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ABSTRACT

A multichannel binary FSK demodulator for spaceborne application has been
implemented using an efficient preweighted and thinned fast Fourier transform (FFT)
algorithm. Theory, configuration, and performance are described and compared with the
analog unit which performs the same functions. Being able to perform the first base 16
pass with add-only operations following preweighting, provided the complexity reduction
which made it feasible to use the FFT to perform the channelization and predetection
filtering.

INTRODUCTION

An efficient preweighted and thinned fast Fourier transform (FFT) algorithm for
performing channelization of multiple signals has been developed. This algorithm has
greatly advanced the applicability of digital techniques for frequency-shift keyed (FSK)
and phase-shift keyed (PSK) demodulators and has been a key factor in providing feasible
multiple channel digital demodulators for a number of space programs.

Described in this paper are the theory, simulation, and breadboard test results of a
noncoherent multichannel FSK demodulator for spacecraft application implemented using
the above digital FFT techniques. This unit is derived from and functionally duplicates an
analog implementation. Spaceborne requirements of low power, radiation hardening, and
high reliability made it necessary to develop a computationally efficient preweighted
version of the FFT to channelize the signals. For Nc channels formed by an N point
preweighted FFT where                 , an add-only thinning operation performs the first base
Nt pass to reduce the original N points to Nc points which are processed by an FFT. This
preweighting with a thinning algorithm 1,2 is considerably more efficient for multichannel
applications than postweighting.

The binary FSK waveform for each channel is noncoherently detected using wideband
FFT channelization and predetection filtering, lowpass postdetection filtering of the signal



amplitudes, and zero crossing bit synchronization of the postdetection waveform. Analog
and digital configurations are compared. Whereas two stages of analog filtering are used to
perform the channelization and predetection functions, a single digital stage is adequate.

Software simulation of the FFT filter responses agree well with the measured hardware
performance. These responses are compared with those measured for the analog filters in
the analog unit. Discussed are the observed word limitation effects due to analog-to-digital
(A/D) conversion, preweight word, and processor word. The processor architecture uses a
special purpose organization with fixed point arithmetic.

Bit-error rate (BER) measurements performed by simulation and verified by hardware
tests indicate an improved performance compared to the analog unit. Discussed are the
results of parameter tradeoff studies, including sensitivity to channel filter output rate and
frequency offset. Also discussed are techniques to reduce the degradation loss of the large
predetection filter bandwidth-time product.

DEMODULATOR CONFIGURATION

An investigation of digital demodulator techniques resulted in establishing the
feasibility of using a digital FFT approach to implement a multiple channel FSK
demodulator. A representative application selected,to evaluate its capabilities is a system
which was previously designed and implemented using a basically analog crystal filter
approach.

The system block diagram in Figure 1 describes the analog crystal filter multiple
channel FSK demodulator. The demodulator input signal is a 75 KHz bandwidth
intermediate frequency (IF) composite signal, composed of 12 channelized FSK signals
and the output signal is a set of PCM bit streams which are the decoded FSK signals. As
noted in the diagram, the complete demodulator consists of the IF processor followed by
the FSK demodulator. The IF processor separates the FSK signals and normalizes their
amplitudes. In the FSK demodulator each signal is filtered by mark and space filters, the
outputs are envelope detected and differenced, and the resulting lowpass signal is filtered
and detected to yield a PCM bit stream as the decoded FSK modulation. Hard limiting in
the IF processor accommodates the signal dynamic range and normalizes the channel
signal input to the FSK demodulator. The 2 KHz mark and space predetection filters are
wide enough to pass the tone signals and their doppler. The lowpass postdetection filter
partially recovers the bit energy-to-noise density (Eb/No) loss in the high bandwidth-time
product predetection filtering to provide a theoretical detection performance (Eb/No versus
BER) which is about 3.5 dB worse than the optimum achieved with matched filtering
detection of the noncoherent FSK signal.



The digital demodulator accepts the same input signal and generates the same output
signals as the analog demodulator. Various configurations of the digital filter bank,
required to perform the multiple channel mark and space filtering, were developed using
recursive and the FFT form of nonrecursive approaches. The digital filter bank has
stringent performance requirements on bandpass ripple, rolloff, and sidelobes since it
performs the combined filtering of the IF processor and FSK democulator. Carrying
through the design configurations and analysis to the stage where it was feasible to make
an estimate of the power and complexity, it was determined that the recursive approach
required too much power, due to the relatively large number of multiply operations, and
could have problems with filter stability unless excessive word lengths were used. The
subsequent effort was devoted to the FFT approach.

Frequency sampling and filter impulse response techniques were investigated with a
computer simulation to determine the complexity for various preweighting and
postweighting implementations. Complexity in the present context refers to the number of
arithmetic operations which must be performed to generate the filter bank mark and space
outputs for a given set of input data. The results of this investigation led to the selection of
a preweighted FFT filter design. To minimize complexity, the FFT was organized to
perform preweighting for filter shaping and a base 16 thinning calculation in the first pass,
to reduce the size of the data set by a factor of 16 after the first pass, and to complete the
FFT calculation on the reduced data set using base 2 passes. This preweighted and thinned
FFT demodulator approach represents an attractive FFT solution. The attractiveness of the
FFT approach stems from its ability to implement a bank of filters having good
interference rejection properties using a minimal number of arithmetic multiply and add
operations.

The digital demodulator configuration is shown in Figure 2 and a photo of the
breadboard demonstration unit is given in Figure 3. Not shown in Figure 3 is the bit
synchronizer portion of the demodulator since it was designed and fabricated as a stand
alone unit.

The digital demodulator functionally can be partitioned into an analog front end and a
digital processor as shown in Figure 2. After filtering, the multiple channel IF spectrum
(75 KHz; bandwidth) is synchronously translated to baseband by the inphase-quadrature
(I/Q) detector and digitized by the analog-to-digital converter to yield a stream of inphase
In and quadrature Qn signal samples for input to the FFT processor. The I,Q spectrum at
baseband is the analytic complex baseband representation of the real spectrum at IF and
accordingly contains all of the information. Physically, it corresponds to recovery of the
baseband single sideband modulation from the IF signal. Sampling the I,Q signals In =
I(nT), Qn = Q(nT) simultaneously at T second intervals provides a 1/T = 160 kHz
unambiguous Nyquist bandwidth (sampled or digital bandwidth) for FFT processing.



The FFT processor replaces the IF processor consisting of a bank of channel filters
followed by limiters, and the FSK demodulator comprised of the mark and space filters,
envelope detector, and low pass detection filter for each channel. Inphase and quadrature
digital data from the A/D converter is transferred to an input buffer and memory. The FFT
processor accepts the data from the memory in block form to derive the filter bank. The
FFT operates most efficiently on blocks of data. At the completion of an FFT computation
the next block of data is transferred from the input memory to the FFT memory via the
FFT processor for preweighting. Subsequently it is passed through the FFT processor the
required number of passes to accomplish the necessary rotations in forming the FFT. FFT
outputs corresponding to the filter locations are the complex outputs of the mark and space
filter bank. For the representative application used in this paper the FFT processor forms a
bank of 64 uniformly spaced identically shaped square mark and space filters across the
160 kHz signal spectrum. These filters provide a performance better than the combined
performances of the IF channel filters and the mark/space filters in the analog demodulator.
The signal dynamic range is accommodated by the A/D converter 12 bit word and the FFT
processor 16 bit word. Amplitude outputs of the mark and space filters are envelope
detected, differenced, and lowpass filtered by a postdetection digital filter for each
channel. Zero crossing of the lowpass filter outputs are detected. A bit synchronizer
smoothes the zero crossing measurements and generates a clock for sampling the lowpass
filter outputs at the mid-bit points. The bit synchronizer was used to reduce zero crossing
jitter and bias distortion. The sampled outputs yield a multiple channel digital output
stream.

The key FFT processor parameters for the multiple channel FSK demodulator are listed
in Table 1.

ANALYTICAL DESCRIPTION

Predection Filtering Signal processing operations consisting of preweighting, thinning,
and the FFT are performed in sequence to implement 64 rectangular predetection filters
spaced at 2.5 kHz intervals. Consider the complex output Ck (nTc) of predetection filter k,
k = 0,1,...,63, at time t = nTc where k corresponds to the filter centered at frequency kfc, fc

= 2.5 kHz, 1/Tc is the output rate of the filter bank, and                                By definition
Ck (nTc) is the convolution of the filter k impulse response Rk,i with the complex signal Zi =
Ii + jQi from the A/D converter, where n,i are time indices.

(1)

Using the Fourier transform time shift property and imposing the constraints that the filters
have identical and symmetrical linear-phase transfer functions, and are equally spaced at 



fc Hz intervals, enables the impulse response Hk,i to be factored into the product of the real
baseband impulse response Wi with the linear phase shift exp(jBfcTki).
Thus

(2)
where Wn-i is both real and symmetric about n-i = 0. Anticipating the application of the
FFT, the sampling interval T is constrained to satisfy

fc = 1NcT (3)

where Nc = 64 is the number of predetection filters. Combining these equations gives the
desired expression

(4)

which is recongized to be a DFT on the preweighted data set                    . This transforms
the predetection filter problem to a linear-phase FIR filter design of the preweight function
Wn-i and a formulation of an efficient algorithm to perform the DFT.

Selection of the window length NT establishes a fundamental constraint on the filter
performance. For implementation convenience the N is restricted to be a multiple Nt of Nc

so that N = NtNc. The thinning ratio Nt is the factor by which the N point DFT is reduced
to the Nc output points. Keeping Nc fixed and increasing Nt increases both the
computational load and the intersymbol interference, and improves the filter shape factor
thereby improving the Eb/No performance and reducing the adjacent channel interference.
Tradeoff studies led to the selection of Nt = 16, yielding N = 1024 and NT = 6.4 ms.

The preweight design problem posed was to select an N point preweight or window which
gives a flat response over 1.8 kHz and 60 dB rejection throughout the stopband starting at
1.6 kHz off center. It proved adequate to use a window consisting of the product of a
rectangular filter window with a suitable smoothing function. This gave a simple analytic
expression for optimizing Wn-i as a function of Nt, passband, and stopband. Inhouse studies
have demonstrated that an additional performance improvement can be obtained using a
Wn-i derived through windowing, frequency sampling, and Chebyshev approximation
methods.

The thinning algorithm performs the first Nt FFT pass as an add-only or presum
operation. For notational convenience set n = 0 and start the DFT summation at the
beginning of the data window. This enables Ck in (4) to be rewritten



(5)

Let                                                                                                    And define the
thinning algorithm 

(6)

Using (6) the Ck equation (5) reduces to a DFT over the Nc presum variables                    

(7)

Recognizing that the weighted data samples spaced at Nc intervals are rotated through
the same phase angle by the DFT enabled this set to be presumed in (6) using an add-only
operation thereby effectively thinning the number of DFT points from N in (5) to N/Nt =
Nc in (7).

The DFT in (7) was implemented with the FFT algorithm

Definitions:

(8)



                                    
                                    bit reversed value of k relative to N

which is a base 2 decimation-in-time formulation having the desired inplace and recursive
properties.

Equation (6) for preweighting and thinning and (7) for the FFT were implemented to
compute the set of 64 predetection filter values Ck at Tc second intervals. Mark and space
filters for channel m, m = 1,...,12, are the contiguous pair Ck, Ck+1 where the dependency
of k on m is suppressed for convenience. Outputs are amplitude detected and differenced
to form the bipolar baseband signal Xn at t = nTc. The ideal expression for Xn

(9)

is closely approximated in the digital realization. The selected output rate is 1/Tc =
1.25 kHz.

Postdetection Filtering  The baseband digital stream Xn is lowpass filtered

(10)

to generate the postdetection filter output Yi. When the transmitted waveform is an
alternating mark/space pattern, under low noise conditions the output Yi is a 75 Hz zero-
mean triangular waveform. The postdetection filter weights                 were selected to
balance the Eb/No versus zero-crossing jitter performance. Selected 16 weights gave a
12.8 ms integration period in (10) which is slightly less than the 1/75 Hz = 13.3 ms bit
length.

Bit Synchronization  The bit synchronizer tracks the postdetection filter output
waveform Yi, generates a mid-bit clock, samples the Yi at the mid-bit times, decides if a
+1 or -1 has been transmitted corresponding to a mark or space tone, and outputs the
75 bps demodulated data stream. The 1-dimensional Kalman tracker configuration was
selected as an effective way to minimize the mean square error of the zero crossing jitter
for the intended application where the received data is gated by a stable clock. Acceptance
time gates (tracking windows) are used as the discriminant to separate the two types of
data corresponding to the presence or absence of a message. A track quality is derived
from the cumulative observations on whether the zero crossings fall within the predicted
track windows, and is the discriminant which decides when there is a valid message
present. In the absence of track dropout during a message which should be a rare event,
this approach yields the same performance as a Bayesian decision criterion which is



considerably more complex. Therefore, from a practical viewpoint this is the preferred
approach.

DEMODULATOR PERFORMANCE

The FFT processor and bit synchronizer were designed as stand-alone units so that they
could be fabricated and checked out independently and in parallel. Debugging and
checkout of both units have established that they perform as designed. Simulation and
hardware test results are summarized in Figures 4 through 8.

A software model of the digital hardware configuration was developed to enable an
optimal selection of digital design parameters, predict system performance and verify the
breadboard demonstration unit configuration. Basic programs were written to operate with
or without bit limited word lengths in the simulated processor. The software programs
were used to finalize the selection of the fast Fourier transform preweighting coefficients,
detection filter coefficients, the preprocessor word lengths, scaling and truncation
throughout the processor and the FFT output rate. Simulation runs were also used to
determine the effects on performance of multiple signals and dynamic range. Simulations
showed that the 1.25 kHz FFT output rate is a reasonable compromise between FFT
processor complexity and signal-to-noise performance (see Figure 4), verified the mark
and space predetection filter design, and was used to design the lowpass detection filter.

With the preweighting set equal to unity, the measured mark and space channel filter
responses closely follow the theoretical sin X/X curve (see Figure 5). With normal
preweighting and with full signal strength, the 60 dB adjacent channel rejection was
demonstrated (see Figure 6a), the filter skirts are steeper than those for the present crystal
filters, and the measured values are in close agreement with the simulation. Decreasing the
signal strength to -47 dB relative to full scale raises the mark and space filter sidelobes
from -60 dB to about -33 dB (see Figure 6b). A further decrease in signal strength to
-57 dB raises the sidelobes to about -20 dB (see Figure 6c). The hardware demonstration
unit has a 12 bit output from the preweight multiplier. This introduces a preweight
quantization error in addition to the signal quantization error at low input signal levels. To
significantly reduce this error source the multiplier output word should be increased to
14 bits or more. Simulation results compared to the measured filter response in Figure 7
indicate that this change would make a considerable improvement. The 16 bit processor
word is large enough to safely accommodate this increased word size without excessive
increase in the truncation errors as verified by these simulation results. Only a slight
change in the processor would be required for the preweight multiplier output to be
increased from 12 to 14 bits, thereby reducing the quantization effect of the preweight and
enabling the sidelobes to be reduced to about -30 dB. This type of improvement would be
expected throughout the lower part of the signal dynamic range (see Figure 7). Simulation



results confirmed that the losses due to mark/space filter bandedge rolloff were
signficantly less for the digital implementation than they were for the analog
implementation.

A key performance parameter is the bit error rate (BER) performance versus Eb/No. For
the digital demodulator the BER performance is from 1 to 4 dB better than for the analog
demodulator as indicated by the BER versus Eb/No curves in Figure 8. Theoretical,
simulated and measured (analog and digital) BER performances are plotted for comparison
in Figure 8.

FUTURE APPLICATIONS

Analyses have been made to determine the feasibility of increasing the configuration
complexity to achieve increased operational flexibility and performance improvement. An
example is the use of several filters within each mark and space passband. Effective use of
these smaller bandwidths for the mark and space predetection filters will result in an
increase in signal-to-noise ratio (SNR) while still allowing for the same frequency
uncertainty in the received signal due to doppler and oscillator uncertainty. It is possible to
achieve more than an additional 2 dB increase in signal-to-noise over the present digital
demodulator performance through the use of the multiple filter bank approach to the mark
and space filters, which reduces the bandwidth-time product of the mark and space filters.3

This additional partitioning of the mark and space filters requires a reorganization of the
FFT and some increase in demodulator complexity.

The FFT digital approach can be extended to a multiple channel 8-ary FSK
demodulator envisioned for future systems, whereas a considerable strain would be placed
on the realizability of an analog approach. The latter concept would require a considerable
number of crystal filters and much closer spacing of the FSK tones, resulting in an
appreciably heavier crystal filter construction. These considerations, combined with the
promising FFT demodulator results indicate that a digitally implemented 8-ary FSK
demodulator is an appropriate choice for future systems. The digital implementation also
allows for increased flexibility for anti-jam protection and the capability for providing time
synchronization and frequency tracking for each channel.

CONCLUSIONS

The concepts of preweighting and thinning have been used in the formation of an FFT
channel filter bank. This technique has provided an efficient means of forming a bank of
rectangular filters. This approach offers reduced complexity since the filter outputs not
required are thinned out in the early stages of the FFT algorithm. This digital
implementation of the multiple channel FSK demodulator promises significant



improvements in electrical and hardware performance. The digital approach requires less
weight and volume; provides improved bit-error rate performance; reduces bias distortion
and zero crossing jitter; and eliminates crystal filter specification problems. Additional
improvements over the analog demodulator are reproducible performance, insensitivity to
temperature and aging, and significantly greater flexibility in meeting future requirements.
Several advancing technologies (e.g., SOS-CMOS I2L, CCD) promise still better electrical
and hardware performance for the digitally implemented approach.
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FIGURE 1.  ANALOG DEMODULATOR



FIGURE 2.  DIGITAL DEMODULATOR SYSTEM BLOCK DIAGRAM

FIGURE 3.  TWELVE CHANNEL BINARY FFT DIGITAL DEMODULATOR
BREADBOARD

FIGURE 4.  DIGITAL DEMODULATOR SIMULATION: SENSITIVITY TO
FFT OUTPUT RATE FOR NON-BIT-LIMITED OPERATION



PARAMETER VALUE/
CONDITION

A/D
CONVERTER

4. QUANTIZATION
5. OUTPUT

12 BITS
BIT PARALLEL

FFT 6. DATA POINTS/F FT, N
7. COMPLEX SAMPLE RATE, 1/T
8. THINNING RATIO
9. NO. OF MARK AND SPACE FILTERS, N/16
10. SPACING OF MARK AND SPACE FILTERS, 16/NT

1024
160 KHZ
16:1
64
2.5 KHZ

PROCESSOR 11. FFT OUTPUT RATE
12. PROCESSOR CLOCK RATE
13. PROCESSOR WORD LENGTH

1.25 KHZ
2.88 MHZ
16 BITS

TABLE 1.  FFT PROCESSOR PARAMETERS

FIGURE 5  FFT PROCESSOR MARK SPACE
FILTER RESPONSE TO SIGNAL LEVEL

WITHOUT PREWEIGHTING



FIGURE 6.  FFT PROCESSOR MARK SPACE FILTER RESPONSE
TO SIGNAL LEVEL WITH PREWEIGHTING

FIGURE 7.  FFT PROCESSOR ATTENUATION IN ADJACENT
CHANNEL VERSUS SIGNAL LEVEL



FIGURE 8.  COMPARISON OF THEORETICAL, SIMULATED
AND MEASURED BER PERFORMANCE (WT = 26.7)

 


