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ABSTRACT 
 
The onboard telemetry system of Korea Space Launch Vehicle-II (KSLV-II) acquires acoustic, 
vibration, and piezoelectric pressure sensors that require high data rate over several kilo samples 
per second, so the compression method is needed to expand link margin of telemetry system. 
This paper implements third-octave and FFT signal processing algorithms to reduce sensor data 
with high compression ratio depends on data acquisition requirements. The developed signal 
processing hardware module is composed of analog signal conditioning block and digital signal 
processing block on FPGA, and the digital block is fully implemented with dedicated hardware 
using HDL. For digital hardware implementation, multistage structure with ANSI standard 
octave filter bank is used for third-octave processing, and pipelined architecture is used for FFT. 
The performance of data acquisition and signal processing is evaluated and compared to the 
commercial data acquisition equipment. 
 
 

INTRODUCTION 
 
The Korean launch vehicle telemetry system (hereinafter referred to as KSLV TLM) is mounted 
on each stage of three stages, and transmits sensor data and status data mounted on the launch 
vehicle to the ground in real time.	Some of the sensor data, such as sound, vibration, shock, 
acceleration, and pressure sensors, require a high sample rate of several kilo samples per second 
or more, and sensor data rates need to be minimized to ensure limited RF link margins for the 
launch vehicle. The KSLV TLM performs compression on TLM data by performing signal 
processing at onboard equipment for channels requiring a high sampling rate. Such signal 
processing methods include third-octave signal processing for acoustic sensors load measuring 
acoustic load, and FFT (Fast Fourier Transform) signal processing for acceleration and vibration 
sensors.  
An example of the application of signal processing technology to a telemetry on launch vehicle 
is an Indian launch vehicle [1]. By using digital signal processor (DSP), FFT processing of 
vibration data and third-octave data processing of acoustic signal have reduced data amount by 



1/50 ~ 1/60. In addition, several hardware and software using DSP are being developed in the 
commercial TLM data acquisition unit manufacturer [2]. DSP has a merit that various algorithms 
can be flexibly developed. However, in the field of launch vehicles, since the applied signal 
processing algorithm is not various and generally measurement requirements are fixed, FPGA 
based signal processing can be used for high-speed and high-performance processing of multi-
channel acquisition. In this paper, we present hardware implementation and test results of TLM 
signal processing device called signal processing unit (SPU) using FPGA based digital signal 
processing technology. 
 
 

SYSTEM DESCRIPTION 
 
The proposed signal processing unit consists of a power supply board, an encoder board, and a 
data acquisition board. The power supply board supplies power to the other boards in the unit. 
The encoder board receives the measured data from the data acquisition board, generates PCM 
frames, and transmits them to the ground via the RF interface. The data acquisition board 
measures current excitation type acoustic, vibration and pressure sensor signals and performs the 
signal processing and finally transmits the results to the encoder board. This unit is not designed 
for signal processing only, but it is designed considering versatility and extensibility by sharing 
the same platform as a general acquisition device that performs real-time data measurement as 
well as signal processing.  
The data acquisition board, which plays the most important role in the unit, has 12 analog 
channels in total, and each channel has a circuit to supply the excitation current for the sensor, an 
amplifier, and an analog filter circuit. The digital signal processing is designed based on the 
FPGA using HDL, and it can be divided into the part performing the third-octave signal 
processing function and the part performing the FFT signal processing functionally. 
 
 

DIGITAL SIGNAL PROCESSING 
 
First, third-octave signal processing is mainly used as a signal processing algorithm for acoustic 
sensor data, and conforms to ANSI S1.11-2004 standard [3]. For SPU, the multi-stage structure 
using FIR filter is applied to the detailed implementation method of the algorithm, and the signal 
processing structure is shown in the following figure. Such a multi-stage structure not only 
reduces the calculation complexity but also has the advantage of reducing the instability of the 
digital filter. 
 



 

Figure 1 Structure of Third-Octave Signal Processing 

 
The analog sensor signal is oversampled at a high sample rate over than 100k samples per second 
and decimated with input digital filter to minimize aliasing due to the digital conversion of the 
analog signal. This digital filter is a low-pass filter with decimation and attenuates aliasing 
within the 8kHz band by more than 80dB. 
The third-octave signal processing is performed by calculating a linear average of RMS (Root 
Mean Square) values during 0.25 second for each of the 17 frequency bands (ANSI No. 13 to 39) 
having a center frequency of 20 Hz to 8 kHz. 1/2 decimation filter and 1/3 octave filter is 
implemented by 64th order FIR filter can be operated by sharing multiple channels. Finally, the 
data compression rate through processing is at least 1/150 times compare to real time acquisition 
with 16K samples per second. 
The minimum specification of the octave filter proposed by the ANSI standard is the 3rd order 
Butterworth IIR filter. In this design, the 64th order FIR filter with higher attenuation rate for the 
cutoff band is applied. The magnitude response of the filter is shown in the following figure. 
Designed with 64 filter taps, the octave filter satisfies the standard class-2 specification [4], and 
can be implemented in a more rigorous class-0 or class-1 with increase in hardware. Also, the 
SPU's third-octave signal processing is designed to flexibly change channel extensions, 
frequency bands, octave filter specifications, and averaging methods. 
 



 
Figure 2 Magnitude Response of Third-Octave Filter 

 
The second signal processing algorithm, FFT, is used as an algorithm for analyzing the 
frequency response of sensor data. The FFT signal processing structure of SPU is shown in the 
following figure. 	

 

Figure 3 Structure of FFT Signal Processing 

 
Same with case of the third-octave processing, measurement of the sensor signal is performed by 
oversampling at a high sampling rate and filtered using input digital filter to minimize aliasing. 
The FFT signal processing is performed in a manner that computes a linear average of the 
frequency response during one second and results are magnitude data with 5 Hz intervals for the 
frequency band of 0 Hz to 2 kHz. The FFT IP (Intellectual Property) of the Intel FPGA 
(previously Altera FPGA) is used as the FFT core, and this IP is operated in a single delay 
feedback structure of a radix-22, which is one of the well-known pipeline structures for FFT 
calculation. The number of points of FFT is 2048 and the one FFT core is shared by multiple 
sensor channels. 
The data compression rate through this signal processing is 1/10 times compare to real time 
acquisition with 4K samples per second. FFT signal processing is designed to flexibly change the 
frequency band, frequency interval, and averaging method. 
 
 

TEST RESULTS 
 
The functional test of the signal processing unit was performed by inputting the same arbitrary 
signal to the signal processing unit and the commercial signal acquisition equipment. For 



accurate reference equipment, National Instruments’ NI-6351 model with 16-bits ADC is 
selected. The first test was performed by inputting noise, and the two devices have similar results, 
and detailed results are shown in the following figure. The power reduction in the last 8 KHz 
band is due to the cutoff frequency of the input digital filter being 8 KHz. The second test uses 
sinusoids with three frequencies 100Hz, 300Hz, 1KHz as the input signal. The signal processing 
results for two devices show an accuracy within 1 dB error, which is expected to be improved in 
the subsequent development model design. In the case of the attenuation for the band outside the 
signal band, the signal processing unit has higher attenuation than the reference NI equipment, 
which is due to the high attenuation rate of the octave band filter applied to the SPU.  
 

 

Figure 4 Test Result for Third-Octave Processing with White Noise 

 

 

Figure 5 Test Result for Third-Octave Processing with Sinusoidal Wave  

 
The results of the FFT function test are shown in the following figure by inputting the sinusoidal 
wave signal (100Hz, 300Hz, 1kHz) to the SPU and reference equipment. In the result, it is 
confirmed that the FFT result corresponding to the sinusoidal frequency has an accuracy within 1 
dB error. However, some noise or harmonic components are appeared at SPU and not detected in 



the reference equipment, it is necessary to improve the acquisition performance in analog signal 
conditioning circuit of SPU in the future.  
 

 

Figure 6 Test Result for FFT Processing with Sinusoidal Wave 

 
 

CONCLUSION 
 
The FPGA-based signal processing unit proposed in this paper can reduce the amount of data of 
sensor signals with high data rate through digital implementation of multi-stage octave signal 
processing and pipelined FFT signal processing. The developed unit confirmed its validity by 
comparing the performance with the precise reference equipment. This unit has higher 
performance than DSP-based signal processing, so it can perform signal processing that requires 
higher precision and high computation complexity with a larger number of acquisition channels.	
Based on this implementation, other types of digital signal processing algorithms will be 
developed in the future and processing unit will be developed as part of a general telemetry 
device, not just signal processing. Through the sensor signal processing for data compression, it 
will be possible to perform various space environmental measurement for flight tests of the 
Korean space launch vehicle. 
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