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Abstract

Over the past year we have been exploring the use
of FPGA-based custom computing machines for several
sonar beamforming applications, including time-domain
beamforming[1], frequency-domain beamforming, and
matched field processing. In many ways sonar process-
ing fits the criteria found in [2] for good FPGA applica-
tions — the computations are data-parallel, they require
little control, the data sets are large (infinite streams), and
the raw sensor data is at most 12-bits. However, they have
three characteristics which make them challenging. First,
they involve intensive arithmetic (multiply-accumulates
and trigonometric functions) on real and/or complex data.
Second, they require significant memory support, far be-
yond that indicated in much previously published work.
Third, the scale of the computation is large, requiring (pos-
sibly) hundreds of FPGAs and high-bandwidth intercon-
nections to meet real-time constraints. Below we will ad-
dress the first issue while issues two and three are handled
in [1] and will be addressed further in future work.

Beamforming[3] is a spatial filtering operation per-
formed on data received by an array of sensors, such as
antennas, microphones, or hydrophones. It provides a sys-
tem with the ability to “listen” directionally even when the
individual sensors in the array are omnidirectional. Beam-
forming not only causes the system to be more sensitive to
signals coming from a specific direction, but also attenu-
ates noise and interference coming from other directions.
The central idea in beamforming is to sum the signals re-
ceived by an array of sensors such that signals arriving
from a given direction are added coherently; this results in
a maximum signal response in the desired direction, while
signals arriving from other directions will not be added in-
phase, meaning that they will experience destructive inter-
ference. Using a knowledge of the receiving array’s geom-
etry, the speed of sound in water (for sonar), and the desired
direction of arrival, the designer can calculate the relative
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amount of phase shift a signal experiences as it propagates
across the array and can thus compensate for the observed
phase shift at each sensor to perform coherent summing of
the signals.

Frequency-domain beamforming does the phase-
shifting and summing of the data in the frequency, or
Fourier, domain. In the first stage of processing N-point
FFTs are performed on each sensor channel’s data. In the
second stage beams are formed by multiplying this block
of complex data by a similarly sized array of weights to
perform the phase-shift. Summing across sensor chan-
nels for each frequency bin, a N-element column vector
results for each beam. In the third stage an inverse FFT
(IFFT) is performed on this vector to provide the time-
domain beam response. Assuming10, 000 beams are to
be formed, for instance, the second and third stages are
performed10, 000 times and thus represent the bulk of the
computational load. Pseudo-code for the second and third
stages of the computation is provided in Algorithm 1. For
this computation, we assume the data values produced by
the FFT stage are 32-bits each (16-bit fixed-point values
for both the magnitude and phase).

Algorithm 1 Pseudo-Code for Frequency-Domain Beam-
forming (single beam, 2nd stage of processing)
formBeam(b) {

for (f=0;f<256;f++)
response[f] = 0;

for (s=0;s<numSensors;s++)
for (f=0;f<256;f++)

response[f] += weight[b][s][f] *
freqData[s][f];

result = IFFT(response);
}

Due to the ease and precision of performing FFT com-
putations on a DSP, our implementation uses a few DSP
boards to compute all of the FFTs and IFFTs. We created
FPGA designs for performing the compute-intensive mid-
dle stage—the complex phase shifts and accumulations.
These operations can be performed with the data in ei-
ther rectangular or polar formats. In rectangular, the com-
plex phase shift/accumulate operation (CPAC) can be per-



formed through multiplication by a complex weight and a
complex addition, which requires four multiplies and four
adds. Alternatively, using the polar form, the CPAC can
be performed through an add for the phase shift, a polar-
to-rectangular conversion, and two additional adds for the
complex accumulation.

Despite the fact that the polar form alternative is usu-
ally too expensive for DSPs and other processors, we
found that by using CORDIC[4] to perform the polar-to-
rectangular conversion, the polar alternative for the compu-
tation is preferable for a fully-pipelined FPGA implemen-
tation since it requires three adders and a fully pipelined
CORDIC unit as opposed to four fully pipelined multi-
pliers and four adders. Note that a fully pipelined 16-
bit CORDIC unit occupies about the same area as a
fully pipelined 16-by-16 multiply circuit on a XILINX
4000XL-series FPGA (425 Xilinx 4000EX/XL CLBs for
the CORDIC vs. 400 CLBs for the multiplier) and can be
clocked at>40 MHz, thus the polar-based design leads to
a significant hardware savings.

Additionally, we found an enhancement which can
greatly reduce the amount of memory required for the
beamforming processors. Each weight has the form of a
complex exponential:ej×φ which can also be expressed as
ej×ω×∆t. For a given beam, the same∆t is used for all
frequency bins associated with a single sensor. At the cost
of an additional multiply, the memory requiredper beamis
reduced by a factor equal to the number of frequencies be-
ing processed. With an FPGA, the execution cost of the ad-
ditional multiply is hidden via pipelining, something likely
not possible in a programmable processor.

The hardware for the performing the core CPAC com-
putation with optimizations is shown in Figure 1. This
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Figure 1: Beamforming PE Organization

PE was coded and simulated in VHDL and then synthe-
sized to both Xilinx 4062XL and 4085XL parts, achieving

a clock rate of 40MHz for two PEs per FPGA. Due to
fully pipelined implementations, each FPGA can compute
at a rate of 80million CPACs/second.

Considering that DSPs have been designed for perform-
ing digital filtering in the time- and frequency-domains
and are amenable to embedded computing, we compared
our FPGA results with what can be done using one of
the most powerful, multiprocessing-savvy DSPs currently
available, the Analog Devices SHARC DSP. With the
ability to perform a multiply-accumulate (MAC) opera-
tion per cycle along with operand fetches, the 40 MHz
SHARC ADSP21060 can complete a complex MAC in
four cycles and, thus, can compute at a rate of 10million
CPACs/second. This implementation can require orders of
magnitude more memory than the mixed polar/rectangular
approach used by the FPGAs. If memory is at a premium,
the SHARC can perform the same calculation as the FPGA
design above which requires 8 cycles per CPAC, leading to
a computation rate of 5million CPACs/second. Thus, each
FPGA can perform the computation of 8–16 SHARC DSPs
for this application using fixed-point data.

This work demonstrates that FPGAs are effective in sig-
nal processing applications, especially, when the applica-
tions meet many of the criteria mentioned in [2], when
DSPs require multiple cycles for the kernel operations,
and when the calculation’s simplicity allows each FPGA to
hold several processing elements. With an FPGA’s ability
to support several processing elements per chip and con-
sidering the relatively moderate clock rates of most DSPs,
there should be many cases where FPGAs are a better
choice than integer DSPs. Also, this work demonstrates
the utility of CORDIC for FPGA-based signal processing.
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