d
KdeKteKtu

0
)()()()( ττ       (11) 
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Figure 11 shows examples of the AGC controlling the received signal strength.  The graph on the 
left shows AGC using only proportional control which exhibits oscillation in the RSSI signal.  
The graph on the right adds derivative control which eliminates this oscillation.  Tuning of the 
integral gain did not seem to have much effect on the quality of the gain control.  
 

 

 
The AES decryption support is another noteworthy aspect of this design, but a detailed 
description is outside the scope of this paper.  Enhancements planned for the future are 

• Expanded display software 
• GPS time-stamping 
• Support for high order modulation schemes 
• Real-time error code correction 
• External low noise amplifier to increase receiver sensitivity 

 
CONCLUSION 

 
This paper has presented initial research into an SDR telemetry system.  The flexible nature of 
SDR makes it an ideal platform for the specialized requirements of military flight testing.  The 
first receiver implementation used the host computer to perform the radio algorithms.  This 
proved to be too slow for typical ARL applications.  The second version accelerated the receiver 
algorithms by moving them to the SDR’s onboard FPGA, resulting in data rates up to 10Mbs.  
This basic receiver can be used with ARL’s present PCM/FM transmitters, and provides a basis 
with which to research more advanced telemetry schemes, as well as other RF applications. 
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