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Abstract
Due to rapidly increasing downlink data rates between spacecraft and ground stations, the
National Aeronautics and Space Administration (NASA) has developed an all-digital variable
data rate receiver. The majority of the receiver is implemented on a single complementary metal
oxide semiconductor (CMOS) application specific integrated circuit (ASIC) that is capable of
processing data rates in excess of 300 mega-symbols per second or 600 mega-bits per second
(Mbps) using quadrature phase-shift keyed (QPSK) modulation [1-5]. Developed jointly by the
Goddard Space Flight Center and the Jet Propulsion Laboratory, the high rate digital demodulator
(HRDD) ASIC uses parallel processing algorithms, which combined we call the advanced parallel
receiver architecture (APRX), to perform the necessary functions of a satellite communications
receiver.
An overview of the next generation of the advanced parallel receiver architecture (APRX) is
presented here, including a new parallel adaptive equalizer currently being implemented. The
next generation receiver implementing this architecture will process in excess of 600 Megasymbols per second; the ASIC will process in excess of 1.2 Gbps using quadrature amplitude
modulation (QPSK) and 2.4 Gbps using 16-quadrature amplitude modulation (QAM). The
majority of the functions of the receiver are performed in the next generation high rate digital
demodulator ASIC. A key property of such high data rate wireless communications systems is the
use bandwidth efficient modulations often achieved through the use of sophisticated pulseshaping. The next generation ASIC, like the current generation ASIC, is designed to have
programmable matched filters. The detection/matched filter bank in the ASIC should be
programmed to “match” the received pulse-shape. This is particularly important for good biterror-rate performance in systems employing higher order modulations, such as 16-QAM
employing partial-response pulse-shaping spanning many symbols. Such bandwidth efficient
pulse-shaping methods require many coefficients in the matched filter; this creates increased
computation and complexity in the receiver. Often such ideal receivers are not practical or
possible to implement, and sub-optimal detection filtering techniques must be used. We will
demonstrate that the use of a sub-optimum or truncated matched filter in some systems introduces
severe intersymbol interference (ISI) distortion that results in poor BER results. However, we
demonstrate for a specific pulse-shaped 16-QAM that if the demodulated baseband symbols are
processed with a relatively simple equalizer very good performance may be achieved. The overall
system complexity of such a system may be much lower than implementing the true matched
filter [6]. Finally we present an overview of the next generation advanced parallel receiver
(APRX) capable of demodulating such pulse-shaped 16-QAM that includes a novel parallel
adaptive equalizer.

Introduction
This paper expands upon previous work to outline the processing necessary to demodulate
bandwidth efficient pulse-shaped 16-QAM modulation using the next generation advanced
parallel digital receiver architecture (APRX). The system described and analyzed in this paper
utilizes square root raised cosine (SRRC) pulse shaping of 16-QAM symbols. The performance of
the receiver will be assessed by analyzing the performance of a simplified receiver model and
comparing the results with a software simulation of the APRX. It will be shown that large losses
due to sub-optimal detection filtering introducing intersymbol interference (ISI) require
equalization to obtain good BER performance. The BER performance in this ISI distorted
environment is measured with an equalizer (non-fractionally spaced) both through analytical
modeling and via software simulation. Finally, an overview of the next generation APRX
including the new adaptive parallel equalizer will be given. These two will be combined into a
demodulator applications specific integrated circuit capable of data rates in excess of 2 Gbps.
Figure 1 illustrates a high level block diagram of the next generation parallel digital receiver.
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Figure 1. Next Generation Receiver Incorporating a Parallel Adaptive Equalizer
Like the current generation receiver operating within NASA, the next generation receiver
accomplishes almost all processing, in particular demodulation and carrier phase estimation,
symbol-timing estimation, and matched filtering, at a rate that is 1/16th the analog-to-digital
sampling rate so that CMOS processing may be used. Finally, four samples per symbol are used
and the intermediate frequency into the A/D is determined by the relationship, f IF = (2k ± 1) f s ,
where k is some integer and fs is the sampling frequency of the A/D [7]. Obviously k must be
chosen such that the bandwidth of the modulated data falls within the bandwidth of the A/D.
Performance Analysis and Simulation Results of the APRX Demodulating SRRC PulseShaped 16-QAM Modulation
The ideal transmitter-receiver filter pair is two identical SRRC filters with infinite order (infinite
time duration) [8]. In practice the length of the filters must be truncated for implementation
purposes. Truncation of the transmit and receive filters causes energy loss and ISI distortion. In
practice, SRRC filters spanning many symbols in length are possible to implement with very
small losses in BER, on the order of tenths of decibels. For the purposes of evaluating the
performance of the APRX, here a high order SRRC filter is used. A high order square root raised
cosine transmit filter with roll-off factor of 0.25 whose impulse response spans eight symbols was

used to filter the data symbols at the transmitter. The frequency response of the transmit filter is
given in Figure 2.
Due to the size of the frequency domain detection filter in the APRX ASIC (and the next
generation ASIC), the maximum realizable filter length is 16 taps (spanning four symbols).
Assuming a perfect channel the ideal receiver detection filter is a SRRC filter equal to the time
reversed transmit filter. Using the truncated frequency domain filter creates large losses due to ISI
distortion. This system, with an adaptive least-mean square equalizer [9] is illustrated in Figure 3.
The bandwidth of the anti-aliasing bandpass filter prior to the analog-to-digital converter is 2
times the symbol rate. Four samples per symbol are used in the transmitter (32-tap transmit filter
spans eight symbols) and in the receiver after the A/D.

Figure 2. Spectrum of Transmit Filter, SRRC Roll-Off Factor=0.25
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Figure 3. Model of Pulse-Shaped 16-QAM Transmitter and APRX Receiver with Addition of a
LMS Adaptive Equalizer
A simplified transmitter receiver base-band model more readily analyzed analytically is given in
Figure 4.
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Figure 4. Simple Analytical Single Channel Base-band Model

The output of the received filter of one channel of the simplified system illustrated in Figure 4 is
given by z (t ) = ( x(t ) ∗ hT (t ) + n(t ) ) ∗ hR (t ) . Here n(t) is additive white Gaussian noise. The
transmit and receive filters hT(t) and hR(t) are given by
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and

The window function, W1(t) and W2(t) are given by:
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For the bit error rate calculation, it was assumed that the ISI contributing to a single symbol in
one channel (assuming no cross-talk between channels) is caused by three future symbols and
four past symbols. Since there are four equally likely values for each data symbol, there are
48=65,536 possible data patterns at the output of the sampled detection filter. The energies of the
filtered outputs resulting from all of these data patterns were calculated and used in the following
equation for conditional QAM symbol error probability [11]:
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erfc( Ad2Tsym / N 0 . Here Ad2 is the energy of the matched
2
filtered output (the energy of z(n)) given the transmitted eight bit sequence d. The average
symbol error rate is determined by averaging over all 65,536 conditional error probabilities found
from (5), and the average bit error probability is given by Pe (bit ) = Pe ( sym) / log 2 ( M ) [11]. In
our system Equation 5 is an approximation to the true symbol error rate as it assumes that a true
matched filter is used. Without equalization the system of Figure 5 with discrete-time transmit
and receiver filters derived from equations 1-4 yields poor BER results. A five coefficient linear
equalizer with coefficient vector ŵ for ISI reduction was derived analytically for all (65,536)
data patterns. The average equalizer was then obtained by averaging all of the five tap minimum
mean square error (MMSE) equalizer coefficients obtained for each possible data pattern [10].

where M=16 and. Here, P1 (d ) =

The equalized symbols (using the average equalizer) are then given by z ′(n) = wˆ (n) ∗ z (n) , as
illustrated in Figure 5.
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Figure 5. Simplified Baseband APRX Simulation Model with Pulse-Shaping Transmit Filter,
Sub-optimal Truncated Matched Filter and Average LMS Equalizer
Figure 6 illustrates the average bit error probabilities for the analytical model given in Figure 5
and the simulation results using a software model of the transmitter, channel, and APRX with
adaptive LMS equalizer (Figure 3) to demodulate SRRC pulse shaped 16-QAM. For the receiver
software simulations, five and eight tap equalizers were employed using the LMS algorithm and
both carrier and symbol synchronization were performed by the receiver simulation model
(perfect synchronization was not assumed). Note that there is less than 0.3 dB difference between
performance curves obtained from the analytical model with 5-tap average equalizer (Figure 5
and equation (5)) and the software simulation of the APRX with 5-tap adaptive LMS equalizer
(Figure 3). This loss can primarily be attributed to losses from non-ideal synchronization in the
receiver as well as distortions introduced by the anti-aliasing filter in the receiver software model.
The 5-tap equalizer reduces system BER losses to less than 2 dB in the SNR region of interest
over the ideal system. The simulations with 8-tap adaptive LMS equalizer demonstrated even
better performance, resulting in approximately a 0.7 dB loss in BER.

Figure 6. BER Performance of the APRX Architecture with SRRC Pulse-Shaped 16-QAM; RollOff Factor = 0.25

The conclusion of these performance results is that much of the performance losses incurred from
using a sub-optimum matched filter may be offset with an equalizer. For this and many more
reasons a type of adaptive 16-tap LMS equalizer will be integrated into the next generation
demodulator ASIC. Next we provide a brief overview of the next generation ASIC with focus on
the novel parallel equalizer architecture.
Next Generation APRX With a New Parallel Adaptive Equalizer Architecture
We begin by describing the novel parallel equalizer and its derivation from what we call parallel
sub-convolution filter banks. Figure 7 illustrates a parallel DFT-IDFT filtering architecture for
frequency domain filtering or correlation using the overlap and save method. The DFT-IDFT
length is L+1 (L is odd), and M, the downsample rate, is the number of samples the input window
“slides”. The architecture in Figure 3 has 50% input vector overlap, that is the downsample rate, is
equal to half the input vector length, M = ( L + 1) / 2 . With such an architecture a M+1 tap filter may
be implemented in the frequency domain.
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Figure 7. Overlap-and-Save FIR Filter
The filter, h(n), is zero-padded to length L+1 and then transformed to the discrete frequency domain
via the DFT, to obtain the frequency domain coefficients, H(k)=DFT{h(n)} [12]. It is obvious that
any FIR filter with an order M or less can be used with this same architecture. Similar derivations for
FIR filters have been developed for implementation in software and hardware [7,12]. The limitation
to all of these methods in a concurrent VLSI implementation is that the DFT-IDFT, or fast Fourier
transform-inverse fasts Fourier transform (FFT-IFFT) lengths are increased to increase the order of
the FIR filter to be implemented. We present a solution to this limitation.
Consider the simple convolution sum of equation 6. The convolution may be broken into numerous
sub-convolutions, each time shifted input convolved with a sub-filter, as indicated.
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First we observe that each sample vector input to the DFT of Figure 7, and therefore the frequency
domain vector, is a time delay of M samples from the next sample vector input. From (6), it is
obvious that each of the sub-sums are themselves a convolution with a block of the filter or subfilter, we call these sub-convolutions with sub-filters. The sum of sub-convolution outputs is equal to
the convolution of the input x(n) with the filter h(n). Each of these sub-convolutions may be
implemented in the frequency domain using the technique illustrated in Figure 7, then the results

summed to yield the convolution output. To break a convolution up into R equal length subconvolutions, each (L+1) in length, using this method would require R DFTs, R IDFTs, and R subfilters. Assuming 50% overlap, the DFT-IDFT pairs would each be (L+1) in length, however
simplifications requiring only one DFT-IDFT pair are possible with one additional constraint. We
can derive the constraint simply by realizing that each input vector to the DFT of Figure 7
corresponds to a shift in time of M samples, therefore each frequency domain vector is separated in
time from the previous or next vector by M sample periods. From (7), if j i + M = j i +1 ∀ i , that is
the time delay between each sub-filter is equal to the time delay between time-consecutive input
vectors, then the convolution of (6) may be calculated in the frequency domain by simply delaying
the frequency domain vectors and multiplying by the appropriate frequency domain sub-filter. These
sub-filters are generated as follows.
H k (i) = DFT {hk (n)} i = 0,..., L, k = 1,..., R
(7)

n = 0,..., L
and hk(n) is the k zero padded sub-filter given by:
L −1
, k = 1,..., R
hk (n) = h(n + (k − 1) M ) n = 0,...,
2
(8)
L +1
=0 n=
,..., L, k = 1,..., R
2
Using simple properties of linearity only one DFT-IDFT pair of length (L+1) is required as all of
the frequency domain sub-convolutions may be calculated then summed in the frequency domain
then transformed back into the time domain. The resulting architecture is illustrated in Figure 8.
This system performs convolution at a rate of 1/M that of the sample rate of x(n). It is clear that the
length of the DFT-IDFT pairs may be chosen with rate reduction as the principal design criterion
independent of FIR filter length. This simple architecture then allows relatively short DFT-IDFT
lengths to be used to reduce the processing rate of arbitrarily high order FIR filtering or correlation
operations, yielding overall simple designs.
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Figure 8. Parallel Sub-convolution Filter Bank Architecture

Figure 9 illustrates a new parallel frequency domain LMS equalizer architecture employing subconvolution and sub-correlation. Note that the equalizer has complex inputs (in-phase channel is
real part and quadrature-phase channel is imaginary part) and implements complex taps. The
architecture operates at 1/4th the symbol rate. The architecture performs identically to the so-called
fast LMS [9] with 32-point FFT-IFFTs; a traditional frequency domain LMS equalizer
implementing 16 equalizer taps. Because frequency domain convolution and correlation of the
traditional fast LMS have been replaced by frequency domain sub-convolution and sub-correlation
in this new architecture only 8-point FFT-IFFT pairs are required to implement a 16-tap equalizer.
This greatly reduces the complexity required for implementation. It should be noted that the
architecture is extendable to any tap length while still employing 8-point DFT-IDFTs; thus
allowing for 1/4th symbol (input) rate processing.
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Figure 9. Parallel Frequency Domain Fast LMS Architecture Employing Sub-Convolution and
Sub-Correlation
Using the simple sub-convolution properties the length of the DFT-IDFT may be determined by
the amount of parallelization, or processing rate reduction, desired in a given system. The tap
length of the equalizer may be chosen independently. This is desirable as equalizer tap length is
most often determined by system requirements unrelated to the processing rate of the
implementation. It should be noted that this is merely a high level description of the architecture.
There are numerous properties from linear and multirate systems theory [12,13] in developing the
sub-correlation and gradient constraint algorithms [9]. Note that by using sub-convolution/subcorrelation it is possible to update the taps more often than the traditional fast LMS frequency
domain equalizer using an equivalent number of taps, which may be desirable in certain
applications.
Figure 10 illustrates a block diagram of the next generation APRX currently being implemented by
NASA/GSFC and JPL. Like the current generation; the serial-to-parallel conversion, represented in
Figure 10 by the downsample by 16 blocks following analog-to-digital conversion, is
accomplished in a gallium arscenide ASIC. The majority of processing, including the equalization,

is accomplished in a single CMOS ASIC (next generation high rate demodulator ASIC) operating
at 1/16th the sample rate; that is 1/4th the complex baseband modulation symbol rate. It is
anticipated that the ASIC will have a maximum clock rate of greater than 150 Mhz; thus allowing
for the demodulation of at least 600 mega-symbols per second; (4 × 600 ) / 16 = 2400 / 16 = 150 . This
symbol rate corresponds to 1.2 Gbps QPSK or 2.4 Gbps 16-QAM.
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Figure 10. Next Generation APRX with Parallel Adaptive LMS Equalizer Architecture
Employing Sub-Convolution and Sub-Correlation
Conclusions and Further Work
It was demonstrated that the advanced parallel digital receiver architecture (APRX) may be used
to demodulate SRRC pulse-shaped 16-QAM modulation. However, the best detection filter
(spanning four symbols in time) for SRRC pulse-shaping and roll-off 0.25 that can be
implemented in the APRX yields poor performance due to the ISI distortion introduced by this
filter. It was shown that when a fixed 5 or 8-tap equalizer is used to reduce ISI distortion on the
baseband symbols at the output of the APRX, very good results are obtained. The performance of
the APRX with a 5-tap equalizer was demonstrated both pseudo-analytically and through
software simulations.
We have presented a new fast LMS frequency domain equalizer architecture. The new
architecture employs simple design techniques for designing parallel filter bank architectures
based on the concept of separating a convolution into what we call sub-convolutions. These
techniques allow arbitrarily large convolutions or correlations to be performed using the overlap-

and-save method with virtually any FFT-IFFT length. The lower bound on FFT-IFFT lengths in
the fast LMS algorithms created by tap length is removed using sub-convolution and subcorrelation techniques. The new non-fractionally spaced adaptive equalizer architecture
presented operates at 1/4th the input symbol rate, uses 8-point FFT-IFFTs, is 16 taps and
extendable to higher tap lengths.
The majority of the architecture illustrated in Figure 10 is currently being implemented in the next
generation high rate digital demodulator (HRDD) ASIC at GSFC. The digital receiver based on
this ASIC will be capable of processing BPSK/QPSK/16-QAM with data rates higher than 2.4
Gbps and as low as a few hundred Kbps. The receiver will demodulate these modulations with
virtually any pulse shape and is predicted to operate with BER performance that is approximately
0.5-1.5 dB from the ideal BER, depending on the modulation and pulse shaping employed. It
should be noted that the architecture presented here (Figure 10) may be relatively easily extended
to higher-order QAM modulations, such as 64-QAM that would yield 3.6 Gbps. The CMOS
demodulator ASIC will process samples at 1/16th the A/D rate (1/4th the symbol rate) and have a
maximum clock rate in excess of 150 Mhz.
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