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Abstract—A new type of adaptive beamforming antenna system
architecture is proposed for multichannel wireless communi-
cations. Multibeam communication with high data throughput
is accomplished using the proposed beamformer architecture.
The system consists of analog mixers, a multitone direct digital
synthesizer (DDS), and a digital signal processor (DSP) controller.
The essential idea of multibeam forming is based on a multitone
weighting scheme combined with analog–digital hybrid signal
processing. While the real-time multibeam construction is realized
by the analog mixer circuits and a DDS, the complicated adaptive
beamforming and direction-of-arrival estimation algorithms are
carried out by the DSP. In this architecture, only one beamformer
circuit is required to handle multiple beams, leading to significant
reduction in hardware counts. A 5.8-GHz eight-element adaptive
beamforming array successfully demonstrates two-beam simulta-
neous beamforming with less than three degrees of peak and null
steering errors and more than 20-dB interference suppression.
The test-bed exhibits successful two-channel data recovery at
25-Mb/s data throughput in each channel with binary phase-shift
keying modulation, for simultaneous dual-beam reception. The
bit-error-rate measurement validates the robustness of the com-
munication quality under strong interferences.

Index Terms—Adaptive arrays, microwave communication,
multibeam antennas, space division multiplexing.

I. INTRODUCTION

ADAPTIVE beamforming arrays provide flexible antenna
pattern control and simultaneous multibeam transmitting

and receiving capabilities [1], [2]. Multibeam adaptive arrays
can enhance the performance of wireless systems in terms of
capacity, coverage, and throughput by spatial filtering [2]–[4].
Conventional adaptive array systems utilize a fully digital
signal-processing approach to accomplish the data modulation,
coding, and beamforming [5]–[7]. However, when multiple
beams are required, these systems suffer from I/O and compu-
tation speed limits of the digital circuits. In current technology,
high-speed analog-to-digital (A/D) converters with more than
gigabit-per-second sampling are available and they satisfy
the throughput speed in most multichannel or multibeam
communications. The issues rather come from the overall
throughput speed of the digital signal processor (DSP), which
is usually much slower than its sampling clock speed, due to
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the use of oversampling and the response speed limit of digital
gates. In addition, the DSP has a first-in–first-out (FIFO) buffer
memory system to store a certain amount of data in a fixed
period before processing. This introduces a significant amount
of processing delay that prevents the DSP from operating in
real time. Moreover, separate beamforming networks and data
modulation blocks are required to form a number of beams
simultaneously, multiplying the computation load. These
multichannel throughput tasks at the DSP, connected in series
to the RF front-end, lower the processing speed proportional to
the number of channels and elements.

On the other hand, in analog beamforming systems com-
bined with DSP for parallel weighting computation, high
data throughput can be realized even in multichannel signal
processing since the real-time beamforming tasks are carried
out not by DSP, but by analog multipliers combined with
heterodyne quadrature down-converters [8]. In this way, the
application of weighting vectors is performed as a throughput
in real time by analog circuits. These are free from the clock
and memory delays that would be incurred if the same functions
were to be realized entirely with DSP. The computation task
of updating weighting vectors can be performed slow enough
to fall within the current speed limit of the DSP throughput in
order to track moving targets in real time. A/D converters are
only used to sample the data intermittently for direction-of-ar-
rival (DOA) estimation, which does not require high DSP
throughput. The A/D sampling rate requirement is the same in
either multibeam or single-beam operation. For extremely high
data rates, the sub-band sampling technique [9] can be used to
overcome A/D speed limits. In spite of all these advantages,
this analog–digital hybrid beamforming architecture requires
a separate set of beamforming circuits for each synthesized
beam [8]. Thus, it becomes unaffordable for multichannel (or
multibeam) beamforming applications such as base-station
antennas where more than ten beam outputs are required.

To develop a high-speed adaptive-beamforming smart an-
tenna system with simultaneous multibeam-forming capability,
we propose a novel array architecture using a combination
of analog and digital processing circuits with the addition
of a direct digital synthesizer (DDS) to generate multitone
weightings. The approach offers advantages in both operating
speed and complexity compared to conventional digital and
analog/digital beamforming techniques in multibeam scenarios.
The system uses an analog beamformer to realize real-time
high-speed throughput that maintains nonstop signal flow
for multichannel data communications. Thus, the DSP only
operates for the computation intensive tasks such as DOA
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Fig. 1. Multitone weighting scheme used for the proposed multibeam beamformer.

estimation and weighting computation. In addition, the use
of our multitone weighting scheme reduces the number of
operation units from to in the case of an

-beam scenario using an -element system. The crucial
part of the system is a real-time beamformer consisting of
analog mixers and a DDS. Fig. 1 shows the signal flow of
the multibeam beamformer based on a new concept called
the multitone weighting scheme. The DDS generates a set of
multitone signals where the amplitude and phase of each tone
correspond to one of the complex weighting coefficients. These
coefficients are then applied in the weighting process, which
is accomplished through modulation using analog mixers. The
application of multiple weighting coefficients can be executed
in a single mixer since the local-oscillator (LO) signal supplied
from the DDS consists of multiple tones. This is similar to
the idea of the frequency-division multiple-access (FDMA)
scheme used in wireless communication. For this reason,
multiple antenna beams can be formed without much increase
in hardware expenses. After beamforming, those channels
can be flexibly selected using bandpass filters (BPFs). The
selected channel signals are recovered by demodulation using
the corresponding multitone carriers.

This paper is organized as follows. First, the system con-
cepts and simulated results for the proposed multibeam beam-
former are introduced. The measured component performances
of the RF front-end and multibeam beamformer are then given
as a circuit overview. Finally, the measured system performance
including DOA estimation error, two-channel adaptive beam-
forming, data recovery, and bit-error rate (BER) performance is
presented to validate the original concept.

II. MULTIBEAM BEAMFORMER CONCEPT

Fig. 2 shows the block diagram of the proposed multibeam
adaptive array. It is assumed that the -channel RF signals
sharing a common RF carrier with different baseband data

are incoming from different directions. First, the received
-channel RF signals in the element antenna array are

down-converted to low-IF signals. The IF signal at the th
element is expressed as

(1)

where is the angular frequency of the IF signal, is
the baseband data of the th channel, and is the phase
of the th channel IF signal at th element. The IF signals are
then split into two paths; one goes to the DSP controller and the
other to analog mixers in the beamformer. In the DSP controller,
the IF signals are sampled at the A/D converter. sets
of weighting coefficients are subsequently computed at the DSP
based on the sampled IF signals. In a traditional multibeam con-
struction architecture, sets of multiplication compo-
nents would be needed for vector weighting process. However,
in the proposed architecture, the same weighting function is ac-
complished at an expense of only sets of analog mixers
due to our use of the FDMA concept.

The -tone I/Q DDS plays an important role in this multi-
plication process. The main role of the DDS is to modulate the

-channel weighting coefficient sets onto -tone carriers in
quadrature-amplitude-modulation (QAM) form. The time-do-
main DDS output signal at the th element is expressed as

(2)

where and represent real and imaginary components
of complex weighting coefficients and is the carrier fre-
quency for the th channel. In the proposed beamformer, the
vector multiplication of the -tone weightings from the DDS
and -element IF signals from the down-converter is carried
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Fig. 2. Proposed multibeam adaptive-beamforming receiver system block diagram.

out by analog mixers. Assuming each mixer works as an
ideal multiplier, the output signal of the th element mixer is
expressed as

(3)

Once this multiplication is done at each mixer, the IF signals
are not only weighted to form independent beams, but also
up-converted to -channel frequencies. The weighting vector
summation is subsequently carried out using an -way power
combiner where the multitone weighting process is completed
as follows:

(4)

The factored form of (4) contains both sidebands along
. Both upper sideband (USB) and lower

sideband (LSB) components contain only th channel base-
band information from the multitone weighting multipli-
cation process, but their phase polarities upon weighting are in-
verse with respect to each other. Thus, one of the sidebands must
be eliminated with subsequent BPFs to prevent image beam de-
tection.

After this weighting process, sets of BPFs are used for
channel selection. In the prototype, only the USB component
at frequency is selected in each

channel to hold the positive phase polarity upon weighting. The
spectrally separated signals are then down-converted by the cor-
responding carrier frequencies using

analog mixers. The IF signals are finally recovered using
low-pass filters (LPFs) where the unwanted harmonic compo-
nents are removed. The baseband signals are obtained using any
standard IF receiver in the subsequent stage.

Thus, the proposed multibeam beamformer can reduce the
number of mixers from to for weighting
multiplication process. In addition, the down-conversion does
not require the IF signals to be separated into in-phase (I) and
quadrature-phase (Q) signals because the DDS can generate
the complex form of the weightings in QAM. Since the I/Q
down-converter and I/Q mixers for the weighting process are not
required, the number of mixers is further reduced by a factor of
two. This results in a simple and cost-effective down-converting
and beamforming architecture for multibeam beamforming ap-
plications.

The -channel multibeam beamformer can create sets of
independent beams pointing toward signals of interest (SOIs) by
providing maximum gain to each estimated DOA. Meanwhile,
the beamformer also suppresses interference and multipath sig-
nals by creating up to sets of distinct nulls toward sig-
nals not of interest (SNOIs).

III. SIMULATED RESULTS

The simulation of a four-channel multibeam beamformer
with eight elements is carried out using a mathematical model
in MATLAB. The simulation scenario is that the down-con-
verted IF signals simultaneously received from four different
directions ( 20 , 0 , 10 , and 30 ) are fed into the eight-el-
ement inputs of the multibeam beamformer. It is assumed that
these IF signals include different baseband data (pseudonoise
(PN) random codes for channels 1 and 2 and tone signals for
channels 3 and 4), but shares a common IF carrier frequency
at 33 MHz. At the DSP controller, the weighting coefficients
for each channel are computed after the DOA estimation by
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Fig. 3. Simulated output spectrum of the weighted sum before and after BPFs.

the ESPRIT algorithm. The DDS subsequently generates the
four-tone quadrature weightings that include amplitude and
phase information for main-beam and null steering. The carrier
frequencies for respective channels are 100, 300, 500, and
700 MHz.

After the weighting vectors are multiplied, the original IF sig-
nals from four different directions are up-converted onto those
four tones and summed among different antenna elements. The
weighted signal spectrum is shown in Fig. 3. From the spectrum,
it is clearly observed that each up-converted signal contains cor-
responding baseband data only for a desired SOI channel since it
is properly weighted. This indicates successful multibeam con-
struction process. The individual BPF subsequently selects a
USB component of the desired channel from the spectrally sepa-
rated (four-tone) up-converted signals, as is also shown in Fig. 3.
To prevent image beam detection and inter-channel crosstalk, it
is necessary for the BPFs to provide fine filtering of undesired
frequency components. Each BPF is also required to have a flat
and wide passband to pass the IF bandwidth in order to prevent
additional signal distortion in the mux/demux process. Finally,
for the channel recovery, each signal is down-converted by mul-
tiplying the corresponding tone at the second-stage mixer, and
filtering out the harmonic components with an LPF.

Fig. 4 shows the simulated four-channel adaptive beam-
forming results. The recovered IF signals are used to plot these
beams. It is observed that each recovered IF signal forms a peak
toward the intended SOI direction. At the same time, it exhibits
nulls toward the angles of three other interference signals with
respect to each other. The mathematical model in MATLAB

validates the simultaneous multiple-beam forming capability
of the proposed beamformer architecture. Fig. 5 shows the
recovered baseband data in the respective channels plotted
with original baseband data in the simulation. The baseband
data are successfully demodulated back into four channels
without loss of information. Since the ideal components are
used to represent analog mixers, combiner/dividers, and filters,
signal distortions due to time-delay response, nonlinear effects,
unwanted harmonics, and intermodulations are not observed in
the recovered baseband data.

Fig. 4. Simulated beamforming results from the recovered IF signals.

IV. CIRCUIT OVERVIEW

A multibeam adaptive array system consisting of a planar an-
tenna array, RF–IF down-converter, and beamformer has been
developed to validate the proposed concept experimentally. The
test-bed with an eight-element linear array is capable of two-
channel simultaneous beamforming and data recovery based on
the space-division multiple-access (SDMA) concept ( ,

).

A. RF Front-End and Phase Calibration

Fig. 6 shows the RF front-end consisting of a broad-band
quasi-Yagi array [10] and an RF-IF down-converter.

The RF–IF down-converter consists of three-stage RF low-
noise amplifiers (LNAs) with 34.5-dB gain, RF mixers with
9.5-dB conversion loss at 10-dBm LO power, IF variable gain
amplifiers (IF VGAs) with up to 25-dB gain, and LPFs. For

50-dBm RF input power at 5.8 GHz, the IF signal power is
boosted up to 0 dBm at 30 MHz by the IF VGAs. The IF VGAs
are used to calibrate gain errors among elements of the IF sig-
nals.

The phase errors of the down-converter outputs are calibrated
using sampled IF signals before weighting computation. This is
done since they significantly affect the DOA estimation error
and introduce degradations in the final beamforming patterns
such as misalignment of peaks and nulls, as well as increased
sidelobe levels. Considerable shifts in null locations may also
result, which can severely impair the degree of interference sup-
pression. In measurement, the circuit phase errors between ad-
jacent elements are calibrated by receiving the RF signal from
the broadside direction. In this case, it is expected that RF input
signals arrive in-phase so that the IF output signals are also
in-phase. Since circuit phase errors are expected to be constant,
these fixed phase deviations are corrected to be in-phase by mul-
tiplying them with their own antiphase factors. The antiphase
factors, i.e. phase-calibration factors, are obtained by detecting
the phase of the sampled signals at the IF frequency using the
Fourier transform.
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Fig. 5. Recovered baseband data plotted with the original data in simulation.

Fig. 6. RF front-end.

Fig. 7 shows the sampled IF signals before and after phase
calibration. Before phase calibration, although the amplitude er-
rors are corrected by the gain calibration at the IF VGAs, the

phase deviation among elements is observed to be around 30
due to the circuit phase errors. However, after phase calibration,
the circuit phase errors are significantly reduced within 1 so
that enhancement of DOA estimation is expected.

Fig. 8 shows the estimated beamforming plots with and
without phase calibration when the RF signal from the broad-
side direction is received. After the phase calibration, since
the computed weighting coefficients are not influenced by the
circuit phase errors of sampled IF signals, the uncalibrated
main-beam peak, which is shifted 2 from the broadside
direction due to the circuit phase errors, is corrected, and
the distorted beam pattern shape becomes symmetric. This
phase-error calibration of the RF front-end is carried out before
each measurement in this paper. The phase-calibration factors
are always applied in the calculation algorithm before DOA
estimation and weighting computation to minimize final peak
and null steering errors.

B. Multibeam Beamformer

Fig. 9 shows the multibeam beamformer including the analog
beamformer and two-tone I/Q DDS. The two-tone I/Q DDS ar-
chitecture is constructed using 8-bit D/A converters, differential
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Fig. 7. Sampled IF signals before and after phase calibration.

Fig. 8. Estimated beamforming patterns with and without phase calibration.

amplifiers, quadrature modulators, and BPFs. (2 8) sets of the
computed weighting coefficients (for two channels, I/Q pair, and
eight elements) in the DSP are directly applied in digital form
to the DDS, where two-tone quadrature weightings for eight el-
ements are generated. The two-tone carrier frequencies are 230
and 390 MHz, respectively. The recovery quadrature modulator
is used to provide a synchronized LO source in channel recovery
process.

Although the DDS architecture in this prototype is con-
structed using a number of components, the whole structure
can be integrated into one chip in current DDS technology.

The analog beamformer mainly consists of weighting mixers
(for up-conversion), channel-selection BPFs, and recovery
mixers (for down-conversion). Passive analog mixers oper-

Fig. 9. Multibeam beamformer.

ating from dc to 650 MHz are used to provide good output
linearity on weighting and recovery. The analog beamformer
includes three-stage wide-band BPFs with 1-dB passband of
230–260 MHz for channel 1 and 390–420 MHz for channel
2. For fine channel selection and image beam cancellation,
these BPFs provide over 40-dB inter-channel suppression and
20-dB LSB suppression. The output stage of the recovery mixer
includes a single-stage IF VGA with up to 40-dB gain and an
LPF with 3-dB cutoff at 33 MHz to retain high SNR channel
outputs.

In the experiment, the A/D converter for sampling and
the DSP for weighting computation are replaced by an
eight-channel digital oscilloscope with 200-Ms/s sample
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Fig. 10. Constellation plots of the two-tone DDS output at 230 (Ch1) and 390 MHz (Ch2).

rate and a personal computer, respectively. The sampled IF
signals at the digital oscilloscope are digitally transferred to
the computer through a general-purpose interface bus (GPIB)
interface. The DSP function is carried out by MATLAB. The
weighting computation in MATLAB is implemented in the
following manner. The quadrature components of the sampled
eight-element IF signals are first obtained using the Hilbert
transform. The DOA estimation is then carried out using one
of the standard algorithms, i.e., ESPRIT [11]. In ESPRIT, the
signal subspace is divided into two sets of sensor subarrays that
possess the displacement invariance. The phase information
of the received signals is extracted by finding the phase of
the complex roots from the eigenvalues, which are obtained
using the rotational invariance relation of the subarrays.
The DOA information is thus directly produced in terms of
generalized eigenvalues. Finally, the sample matrix inversion
(SMI) algorithm [12] is used to compute complex weighting
coefficients for main-lobe steering toward SOIs and for nulling
toward SNOIs. After being corrected with the phase-calibration
factors, these weighting coefficient sets are digitally transferred
from the computer to the D/A converter in the DDS through a
parallel interface.

C. Two-Tone I/Q DDS Performance

Since the DDS generates the multitone weightings to perform
peak and null steering for multiple beams, the performance of
the DDS outputs directly affects the beamforming accuracy.
To minimize I/Q amplitude errors, the calculated weighting
coefficients at the computer are normalized and quantized
to 8-bit digital values and then transferred to two 8-bit D/A
converters. Each D/A converter drives eight quadrature modu-
lators for each channel and generates maximum analog voltage
swings of 0.3 V with an offset voltage of 0.023 V within
1-mV accuracy. These maximum swings and offset voltage
are optimized such that quadrature modulators provide the
best performance on I/Q amplitude linearity and zero output in
65 536 (256 256)—QAM at 230 and 390 MHz.

Fig. 10 shows the constellation plots of the two-tone DDS
outputs at 230 MHz (Ch1) and 390 MHz (Ch2) when the input I
or/and Q signals, digitally applied from the computer to the D/A
converters, create the output phase of 0 , 45 , 90 , and 135
(each 180 ). The inputs are the quantized I/Q digital values
ranging from 1 (providing a negative-phase maximum output)
to 255 (providing a positive-phase maximum output), where 128
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Fig. 11. Measured DOA estimation errors from ESPRIT and MUSIC in a
single transmitter.

corresponds to the zero output. Only 13 amplitude points of I/Q
combinations are plotted in Fig. 10. The input-to-output ampli-
tude error is less than 0.5%. Excluding the zero output, the max-
imum phase error is less than 3 , where minimum and maximum
digital values are simultaneously applied to the I and Q inputs
to create output phases of 45 and 135 ( ).

In addition, the gain error between channels (230 and
390 MHz) is less than 0.5 dB and the phase error among
elements is less than 10 . These errors can be corrected by
calibration factors. Thus, overall scan angle error caused by
weighting process at the DDS is negligibly small.

V. MEASURED SYSTEM PERFORMANCE

A. DOA Estimation Error

The DOA estimation is carried out using two standard al-
gorithms, i.e., ESPRIT and MUSIC [13] in the open space of
a laboratory room. Fig. 11 shows DOA estimation error from

60 to 60 incident angle when a single-transmitter source
is detected. In both algorithms, the DOA error is less than 3
within 50 incident angle, and rapidly degrades thereafter.
This is because the antenna’s sensitivity rapidly decreases over
50 incident angles in accordance with the directive element
pattern of the quasi-Yagi antenna. However, the DOA error re-
tains reasonable accuracy within 5 up to 60 incident angle
in a single-transmitter case in both ESPRIT and MUSIC. Thus,
in a practical setup, three or four separate sets of antennas can
cover the whole (360 ) azimuth angle. The slight asymmetric
error curve is predominantly due to the measurement environ-
ment. When multiple transmitter sources are used, the DOA
error could be degraded from this value.

B. SDMA Performance in Two-Beam Simultaneous
Beamforming

The purpose of this experiment is to demonstrate the SDMA
capability or spatial channel selectivity of the proposed multi-
beam beamforming architecture. In this experiment, two-beam
simultaneous beamforming has been tested using the eight-el-
ement array test-bed. The measurement is carried out in the
open space of the laboratory room where strong reflections from
the ceiling, floor, pillars, and walls surrounding the receiver are
expected. Two unmodulated equal-power RF transmitters (Tx1

and Tx2) are set up in the same distance from the test-bed re-
ceiver. Before measurement, the circuit phase errors of the RF
front-end are calibrated.

Fig. 12 shows the measured two-beam simultaneous beam-
forming results with respect to various combinations on loca-
tions of two RF sources. Angular difference between two RF
transmitters is 20 , 30 , 50 , and 70 , respectively. The solid
plots represent the measured antenna patterns from the weighted
outputs, while the dotted plots exhibit the estimated array factors
of the eight-element array antenna based on applied weighting
coefficients.

The measured peak and null steering errors are within 3 ac-
curacy with respect to the actual source locations. The measured
peak-to-null interference suppressions are from 18 to 27 dB.
The performance on peak/null steering and interference sup-
pression is not obviously affected by the angular difference of
two transmitters. The measured patterns exhibit good agreement
with estimated array factors from a 40 to 40 angle, even
when two transmitters are located in the smallest angular dif-
ference of 20 . As the angle increases over 40 , the mea-
sured patterns still follow curves of the estimated patterns, but
the positions of the higher order sidelobes and nulls gradually
move away from the estimated angles. In higher incident an-
gles, the SNR degradation due to the rapid decrease of the ele-
ment antenna gain causes phase errors in the weighting process,
leading to positioning errors. These positioning errors may be
alleviated if a closed-loop circuit architecture is utilized to con-
tinuously optimize and update weighting coefficients for max-
imum signal-to-noise-plus-interference ratio (SNIR) by sam-
pling beamformer outputs and feeding those back to the DSP
controller.

Table I summarizes the DOA estimation errors using the
ESPRIT algorithm, and interference suppressions from the
measured antenna patterns with respect to the source locations.
The measured DOA estimation errors with respect to the
actual source directions are less than 2.5 . Overall, the multi-
beam-forming architecture retains reasonable accuracy in peak
and null positioning and over 18-dB interference suppression
for receiving two beams from 20 to 70 angular difference.
This indicates that the digitally controlled DDS and analog
beamformer ensure small errors in multitone weighting and its
multiplication process and make this architecture practical as a
low-cost high-speed multibeam adaptive antenna system.

C. Two-Channel Data Recovery by Spatial Filtering

A measurement of the two-channel simultaneous data
recovery is carried out using the two RF transmitters positioned
at 40 (Tx1) and 30 (Tx2). Two RF source signals are
modulated by 25-Mb/s binary phase-shift keying (BPSK)
with a common RF carrier at 5.8 GHz and are simultaneously
transmitted at the same power. Different baseband data with
the same data rate are used for Tx1 and Tx2 to demonstrate the
two-channel simultaneous data recovery. The baseband data
for Tx1 is a 23-bit pseudorandom binary sequence (PRBS)
(PRBS: PN-23) code, and the code transmitted by Tx2 is a
periodic binary code. In the test-bed receiver, the weighting
coefficients are applied to the DDS to detect Tx1 baseband data
at channel-1 output and Tx2 data at channel-2 output.
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(a) (b)

(c) (d)

Fig. 12. Measured patterns of two-beam simultaneous beamforming. (a) Source locations: Tx1: 0 , Tx2: �20 , angular difference: 20 . (b) Source locations:
Tx1: +10 , Tx2: �20 , angular difference: 30 . (c) Source locations: Tx1: +30 , Tx2: �20 , angular difference: 50 . (d) Source locations: Tx1: +40 , Tx2:
�30 , angular difference: 70 .

TABLE I
DOA ESTIMATION ERRORS AND INTERFERENCE SUPPRESSIONS IN

TWO-BEAM SIMULTANEOUS BEAMFORMING

Fig. 13 shows the simultaneously recovered time-domain
baseband data waveforms from the channel-1 (Ch1) and

channel-2 (Ch2) outputs of the multibeam beamformer. The
baseband data are properly extracted with slight signal dis-
tortions due to the bandwidth limitation of the 30-MHz LPFs
placed on the output stage of the multibeam beamformer.
Two-channel data recovery with 25 Mb/s is successfully
demonstrated by the spatial filtering of the proposed multibeam
adaptive antenna system given the condition where the desired
signal and interference are transmitted at the same power.

D. BER Performance

The BER is tested to explore the impact of the interference
signal under different SNR conditions on the desired signal,
while multibeam beamforming is performed. The input or trans-
mitted RF source is modulated in BPSK modulation. A non-
return-to-zero (NRZ) 23-bit PRBS (PN-23) with 25-Mb/s data
rate is generated by the BER tester and is used as a baseband data
of the desired signal. Noise (noise bandwidth: 3 GHz) whose
power is controlled by the RF amplifiers and variable attenu-
ators is added to the modulated RF signal (signal bandwidth:
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Fig. 13. Recovered baseband data in measurement of two-beam simultaneous
beamforming. (Tx1 location: +40 , Tx2 location: �30 , both modulated in
5.8-GHz BPSK with 25-Mb/s data rate).

Fig. 14. Measured BER performance. The SNR condition of the desired
signal and the interference power are simultaneously varied when two-beam
simultaneous beamforming is performed.

70 MHz) for SNR control. The SNR is well defined from the
power spectral density and bandwidth of signal and noise since
the noise power spectral density is flat within the receiving IF
bandwidth.

Fig. 14 shows the measured BER performance plotted with
the theoretical estimation in BPSK modulation. First, the BER
performance of the receiver (down-converter multibeam
beamformer) is measured from the in-phase RF input signals
modulated by the 25-Mb/s 23-bit PRBS. The measured receiver
BER exhibits good agreement with the theoretical curve,
although around 2-dB degradation in SNR from the theoretical
BPSK curve is observed. The noise figure of the RF LNAs
mainly contributes this degradation.

Next, the BER performance under two-beam simultaneous
beamforming is measured. As shown in Fig. 15, two indepen-
dent RF sources are located at 40 and 30 , respectively. The
transmitter source 1 (Tx1) generates the modulated RF signal

(a)

(b)

Fig. 15. BER measurement setup for beamforming. (a) Schematic diagram of
the setup. (b) Photograph of the setup.

in BPSK by 25-Mb/s 23-bit PRBS from the BER tester, while
the transmitter source 2 (Tx2) transmits the modulated one in
BPSK by 25-Mb/s periodic binary code. Both RF signals con-
tain a common RF carrier at 5.8 GHz. In this measurement, Tx1
is considered as a desired signal, whereas Tx2 is considered as
an interference signal.

These two modulated RF signals are simultaneously trans-
mitted and received at the multibeam smart antenna system
performing two-beam simultaneous beamforming where the
channel-1 output steers a peak toward a desired signal at 40
and creates a null at 30 , while the channel-2 output performs
peak and null steering in an opposite way. Under this condition,
the BER performance of the demodulated PRBS baseband at
the channel-1 output of the multibeam beamformer is observed,
while the SNR condition of the desired RF signal in Tx1 is
changed. The interference power in Tx2 is also varied to create
a strong interference environment.

First, the BER in beamforming without an interference signal
(no transmission in Tx2) is observed as a reference. Without
interference, around 3-dB degradation in SNR is observed to
obtain BER of 10 , as compared with the receiver only. This
is due to the additional antenna noise and the SNR degradation
during the RF signal transmission.

As the relative power of interference-to-signal (Tx2 to Tx1)
increases from 0 to 6 dB, the BER degrades corresponding
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Fig. 16. Demodulated baseband data at channel-1 output with and without
beamforming under strong interference (SIR = 0 dB) and low noise
(SNR = 25 dB) conditions. The unweighted output is strongly influenced by
the interference that includes the periodic binary code.

to the SNR impairment by increased interference power, but
communication of the desired signal can be still established.
The impact of strong interference is observed from the demodu-
lated signals in Fig. 16. The upper frame shows the unweighted
channel-1 output, whereas the lower one exhibits the weighted
output, when the signal-to-interference ratio (SIR) is 0 dB with
25-dB SNR of the desired signal. Since obvious communication
failure is observed without beamforming even at 0-dB SIR; this
indicates an advantage of the spatial filtering in smart antenna
systems by performing main-beam and null steering. As seen
from Fig. 14, higher SNR of the desired signal is necessary to
retain high communication quality (low BER) under strong in-
terference. When the interference RF power is 6 dB over that
of the desired signal, the BER curve degrades around 2 dB in
SNR for BER of 10 , as compared with the case that the de-
sired signal and interference are the same power. The system
achieves BER of 10 at 14-dB SNR with no interference, and
at 20-dB SNR with 0-dB SIR, respectively, without any error
correction coding.

VI. CONCLUSION

A new system architecture of the multibeam adaptive array
has been presented. The proposed analog–digital hybrid beam-
forming approach is capable of high-speed real-time multibeam
construction in multichannel wireless communication applica-
tions. A test-bed based on two beams, and having eight antenna
elements has been developed. The 5.8-GHz test-bed success-
fully demonstrates the two-beam simultaneous beamforming.
The DOA estimation and peak/null steering achieve within 2.5
and 3 accuracy from the actual source locations, yet the in-
terference suppression holds 18–27 dB, when the RF signals
from two transmitters located 20 to 70 angular difference
are simultaneously received. Data throughput of 25 Mb/s in
each channel has been demonstrated in a two-channel baseband
data recovery test for SDMA capability. The BER measurement
under two-beam beamforming exhibits robustness of the system

under strong interference and a noisy environment by using spa-
tial filtering. It is expected that the proposed architecture can be
developed to satisfy the need of high data rate and robust com-
munication for SDMA applications.
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