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Preface

Spatial processing - the last frontier. . .

Digital beamforming (DBF) is a technology that has been both spawned and
incubated by the sonar and radar communities. It now appears that its ultimate
technological home will be in wireless communications, more specifically, personal
communications services, local multipoint distribution systems, and satellite. This
then is an example of a technology, which although initially was developed for
a number of remote sensing applications, will ultimately find its true expression
in a totally different area, one more closely aligned with the development of the
information highway.

A DBF antenna can be considered the ultimate antenna in the sense that it
can capture all of the information that falls on the antenna’s face, and can apply
whatever signal processing is required to make the information of interest to the
observer, presented in such a way as to make it most readily understood. Although
a digital beamforming antenna is the ultimate antenna, for the most part DBF has
taken a back seat to other antenna technologies in so far as practical applications
are concerned. The application of DBF has been largely waiting for the speed of mi-
croprocessors to reach the speeds of present-day digital signal processing chips. For
the most part, even some twenty years ago, workers understood what the processing
requirements were to make real-time beamforming a reality. During this incubation
period, based on the current state of microprocessors, and using Moore’s law, which
states that the speeds of microprocessors double every 18 months, one could have
made a quick calculation of when the capability of these processors would be equal
to the task of DBF processing. For example, one could have predicted some time
ago that a company would be introducing DBF technology to satellite systems in
1996, as is currently the case with the Inmarsat-P satellites—there is in fact a ma-
jor aerospace company currently developing DBF technology for introduction into a
suite of satellites. Since aerospace companies are by their very nature conservative,
this truly signals the coming of age for DBF antenna technology.

DBF technology has in a sense been a precursor of the convergence that is tak-
ing place in modern communications, that of communications and computers. More
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specifically, DBF has been dependent on the convergence of two technology steams,
that of radio frequency and software. The DBF antenna can truly be called the
product of a marriage between electromagnetics and digital signal processing: elec-
tromagnetics is required to develop the communications signal, and the computer
software is required to make the communications system smart.

In this book we introduce the important technology of digital beamforming and
its upcoming applications in wireless and satellite communications. This book is
intended to be a tutorial and reference book for use by communications engineers
and technicians who are involved in development and design of wireless communi-
cations systems, by managers who are involved in wireless communications system
engineering and system planning, by researchers who are involved in wireless com-
munications research, and by those who are working in related fields and interested
in DBF technology and its applications. The readers of this book are required to
have some basic knowledge in communications. This book consists of three parts.
The first part, which includes Chapters 1 to 4, introduces the concepts and princi-
ples of DBF. Chapter 1 gives a general introduction to the background of DBF and
the rationale for using DBF in wireless communications. Chapter 2 provides the
fundamentals of DBF and Chapter 3 presents some basics of adaptive beamform-
ing. Chapter 4 examines the effects of errors on DBF. The second part discusses
the applications of DBF to wireless communications and comprises Chapters 5 to
9. Chapter 5 introduces the concept of spatial processing in wireless communica-
tions, including space division multiple access, while Chapter 6 describes different
configurations of DBF networks. The applications of DBF to satellite mobile com-
munications, land mobile communications, and indoor and data communications
arc addressed in Chepters 7, 8, and 9, respectively. The last part of this book,
consisting of Chapters 10, 11, and 12, reviews the state-of-the-art of the support-
ive technologies for DBF, including antenna elements, transceiver technology, and
digital-signal-processing technology. It is our hope that this book will help its
readers derive the necessary information required to develop an understanding of
the technology and to join the exciting quest of using spatial signal processing to
improve the performance of communications systems. In terms of performance im-
provement, time domain processing techniques have virtually been squeezed down
to their last one-tenth of a decibel. Spatial domain processing is truly the last fron-
tier in terms of the rewards that can be achieved in improving the performance of
wireless communications systems.

We would like to thank Dr. M. A. Bree, QCC Communications Corporation,
Saskatoon, Mr. R. Ho, IBM Canada, for their permission to reproduce a number of
figures. We are also grateful to the Institute of Electrical and Electronic Engineers
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Chapter 1

Introduction

1.1 WIRELESS COMMUNICATIONS IN DEMAND

The 1990s have been described as the decade of wireless telecommunications. The
evolution of telecommunications, from the wired phone to personal communications
services (PCS), is resulting in the availability of wireless services, which were not
previously considered practical. In providing different types of wireless services,
such as fixed, mobile, outdoor, indoor, and satellite communications, the wireless
communications industry is experiencing an explosive growth. The total end-user
expenditures in North America for wireless services were expected to exceed $17
billion (U.S.) in 1992. According to an estimate by the International Telecommu-
nications Union, a United Nations agency, the world spent $535 billion (U.S.) on
telecommunications in 1992. This figure is growing by more than 10% a year.

In mobile communications, the rapid increase in the number of cellular phones
demands an ever increasing capacity for future mobile communications systems.
At the beginning of 1990, there were 4.5 million cellular telephones, 6.5 million
pagers, and 25 million cordless telephones in the United States alone [1]. By the
end of 1992, the number of cellular phones in United States had increased to over
11 million, representing a 150% jump in three years [2]. The total production of
cordless phones will exceed 200 million annually by the turn of the century, and
300 million by 2010 [3]. Even though the mobile communications industry is still in
a growth phase, a new generation of communications service is emerging and fast
becoming a force in the mainstream of life—namely PCS. The services provided by
future wireless PCS will far exceed today’s mobile system because PCS will consist
of an extensive system of radio networks carrying both voice and data. Ultimately,
PCS will become more sophisticated and widespread than mobile or cellular systems.
When mature, PCS may comprise a global wireless network that could identify users
anywhere in the world and reach individuals regardless of their locations—whether
on board an airplane, in an elevator, or walking a dog on the street. Because PCS
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will provide pervasive communications services, it will require much higher levels of

system capacity than today’s mobile or cellular systems. f:; ;
One of the missions of PCS is to provide service anywhere in the world. Satellites irnpr:
will play a significant and unique role in carrying out this mission. Satellites can tiple
offer services to users in rural and remote areas that are outside the range of ter- a con
restrial telecommunications systems. Mobile or personal communications services case i
that are to be provided via satellites represent a relatively new field of investiga- desir
tion for satellite communications engineers. Such services are becoming available acces
for aeronautical, maritime, and land mobile applications, whereby communications dome
are being facilitated between terrestrial networks and aircraft, ships, and mobile or mc
vehicles. Through the use of digital mobile satellite communications systems, users frequ
anywhere in the world will be able to access voice and data communications through segm
global networks while traveling as passengers in airplanes, trains, or ships. At the techn
present time, a number of communications satellite systems are being designed and nolog
built to provide wide-ranging communications services. These include INMARSAT for a
and MSAT, which occupy the geosynchronous orbits (GEQ); ODYSSEY, which op- ture,
erates at a medium-altitude earth orbit (MEO); and IRIDIUM and GLOBALSTAR, store
which are designed for low earth orbits (LEO). However, these new services create at wh
an increasing demand for higher capacity communications satellites. meth
modu
1.2 MULTIPLE ACCESS spects
signal
A higher demand in wireless communications calls for higher systems capacities. receiv
The capacity of a communications system can be increased directly by enlarging Al
the bandwidth of the existing communications channels or by allocating new fre- (SDM
quencies to the service in question. However, since the electromagnetic spectrum is has in
limited, thereby making it a valuable resource, and the electromagnetic environment prise
is increasingly becoming congested with a proliferation of unintentional and inten- geogr:
tional sources of interference, it may not be feasible in the future to increase system suppo
capacity by opening new spectrum space for the wireless communications applica- carrie:
tions. Therefore, efficient use of the frequency resource is critical if communications of SD:
engineers are to increase the capacity of a communications system. freque
Over the last four decades, engineers have made considerable progress in increas- of coc
ing the capacity of a wireless communications system, especially for digital wirc- the hi
less communications. We are now able to achieve transmission rates approaching achiev
within a factor of 2 of the maximum rate determined by Shannon’s capacity formu- for PC
las. Coupling the benefit of source coding and channel coding, digital techniques betwer
can significantly reduce either the required transmitter power or the bandwidth of ceptak
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Introduction 3

the transmission, or both, and yet achieve better performance or quality than ana-
log systems can. Furthermore, with digital techniques, frequency efficiency can be
improved by using multiple access techniques to provide high system capacity. Mul-
tiple access refers to the simultaneous transmission by numerous users to or through
a common receiving point. Basically, it means that a number of users, which'in this
case are represented by randomly dispersed communicators with handsets, have the
desire to use or have access to a scarce resource, namely, the basestation. Multiple
access is implemented by having the users share the basestations. There are four
domains in which sharing can take place. That is, access can be apportioned to one
or more of the following domains: (1) bandwidth, (2) time, (3) code, or (4) space. In
frequency-division multiple access (FDMA), the frequency spectrum is divided into
segments that are apportioned among different users. With the arrival of digital
techniques, time-division multiple access (TDMA) became a practical access tech-
nology. Here, each user is apportioned the entire transmission resource periodically
for a brief period of time. The users’ transmissions are therefore intermittent in na-
ture, a condition that can only be accommodated by a digital transmitter that can
store its source bits and then send them out at a transmission speed higher than that
at which they are generated. Digital techniques also enable another multiple access
method, code-division multiple access (CDMA). CDMA employs spread spectrum
modulation (i.e., each user’s digital waveform is spread over the entire frequency
spectrum that is allocated to all users of the network). Each of the transmitted
signals is modulated with a unique code that identifies the sender. The intended
receiver then uses the appropriate code to detect the signal of his or her choice.
Another form of multiple access is known as space-division multiple access
(SDMA). Although this term has not seen much use in the open literature, SDMA
has in fact been widely used in wireless communications. This may come as a sur-
prise to most readers. For example, in a cellular telephone network, where a large
geographical coverage is desired and a large number of mobile transceivers must be
supported, the region is divided into a large number of cells. This allows the same
carrier frequency to be reused in different cells. In fact, this is a primitive form
of SDMA, in that communication signals that are transmitted at the same carrier
frequency in different cells are separated by a spatial distance to reduce the level
of cochannel interference. In principle, the larger the amount of cells in a region,
the higher the level of frequency reuse and hence the higher capacity that can be
achieved. This is one of the reasons why microcells and picocells have been proposed
for PCS. However, the criterion used for defining cochannel cells is that the distance
between them is sufficiently large that intercell interference is lower than'some ac-
ceptable limit. For a given basestation transmission power level, this puts a limit on
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4 Digital Beamforming in Wireless Communications

the number of cells in a geographical area. To further increase the capacity, com-
munications engineers are realizing that more advanced forms of SDMA are needed.
For example, 120° sectorial beams at different carrier frequencies can be used within
a cell and each sectorial beam can be used to serve the same number of users as
are served in the case of ordinary cells, as illustrated in Figure 1.1. With careful
frequency planning, the capacity can be tripled and the carrier-to-interference ratio
(CIR) can also be increased. The ultimate form of SDMA, however, is to use inde-
pendently steered high-gain beams at the same carrier frequency to provide service
to individual users within a cell, as shown in Figure 1.2. That is, communications
can be simultaneously carried out between users and the bascstation. The latest
form of SDMA usually employs adaptive antenna arrays, which have recently drawn
considerable interest from the communications community [4-9]. In large measure,
adaptive array techniques are dependent on digital beamforming (DBF) technology
for their practical implementation.

Figure 1.2

using comr
quencics to
that is non
ments can |
the TDMA
mize the SI
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is difficult

used in sat:
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erage. Thu
Figure 1.1 120° sectorized cell pattern. A different set of carrier frequencies is used in are subject
each of the sectors. These frequencies are reused in other sectors of other
cell sites. The frequency reuse pattern is chosen to keep interference to a
minimum.

high-gain b
any degree
noise figure

In satellite communications, frequency efficiency can be improved by the use of of the array
antenna spot beams. The use of spot beams is indeed a form of SDMA, which allows were to car

a communications satellite to simultaneously provide coverage to different regions ogy, theore
some point
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Introduction 5

Figure 1.2 Communication is simultaneously carried out between users and the bases-
tation by using independently steered high-gain beams at the same carrier
frequency to provide service to individual users within a cell,

using common frequency channels (Figure 1.3); that is, the satellite is reusing fre-
queﬁcies to increase its overall capacity. This approach gives a frequency reuse factor
that is normally equal to the number of independent spot beams. Further improve-
ments can be realized by switching the antenna interconnections synchronously with
the TDMA frame rate, known as satellite-switched TDMA (SS/TDMA). To maxi-
mize the SDMA capacity or the level of frequency reuse, it is desirable to generate a
large number of independently steered high-gain mobile spot beams. However, this
is difficult to achieve using the analog beamforming technology that is currently
used in satellite communications antenna systems. Conventional satellite antennas
can only generate a very small number of spot beams with fixed locations and cov-
erage. Thus, the SDMA capacity is very limited. Analog beamforming techniques
are subject to an upper limit in terms of their capacity for generating independent
high-gain beams. At the present time it is difficult to define the upper limit with
any degree of certainty. From a conceptual point of view, we may consider the
noise figure for a direct radiating array, with a transceiver located at each element
of the array, to be largely determined by the noise figure of the transceiver. If one
were to carry out low-level beamforming using multilayer printed circuit technol-
ogy, theoretically the number of analog beams that could be formed is large. At
some point, though, losses in the beamforming network will start to degrade the
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6  Digital Beamforming in Wireless Communications

performance of the beamforming network. It has been reported that by using mul-
tilayer stripline technology, 16 controlled beams have been generated based on a
multibeam Butler matrix beamforming assembly [10]. It is thought that this tech-
nology could be extended to the point where a system might generate as many as
50 beams. Based on intuition, one could suggest that 100 might be an upper limit
for an analog beamformer. It seems reasonably safe to conclude that if a satellite
system were required to generate 1000 beams, the only practical way to achieve
this would be by using a digital beamformer. In recent years, the concept of using
DBF technology for applications to future communication satellite payloads [11-16]
has been slowly taking root in the technical community. It is envisaged that these
satellite systems would support up to 7000 channels. With a frequency reuse factor
of 5, such systems would have to generate 1400 independent frequency channels. If
each channel were to occupy one beam, up to 7000 independent beams would have
to be generated. Digital beamforming is the only technology that would support
the generation of that many beams.

©

Figure 1.3 A communications satellite provides simultaneous coverage to different geo-
graphical regions, all at the same carrier frequency, through the use of inde-
pendent spot beams (shaded circles).
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1.3 DIGITAL BEAMFORMING

The early concepts underlying digital beamforming were first developed for appli-
cations in sonar [17] and radar systems [18]. DBF represents a quantum step in
antenna performance and complexity. It is based on well-established theoretical con-
cepts which are now becoming practically exploitable, largely as a result of recent
major advances in areas such as monolithic microwave integrated circuit (MMIC)
technology and digital signal processing (DSP) technology. DBF technology has
reached a sufficient level of maturity that it can be applied to communications for
improving system performance. The application of DBF to wireless communications
is no longer only a theoretical possibility. It is fast becoming a reality. Furthermore,
the demand for increased capacity is a major driving force for incorporating DBF
into future wireless communications systems.

DBF is a marriage between antenna technology and digital technology. A generic
DBF antenna system shown in Figure 1.4 consists of three major components: the
antenna array, the digital transceivers, and the digital signal processor.

] I
} | Transceiver 8
.- : Q § > Output
& &
| ° L ° =
g &
EE i "
: : 8
I i 1 T @ Inputs
N [y =

Figure 1.4 A generic DBF antenna system.

In a DBF antenna system, the received signals are detected and digitized at the
element level. By capturing the RF information in the form of a digital stream,
we open the door to a large domain of signal processing techniques and algorithms
that can be used to extract information from the spatial domain data. Digital
beamforming is based on capturing the radio frequency (RF) signals at each of the
antenna elements and converting them into two streams of binary baseband signals
(i.e., in-phase (I) and quadrature-phase (Q) channels). Included within the digital
baseband signals are the amplitudes and phases of signals received at each element
of the array. The beamforming is carried out by weighting these digital signals,
thereby adjusting their amplitudes and phases such that when added together they
form the desired beam. This process can be carried out using a special-purpose
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8 Digital Beamforming in Wireless Communications

digital signal processor. That is, the function, which is usually carried out using
an analog beamforming network, is now carried out using a digital processor. This
approach preserves the total information available at the aperture, in contrast to
an analog beamformer, which produces only the weighted sum of these signals and
thus reduces the signal dimensionality from K to 1 (Figure 1.5). The key to this
technology is the accurate translation of the analog signals into the digital regime.
This is accomplished using complete heterodyne receivers, which must all be closely
matched in amplitude and phase. The matching need not be carried out by mak-
ing adjustments to the hardware, but rather by applying a calibration process in
which the values of the dala stream are adjusted prior to beamforming. The re-
ceivers perform the following functions: frequency down-conversion, filtering, and
amplification so that signal levels are commensurate with the input requirements
of analog-to-digital converters (ADC). The main advantage to be gained from dig-
ital beamforming is greatly added flexibility without any attendant degradation in
signal-to-noise ratio (SNR). In many ways it can be considered to be the ultimate
antenna, in that all of the information arriving at the antenna face is captured in
the digital streams that flow from this face. All of this information is available for
processing in the beamformer. There are many possible equipment configurations
that can be used to perform the digital processing. Since the beamforming instruc-
tions are driven by software routines, there is wide-ranging flexibility in the types
of beams that can be produced, including scanned beams, multiple beams, shaped
beams, and beams with steered nulls.

Analog
beamforming network

v

Beam output

Figure 1.5 An analog beamformer reduces the signal dimensionality from A" to 1.
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information with its flexibility, we find that digital beamforming allows for a number
of attractive features beyond the capabilities of conventional phased arrays:

1.

A large number of independently steered high-gain beams can be formed with-
out any resulting degradation in signal-to-noise ratio.

All of the information arriving at the antenna array is accessible to the signal
processors so that system performance can be optimized.

Beams can be assigned to individual users, thereby assuring that all links
operate with maximum gain.

. Adaptive beamforming can be easily implemented to improve the system ca-

pacity by suppressing cochannel interference. Any algorithm that can be
expressed in mathematical form can be implemented. As a byproduct, adap-
tive beamforming can be used to enhance the system immunity to multipath
fading.

. DBF systems are capable of carrying out antenna system real-time calibration

in the digital domain. Therefore, one can relax the requirements for a close
match of amplitude and phase between transceivers, because variation in these

parameters can be corrected in real time.

. Digital beamforming has the potential for providing a major advantage when

used in satellite communications. If, after the launch of the satellite, it is
found that the performance of the beamformer needs to be upgraded, a new
suite of software can be telemetered up to the satellite. This means that the
life of the satellite can be expanded by retrofits at various intervals, during
which the satellite’s capabilities are upgraded.

Adaptive beamforming technology is also referred to as smart antenna technol-
ogy in some literature. The use of the term “smart” reflects the antenna’s ability
to adapt to the environment in which it operates. Although “smart antennas” and
“adaptive antennas” are interchangeable, throughout the book we will keep the tra-
dition by using “adaptive antennas” or “adaptive beamforming” for a number of
reasons. We believe that the term adaptive describes the antenna’s ability more
concisely and precisely. Furthermore, the term adaptive also reflects the histori-
cal development of this particular branch in the antenna field. Finally, the term
adaptive beamforming has been also used in many other areas, such as satellite

communications, radar, and remote sensing.
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Digital beamforming is based
and converting them into two
jointly represent the amplitudes an
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adjusting their amplitu
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antenna elements, independent r
a digital signal processor. In order
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and beamforming processing.

2.1 INTRODUCTION TO ANTENNA ARRAYS

In many applications of antenn
highly directive antenna beam can
be realized by forming an array wit
directivity of the antenna increases, t

the communications link, the increase in directivit

less interference from its signal environment. Also, for the same signal level at the

antenna, if one increases the gain

receive
the transmitted power tenfold. Tt is clear that high-gain antennas have significant

advantages in po

2.1.1 Basic Antenna Array Parameters

Terms and definitions commonly used in the study of antennas and arrays can be

found in [1-3]). Here we will provide some of the parameters and definitions that

are particularly relevant to issues a

T
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14 Digital Beammforming in Wireless Communications

parameters are defined in terms of transmitting antennas, reciprocity ensures that

Dire
these definitions are also applicable to receiving antennas.
Dire
Radiation Pattern in =
radii
The relative distribution of radiation power as a function of direction in space is
called the radiation pattern of an antenna.
Array Factor Dire
The array factor represents the far-field radiation pattern of an array of isotropically Dire
radiating elements. The array factor will be denoted, throughout this book, by gain
F(#,8), where ¢ represents the azimuth angle and § represents the elevation angle
in space. Ant
Main Lobe The
ang
The main Jobe of an antenna radiation pattern is the lobe containing the direction
of maximum radiation power.
Sidelobes
Sidelobes are lobes in any direction other than that of the main lobe. For a linear ante
array with uniform weighting, the first sidelobe (i.e., the one nearest the main lobe)
in the radiation pattern is about 13 dB below the peak of the main lobe. Bf
¢
Beamundth The
The beamwidth of an antenna is the angular width of the main lobe in its far- the
field radiation pattern. Half-power beamwidth (HPBW), or 3-dB beamwidth, is Ef
the angular width measured between the points on the main lobe that are 3-dB (
below the peak of the main lobe. A linear array with uniform weighting has a 3-dB The
beamwidth of tha
0.88A
HPBW = — (2.1) que
where A is the aperture length of the array.
Antenna Efficiency i
Antenna efficiency is defined as the ratio of the total power radiated by the antenna, The
and the total power input to the antenna. and
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Directive Gain

Directive gain is a far-field quantity and defined as the ratio of the radiation density
in a particular angular direction in space to the radiation density of the same power

radiated isotropically; that is,

Ar power radiated per unit solid angle in direction $,0

D(¢,0) = Total power radiated by antenna (22)

Directivity

Directivity is the maximum directivity gain of an antenna; that is, it is the directive
gain in the direction of the maximum radiation density.

Antenna Gain

The gain of an antenna is defined as the ratio of the radiation density in a particular
angular direction in space to the total input power to the antenna; that is,

4 power radiated per unit solid angle in direction é,0 (2.3)
Total input power to antenna ’

G(¢,9) =

The maximum gain G, or simply gain, is the product of the directivity and the

antenna efficiency; that is,
G=Dny (2.4)

Effectwe Isotropic Radiation Power

The effective isotropic radiation power (EIPR) is the product of the input power to
the antenna and its maximum gain.

Effective Aperture

The effective aperture of an antenna is defined as the area of an ideal antenna
that would absorb the same power from an incident plane wave as the antenna in
question. Under matched polarization conditions, the effective aperture is given as

AG
Aeff = 7o (2.5)
Aperture Efficiency

The aperture efficiency of an antenna is defined as the ratio of its effective aperture

and physical aperture.
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16 Digital Beamforming in Wireless Communications

Grating Lobe

In an antenna array,

if the element spacing is too large, several main lobes will be
formed in visible spac

e on each side of the array plane. The extra main lobes formed
with large element spacing are referred to as grating lobes.

Array
normal

a
Ii
tl
fc
K-1 si
Figure 2.1 A uniformly spaced linear array.
2.1.2 Linear Array
In Figure 2.1 a uniformly spaced linear array is depicted with K& identical isotropic
elements. Each element is weighted with a complex weight Vi with £ =0,1,... k-
1, and the interelement spacing is denoted by d. If a plane wave impinges upon
the array at an angle 6 with respect to the array normal, the wavefront arrives at
element k + 1 sooner than al element k, since the differential distance along the
two ray paths is dsin §. By setting the phase of the signal at the origin arbitrarily
to zero, the phase lead of the signal at element k relative to that at element 0 is
rkdsin @, where x = %1 and A = wave length. Adding all the element outputs
together gives what is commonly referred to as array factor F';
. K_l .
F(a) — % + V'le]l:dsmé + ‘/28]2~dsm€ + 5. = Z V;cejnkdsma (26)
k=0 Fi
which can be expressed in terms of vector inner product:
F(6) = VTy (2.7) 2
A
where
T of
V=[WW - Vi) (2.8)
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is the weighting vector and

5 will be v =

s formed

[1 e]ndsinO . eJ(K—l)NdsinelT (2‘9)

is the array propagation vector that contains the information on the angle of arrival

of the signal. If the complex weight is
Vi = A’ (2.10)

where the phase of the kth element leads that of the (k — l)th element by a, the

array factor becomes

K-1
F(G) - Z Ake“"‘““i““k") (2.11)

k=0
If & = —rdsin 6, a maximum response of F(8) will result at the angle 8o. That is,

the antenna beam has been steered towards the wave source. An example of F(8)

for an eight-element linear array is given in Figure 2.2, where the antenna beam is

steered towards the antenna boresight.

isotropic
e K- ,
ges upon
irives at
Jong the
chitrarily
nent 0 is

. outputs
o T 20 o 20 40 )
angle (degress)

(2.6)

Figure 2.2 The beam pattern of an eight-element linear array.

(2.7) 2.1.3 Circular Array

al isotropic elements evenly spaced in a circle

A circular array consisting of K identic
h element is weighted with a complex weight

of radius R is shown in Figure 2.3. Eac
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18  Digital Beamforming in Wireless Communications

Vi for k= 0,1,---, K — 1. Since the K element
cirele of radius R, the azimuth angle of the kth
If a plane wave impinges upon the array in the di
system shown in Figure 2.3, the relative phase at
the center of the array is given by

5 are equally spaced around the
element is given as ¢, = 2kr /K.
rection of (4, ) in the coordinate
the k*! element with respect to

Br = —kRcos(¢ — ¢;)sin 8 (2.12)

1
r ;
I
v ! Figu
0 / !
k ]
! I
I
| plane
1
1
. ey
A 4 |
b R SN
: k T Ane
¢ in Fi
C
sidek
Figure 2.3 A circular array with equally spaced K elements. L
Tespe
It follows that the array factor for a circular array with K equally spaced elements thepp
is given as o writt
F(¢: 9) = Z Akei[ak—chos(¢—¢k)sin€] (213)

— 2.1.4
where A,e’** denotes the complex weight for the kth element. In order to have the So fa
main beam directed at the angle (¢o, 8o) in space, the phase of the weight for the alere

t
k" element can be chosen to be e
ay = KR cos(¢g — éx) sin b (2.14) auisn
amon
The three-dimensional pattern of the array factor for an eight-element circular array nulls
with B = 0.8710) is shown in Figure 2.4. anten

patte
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around the
= 2]67(/[&’.

: coordinate

1 respect to

(2.12)

Wiy
.&:#ﬁ
.r,,;'?

Figure 2.4 Three-dimensional beam pattern of an eight-element circular array with R =
0.8710A.

In many applications, such as basestation antennas, the pattern in the § = /2
plane is of interest. In this case, the array factor is given as

K-1
F(¢) = Y Apellor—rReos(é=dul] (2.15)
k=0

An example of F(@) for an eight-element circular array with R = 0.6533) is given
in Figure 2.5, where the antenna beam is steered towards ¢o = 0.

One of the inherent characteristics of a circular array is the presence of high
sidelobe levels in its beam pattern. For a circular array with equally spaced elements
and uniform weighting, the lowest achievable peak sidelobe level is about 8 dB with
respect to the main lobe. The sidelobe level is a function of 8 and ¢ in addition to
the physical parameters of the array. An excellent analysis on circular arrays was
written by Ma [4].

1 elements

(2.13)
2.1.4 Pattern Multiplication
3 have the

ht for the So far, we have only considered arrays of isotropic antenna elements. An isotropic

element can radiate or receive energy uniformly in all directions. The isotropic
antenna is a mathematical fiction — it does not exist in practice. All practical
(2.14) antenna elements have nonuniform radiation patterns. Even a short dipole, which
among realizable antennas, perhaps best approximates an isotropic antenna, has

ular array nulls located along its end points. Let us consider an array consisting of identical
antenna elements that have radiation patterns decided by f(6, ¢). The principle of
pattern multiplication states that the beam pattern of an array is the product of the
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180

210

330

240 300
270

Figure 2.5 Two-dimensional beam

pattern of an eight-element circular array with B =
0.6533), where the

antenna beam is steered towards ¢ = 0,

Fig:
element pattern and the array factor. That is, the array beam pattern G/(4, ¢) is
given by ek
G(6,6) = f(6,8)F (6, 9) (2.16)
where F(6, ¢) is the array factor. The principle of pattern multiplication (2.16) is a
very useful result. It shows how theorems relating to array design are independent e
of the particular antenna element used to form the array. It can also be used for t
to determine the array factor of a complicated array that is composed of simple
subarrays. For example, in the next section we will use the principle to determine
the array factor of a planar array.
2.1.5 Planar Array w}.lel
princ
In addition to placing elements along a line to form a linear array, one can position is th
them on a plane to form a planar array. In fact, the circular array is a special form
of planar array, where the elements are placed along a circle that is usually located An e
on a horizontal plane. Planar arrays provide additional variables which can be used in Fi
to control and shape the array’s beam pattern. The main beam of the array can be s o
steered towards any point in its half space. ' A
One of the common configurations of planar arrays is the rectangular array, clem:
where the elements are placed along a rectangular grid, as shown in Figure 2.6. A _
rectangular array can be viewed as a linear array consisting of I identjcal elements, planz
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RN

i

Figure 2.6 A rectangular planar array geometry.
each of which is a linear array with the array factor given by

K-1
F1(u) - Z Akej(nkdzsinu+ka) (217)

k=0

where sin u = sin 0 cos ¢ and {AkeJk"}i‘:__"ol are the complex weights. The array factor

for the L-element linear array is given as

L-1
Fy(v) = Y Bie?™'® sinu-+f) (2.18)

{=0

where sinv = sin fsin ¢ and {Bie!'? }eo are the complex weights. According to the

principle of pattern multiplication, the overall array factor for the rectangular array

is then given by
F = Fi(u)F2(v) (2.19)
An example of F(6,¢) for an 8 x 8 rectangular array with d; = dy = A/2 is given
in Figure 2.7, where the antenna beam is steered towards 8o = 0 and ¢o = 0. That
is, @ = —Kdsinup and B = rdsinvg

Another common configuration of planar arrays is the hexagon array, where the
elements are placed along a triangular grid with an equal interelemental spacing d,
as shown in Figure 2.8. Although the evaluation of the array factor for a hexagon
planar array is not as simple as for a rectangular array, there are a number of ways
to evaluate the array factor. A relatively simple way is to treat a hexagon array as
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Figw
Figure 2.7 Three-dimensional beam pattern of an 8 x 8 rectangular array.
consisting of a single element at the center and a number of concentric six-element
circular arrays of different radii, as shown in Figure 2.9. Thus, the overall array
factor will be the sum of those for the circular arrays and the center element, which
is given as
Ky &k 5 .
F(6,8) = A0+ Y 3" 3 Apy pellontm—rRiy c08(#~ bk 1,m) sin ] (2.20) ]
k=1[=1m=0 Figur
where
Ry = dy/k? + (I - 1)% —2k(1 - 1) (2.21) parabi
BE )+ dk? —d(l - 1)? T energy
Pklm = arccos [__W——— s (2.22) it ontc
and K} is the number of hexagons. For example, in the case of the array shown in (fjr'omta’
Figure 2.8, the value of Ky is equal to 3. An example of F(6, 4) for this particular 11;0 !
array is shown in Figure 2.10, where the antenna beam is steered towards 6, = ?n ;/1
e
0 and qb(] = ). meo
Sp:
ray ca
2.2 ANALOG BEAMFORMING Falice
. i ' tenna
The term beamforming relates to the function performed by a device or apparatus )
; . ; 3 signal
in which energy radiated by an aperture antenna s focused along a specific direc- tout
tion in space. The objective is either tg preferentially receive a signal from that ouipu

eral dii
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Figure 2.9 A hexagon planar array can be considered as consisting of a number of con-
centric six-element circular arrays of different radius.

parabolic antenna system, the dish is the beamforming network in that it takes the
energy that lies within the aperture formed by the perimeter of the dish and focuses
it onto the antenna feed. The dish and feed operate as a spatial integrator. Energy
from a far-field source, which is assumed to be aligned with the antenna’s preferred
direction, arrives at the feed temporarily aligned and is thereby summed coher-
ently. In general, sources in other directions arrive at the feed unaligned and add
incoherently. For this reason, beamforming is often referred to as spatial filtering.
Spatial filtering may also be carried out using antenna arrays. In fact, an ar-
ray can be considered as a sampled aperture. When an array is illuminated by a
source, samples of the source’s wavefront are recorded at the location of the an-
tenna elements. The outputs from elements can be subjected to various forms of
signal processing, wherein phase or amplitude adjustments are made to produce
outputs that can provide concurrent angular information for signals arriving in sev-
eral different directions in space. When the outputs of the elements of an array are
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Figu
Figure 2.10 Three-dimensional beam pattern of a 37-element hexagon array.
combined via some passive phasing network, the phasing will usually arrange for
the output of all the elements to add coherently for a given direction. If informa-
tion is desired regarding signals arriving from a different region in space, another
phasing network would have to be implemented. The network that controls the
phases and amplitudes of the excitation current is usually called the beamforming
network. If beamforming is carried out at RF, the analog beamforming network Figu
usually consists of devices that change the phase and power of the signals. Fig-
ure 2.11 gives an example of an RF beamformer that is designed to form only
one beam. The beamforming network can be implemented using microwave lenses, By t
waveguides, transmission lines, printed microwave circuits, and hybrids. Figure 2.12 to ve
shows a four-element microstrip antenna array with a beamforming network. This ports
simple topology is capable of forming only one beam. Furthermore, it only provides 22,
for uniform weighting, wherein the array pattern is given by the sine function. bearr
It is sometimes desirable to form multiple beams that are offset by finite angles B
from each other. The design of a multiple-beam beamforming network is much cess.
more complicated than that of a single-beam beamforming network. A multiple- deve
beam beamforming network is known as a beamforming matrix. The best known a Bu
example is given by the Butler matrix [5]. In a beamforming matrix, an array signa

of hybrid junctions and fixed-phase shifters are used to achieve the desired re-
sults. For example, a Butler beamforming matrix for a four-element array is shown
in Figure 2.13(a). This matrix uses four 90° phase-lag hybrid junctions with the
transmission properties shown in Figure 2.13(b) and two 45° fixed-phase shifters.
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Antenna
elements

Phase |
shifters

Power
dividers

Figure 2.11 An analog beamforming network consists of devices such as phase shifters
and power dividers which are used to adjust the amplitudes and phases of
the elemental signals in such a way as to form a desired beam.

ray.

7 arrange for

. If informa-
ace, another | T
controls the network

eamforming

HHEMICTHOE Figure 2.12 A four-element microstrip antenna array with a beamforming network of

ignals. Fig- uniform phase and amplitude weighting.
o form only

)wa.ve lenses, By tracing the signal from the four ports to the array elements, one should be able

Figure 2.12 to verify the aperture relative phase distribution corresponding to the individual
#work. This ports of a four-port Butler matrix, shown in Table 2.1. If the elemental spacing is
Dlytl?rovides )/2, the system produces four beams as shown in Figure 2.14. Although, these four
unction.

beams overlap, they are mutually orthogonal.

ﬁmt:e angles Butler matrix beamforming is similar to the fast Fourier transform (FFT) pro-
ork is much cess. In fact, they have a 1 : 1 equivalence. Surprisingly, the Butler matrix was
A multiple- developed before the FFT. However, there is an important difference between them:
best known a Butler matrix processes signals in the analog domain, whereas the FFT processes
X, an array

. signals in the digital domain.
desired re-

‘ay is shown
ns with the
ase shifters.
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Figure 2.13 A Butler beamforming matrix for a four-element array: (a) 4 X 4 Butler ste
matrix; (b) a hybrid used in the matrix. al
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Figure 2.14 Four mutually orthogonal overlapped beams produced by the Butler beam-
forming matrix.
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Table 2.1
Array Aperture Phase Distribution

Phase Distribution

Port 1 0° -135° -270° -405°
Port 2 0° -45° -90° -135°
Port 3 0°  45° 90° 135°
Port 4 0° 135° 270° 405°

2.3 PHASED ARRAYS

It is often desirable to electronically scan the beam of an antenna. This can be
accomplished by changing the phases of the signals at the antenna elements. If only
the phases are changed, with the amplitude weights remaining fixed as the beam is
steered, the array is commonly known as a phased array. As shown in Figure 2.15,
a phased array consists simply of antenna elements, each of which is connected to
a phase shifter, and a power combiner for adding together the signals from the
antenna elements. The phase shifters control either the phase of the excitation
current or the phase of the received signals. When the all signals are combined, a
beam is formed in the desired direction. That is, on transmit a beam is formed in
space, and on receive the signals from the antenna elements add coherently if the
signals are received from the correct region of space. A beamforming network is
used to either distribute the signal from the transmitter to the elements or combine
the signals from the elements to form a single signal path to the receiver. The
network may also be used to provide the required aperture distribution for beam
shaping and side lobe control. The phase shifters can be classified into two types:
continuously variable phase shifters and digitally controlled phase shifters. Since
these components operate at RF, they have a small error tolerance. Thus, the
design and manufacturing of these devices can be costly.

Alternatively, beamforming can be carried out at intermediate frequencies (IF).
The beamforming network can be implemented using resistors, hybrid circuits, and
tapped delay lines, which are constructed using lumped circuits. IF beamforming
may be more convenient in many ways, since it may be performed after amplification
has taken place so that the losses in the beamforming network are less important.
However, it requires that each element must have its own RF-to-IF receiver.

If multiple beams are required, multiple-beam beamformers must be used, which
distribute the signal energy to all the formed beams. However, there are a number

Ubiquiti Inc. v. XR. Comm.

IPR2024-00148



28  Digital Beamforming in Wireless Communications

stag
/ / the
N

_____ infc
Vs 7 -

X1 X, Xy, the

© @ © m RE

repi

plit

L 2 —| bea;

¢ tude

Beam output bea

(i.e.

does

Figure 2.15 A linear phased array. ) of a

. . o ing.

of drawbacks with multiple-beam beamformers. First, it is difficult to reconfigure into
the beamformer (i.e., to expand or modify its characteristics). Most multiple-beam whic
beamformers can only produce fixed beams, Second, as the number of beams is in- bad
creased, the SNR of channels being carried by the individual beams decreases. This calil
comes about because additional noise is introduced due to the increased number of The
RF and IF components that must be used to increase the beamformer’s capacity. freq
Third, the separation between the multiple beams cannot, be any less than that for BT
orthogonal Leams without a considerable decrease in system SNR. bein
the

2.4 DIGITAL BEAMFORMING expe
mait

The early ideas that form the foundations of digital beamforming were first devel- o
oped by workers in sonar [6] and radar systems [7]. DBF is a marriage between to b
antenna technology and digital technology. An antenna can be considered to be a face
device that converts spatiotemporal signals into strictly temporal signals, thereby ing i
making them available to a wide variety of signal processing techniques. In this way digit
all of the desired information that is being carried by these signals can be extracted. diffe
An optimum antenna is one that carries out the conversion of the signals that ar- or be
rive at its face without introducing any distortions to the signals. It is for this F
reason that a digital beamforming antenna might be considered to be an optimum bera
antenna. From a conceptual point of view, its sampled outputs represent all of the used

data arriving at the antenna aperture. No information is

destroyed, at least, not
until the processing begins, and any compromises that are

made in the processing
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stages can be noted and estimates made of the divergence of the actual system from
the ideal.

A major advantage of digital beamforming lies in the fact that once the RF
information is captured in the form of a digital stream, the way is clear for the
application of a multitude of digital signal processing techniques and algorithms to
the spatial domain data. Digital beamforming is based on the conversion of the
RF signal at each antenna elements into two streams of binary baseband signals
representing I and Q channels. The digital baseband signals then represent the am-
plitudes and phases of signals received at each element of the array. The process of
beamforming implies weighting these digital signals, thereby adjusting their ampli-
tudes and phases such that when added together they form the desired beam. The
beam decided by the array factor (2.11) is actually formed in the digital domain
(i.e., within the computer). It does not have the same direct physical meaning as it
does in the case of analog beamforming. Nevertheless, its effect on the performance
of a communications link is every bit as real as in the case of analog beamform-
ing. The key to this technology is the accurate translation of the analog signal
into the digital regime. This is accomplished using complete heterodyne receivers,
which must be closely matched in amplitude and phase. The matching need not
be carried out by making adjustments to the hardware, but rather by applying a
calibration process that adjusts the values of the data stream prior to beamforming.
The calibration is carried out in software. The receivers are required to perform
frequency down-conversion, filtering, and amplification to a power level commen-
surate with the input requirements for the ADCs. In addition to the calibration
being carried out using software, it is expected increasingly that more and more of
the receiver functions will be implemented using software. Eventually, one would
expect that the receiver would be built using software rather than hardware. The
main advantage to be gained from digital beamforming is the greatly added flexibil-
ity without any attendant degradation in SNR. In many ways it can be considered
to be the ultimate antenna, in that all of the information arriving at the antenna
face is captured by digital streams. All of this information is available for process-
ing in the beamformer. There are many possible configurations for performing the
digital processing. Beamforming instructions can be driven by software to produce
different types of beams, such as scanned beams, multiple beams, shaped beams,
or beams with steered nulls.

Figure 2.16 depicts a simple structure that can be used for beamforming. The
beamformer, which carries out sampling of the propagated wave field, is typically
used for processing narrowband signals. The output at time n, y(n), is given by a
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linear combination of the data at the X sensors at time n:
K-~1
yn(0) = Y wizk(n) (2.23)
k=0

where * represents a complex conjugate, zy is the signal from the kB element of the
array, and wy is the weight applied to z;. Following the established convention, we
multiply the data by conjugates of the weights. This convention helps to simplify
the notation. In vector form, (2.23) can be written as

Ya(6) = wz(n) (2.24)

where the superscript H represents Hermitian transpose. If zk(n) = Vi and wy =
e7Inkdsml the output of y is equal to F in (2.11); that is, y, () = F(). With the
digital beamformer, however, one is able to do a lot more than just the evaluation
of the array factor. In fact, one is able to change the value of w to point the
beam in any wanted direction and to manipulate its shape to optimize system
performance. Therefore, the flexibility of DBF allows the full implementation of
adaptive beamforming, which will be discussed in the next chapter.

X X3 Xy

i

Figure 2.16 A beamformer forms a linear combination of the sensor outputs, which are
first multiplied by complex weights and then summed together.

2.4.1 Element-Space Beamforming

The process represented by (2.23) is referred to as element-space beamforming,
where the data signals z, £k =0,---, K — 1, from the array elements are directly
multiplied by a set of weights to form a beam at a desired angle. By multiplying
the data signals by different sets of weights, it is possible to form a set of beams
with pointing angles directed anywhere in the field defined by the elements used in

the array. Eac
weight to the

where
y(6:)
Tk
wj
The setup fo1
antenna elemu
the weighting
beamshaping.

Figure 2.17 |

2.4.2 Bear

Rather than

first processe«
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the array. Each beamformer creates an independent beam by applying independent
weight to the array signals:
K-1
y(0) = > wi'ek (2.25)

k=0

y(8,) = output of the beamformer;
Tk = sample from the kth array element;

w}, weights for forming beam at angle 6,.
The setup for generating an arbitrary number of simultaneous beams from K
antenna elements is shown in Figure 2.17. By selecting appropriate values for
the weighting vectors, one can implement beam steering, adaptive nulling, and

beamshaping.

X

' D : o)
XK

K D—={anc}—- W, y®)

Figure 2.17 Element-space digital beamformer for simultaneously generating L beams.

2.4.2 Beam-Space Beamforming

Rather than directly weighting the outputs from the array elements, they can be
first processed by a multiple-beam beamformer to form a suite of orthogonal beams.
The output of each beam can then be weighted and the result combined to produce
a desired output. This process is often referred to as beam-space beamforming. The
required multiple beamformer usually produces orthogonal beams. For example, the
beamformer can be implemented by using the FFT. For a K-element linear array,
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K overlapped, orthogonal beams can be formed; that is,

K

v(f) = kae—mm/h’ for I=1, .. K (2.26)
k=1

where 6; = sin™(I\/Kd). Because of the fixed nature of these unweighted output

beams (i.e., discrete &), v(&), individual beam control requires the following:

1. Interpolation between beams in order to fine-steer the resultant beam;
2. Linear combination of the output beams to synthesize a shaped beam or a
low sidelobe pattern;

3. Linear combination of a selected set of beams to create nulls in the direction
of the interfering sources.

In other words, beam-space beamforming requires a set of beam-space combiners
to generate weighted outputs. Figure 2.18 shows the im
FFT-based beamformer. The digital signal streams from the antenna elements are
fed to the FFT processor, which generates K simultaneous orthogonal beams. The
role of the beam select function is to choose a subset of these ortho%onaf beams that
are to be weighted to form a desired output. For instance, the i desired output

may happen fo be the combination of the weighted k1 and (k+ 2)th beams. That
is,

plementation of a weighted

M,
¥i = wi0(8) + wpv(Eess) = Y whv(Eygmy) (2.27)
m=1

where 1(m) is the selected beam index (eg., i(1) = kand i(2) = k + 2) and M, is

the number of orthogonal beams that are required to form the :*1 desired beam.

K point FFT

»

W,

Figure 2.18 Beam-space digital beamformer for simultane

ously generating multiple
beams.
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2.4.3 Two-Dimensional Beamforming

In mobile satellite communications applicatioris, the antenna arrays are usually two-

dimensional. Tthe digital beamforming concepts, techniques, and algorithms for a

linear antenna array can be easily and naturally extended to a two-dimensional

planar array.
For a K-by-L rectangular planar array, the output of the beamformer at time

n, Ya(0, ), is given by

K-1L-1
ya(6,9) = 3 Y wheki(n) (2.28)
k=0 I=0
which can be written as
yn(8,9) = wa(n) (2.29)
where
w = [wop, W10, ** 7y WK-1,00 Wo,15 “" " wK—1,L_1]T (2.30)
and
:c(n) = [IO,O(n)’ Il,O(n)a CIERS 711\'—1,0(71')7 -'Eo,l(n), s eE, 11}\'_1.L_1(n)]T (231)

In a similar way, for a hexagon planar array, the output of the beamformer at

time 1, yn(6, ¢), which is given by

Ky k 5
yn(8,9) = wizo + 3 D O WiimTkim(n) (2.32)
k=1 =1 m=0
can be expressed as
yn(8,9) = waz(n) (2.33)
where
w = [wo, W11, W21, 7ty WELL W22l T th,Kh-1,5]T (2.34)
and
SL'(TL) = [zvo(n)7 (L‘1|1_1(n), 12, 171a tet 7$Kh.1.1(n)» x2.2.1(n)7 R mK,,,Kh—l,S(n)]T

(2.35)

The reason why we express the beamformer output y.(6,¢) for a planar ar-

ray as an inner product of two vectors is to make it mathematically equivalent

to (2.23). This allows the beamforming techniques and algorithms that apply to
one-dimensional array to be applicable to planar arrays, as well.
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Chapter 3

Adaptive Beamforming

An adaptive beamformer is a device that is able to separate signals collocated in
the frequency band but separated in the spatial domain. This provides a means
for separating a desired signal from interfering signals. An adaptive beamformer is
able to automatically optimize the array pattern by adjusting the elemental control
weights until a prescribed objective function is satisfied. The means by which the
optimization is achieved is specified by an algorithm designed for that purpose.
These devices use far more of the information available at the antenna aperture
than does a conventional beamformer.

Traditionally, adaptive beamforming has been employed primarily in sonar and
radar systems. It started with the invention of the intermediate frequency sidelobe
conceler (SLC) in 1959 by Howells [1]. The concept of a fully adaptive array was
developed in 1965 by Applebaum [2]. He derived the control law governing its
operation. This algorithm is based on the general problem of maximization of SNR
at the array output. The SLC was included as a special case in Applebaum’s work.
Another independent approach to adaptivity uses the least mean squares (LMS) er-
ror algorithm, which was invented by Widrow and Hoff [3]. Despite its simplicity,
the LMS algorithm is capable of achieving satisfactory performance under the right
set of conditions. The LMS algorithm was further developed with the introduction
of constraints [4,5]. Constraints are used to ensure that the desired signals are not
filtered out along with the unwanted signals. With a constraint in place, the opti-
mization process proceeds as before, but now, for example, with the antenna gain
maintained constant in the desired look direction. Although Applebaum’s maxi-
mum SNR algorithm and Widrow’s LMS algorithm were discovered independently
and were developed using two different approaches, they are basically similar. For
stationary signals, both algorithms converge to the optimum Wiener solution [6].

A different technique for solving the adaptive beamforming problem was pro-
posed in 1969 by Capon [7]. His algorithm leads to an adaptive beamformer with a
minimum-variance distortionless response (MVDR). This has also been referred to

35
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36 Digital Beamforming in Wireless Communications

by some writers as the maximum likelihood method (MLM), because the algorithm the
maximizes the likelihood function of the input signal vector. It is also one of the
earliest adaptive beamforming techniques that offers the ability to resolve signals
that are separated by a fraction of an antenna beamwidth. In 1974, Reed and
his coworkers showed that fast adaptivity is achieved by using the sample-matrix
inversion (SMI) technique [8]. Using this technique, the adaptive weights can be
computed directly. Unlike the maximum SNR algorithm and the LMS algorithm,
which may suffer from slow convergence, if the value of the eigenvalue spread of Sir
the sample covariance matrix (SCM) is relatively large, the performance of the SMI
scheme is almost independent of the value of the eigenvalue spread.

Adaptive beamforming has been a subject of considerable interest for more than
three decades. It has evolved into a mature technology. There are a number of text- W
books and tutorial papers devoted to general concepts and applications of adaptive rej
beamforming [9-13]. In addition, numerous papers and articles on specific tech-
niques and applications can be found in the open literature. Thus, here we will

Fo

only present some basic adaptive beamforming concepts and a number of represen-
tative adaptive techniques that can be used in wireless communications.

3.1 BASIC CONCEPTS

The procedure used for steering and modifying an array’s beam pattern in order
to enhance the reception of a desired signal, while simultaneously suppressing in-
terfering signals through complex weight selection, is illustrated by the following
example. Consider the array shown in Figure 3.1, which consists of two omni-
directional antennas with —*;1 spacing. The desired signal, S(t), arrives from the
boresight direction (fs = 0), and the interference signal, I(t), arrives from the an-
gle (6; = 7/6) radians. Both signals have the same frequency fy. The signal from
each element is multiplied by a variable complex weight, and the weighted signals
are then summed to form the array output. The array output due to the desired
signal is Fi
ya(t) = A€ (w; + w,) (3.1)

For y4(t) to be equal to S(t), it is necessary that

diy
=1 fre
%['LU]] + S[WQJ =0
an
where R[] and S| operate on the real and imaginary values, respectively. The a s
incident interference signal arrives at element 2 with a phase lead with respect to co

element 1 of value 27r)\1—0dsin(7r/6) = 7/2. Consequently, the array output due to

Exhibit 1023
Page 048 of 315

Ubiquiti Inc. v. XR. Comm.
IPR2024-00148



Adaptive Beamforming 37

he algorithm the interference is
50 one of the yr(t) = Ne?* oty 4 NetGriottn/2)y), (3.3)
isplvel signals For the array interference response to be zero, it is necessary that
4, Reed and
ample-matrix R[wi] + R[jw,] =0
ights can b g (3.4)
g € Sfwi] + Sfjwe] =0
S algorithm,
ue spread of Simultaneous solution of (3.2) and (3.4) yields
e of the SMI w_l_-lw_£+'l
i == 2 ]27 2= 2 .72

»r more than
nber of text-
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With these weights, the array will accept the desired signal while simultaneously

rejecting the interference.

nf| w6
of represen- S()=Ae”™ I()=Ne’™™

S.

arn in order
pressing in-
1e following
" two omni-
es from the
rom the an-
signal from
ated signals y
the desired

Figure 3.1 Two-element array for interference suppression.

(3.1)

The method used in the above example exploits the fact that there is only one

directional interference source and uses the a priori information concerning the

(3.2) frequency and the directions of both of the signals. A more practical processor

should not require such detailed a priori information about the location, number,

: and nature of the signal sources. Nevertheless, this example has demonstrated that

ively. The a system consisting of an array, which is configured with complex weights, provides

respect to countless possibilities for realizing array system objectives. We need only develop
put due to a practical adaptive processor for carrying out the complex weight adjustment.
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38  Digital Beamforming in Wireless Communications

A generic adaptive beamforming system is shown in Figure 3.2. The choice of

If th
the weight vector w is based on the statistics of the signal vector z(t) received at the the
array. Basically, the objective is to optimize the beamformer response with respect desit
to a prescribed criterion, so that the output y(¢) contains minimal contribution from char
noise and interference. There are a number of criteria for choosing the optimum a sig
weights, which will be discussed in the next section. ) to a

that

D—_ conv
chos
V_ and
Taki:
D _ braic
Figure 3.2 A generic adaptive beamforming system.
wher
coval
3.2 CRITERIA FOR OPTIMAL WEIGHTS (3.10
3.2.1 Minimum Mean-Square Error
Let us consider a uniformly spaced linear array, as shown in Figure 2.1, which
operates in a signal environment where there is a desired communication signal It fol
s(t), as well as N, interfering signals {u,(t)}¥4. Let us further assume that the
desired signal arrives at the array with a spatial angle 6, and the ;th interferiug )
) . . . whicl
signal arrives with an angle 6,. The array output is represented by T s(i
]
zt)=s(thv+u=s+u (3.5) wher:
where v is the array propagation vector (see Section 2.1.2) for the desired signal,
’UT - [1, e]ndsinﬁo o e]n(l\"—l)dsinﬂo] (36)
) . . Ther:
u represents the sum of all the interfering signal vectors,
N
=1 whert
and 7, is the array propagation vector for the jth interfering signal,
,,,;l’ . [1, e]ndsinﬁ‘ .. ejn(l\’—l)risinﬁ,] (3,8)
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If the desired signal s(t) is known, one may choose to minimize the error between
the beamformer output w’x(t) and the desired signal. Of course, knowledge of the
desired signal eliminates the need for beamforming. However, for many applications,
characteristics of the desired signal may be known with sufficient detail to generate
a signal d*(t) that closely represents it, or at least correlates with the desired signal
to a certain extent. This signal is called a reference signal [14]. It should be noted
that we express the reference signal as a complex conjugate only for mathematical
convenience. It would not make any difference in the final result. The weights are
chosen to minimize the mean-square error (MSE) between the beamformer output

and the reference signal:
(t) = [d*(t) ~ wTz(2)]? (3.9)

Taking the expected values of both sides of (3.9) and carrying out some basic alge-

braic manipulation, we have
E{&(t)} = E{d*(t)} - 2w"r + w" Rw (3.10)

where r = E{d*(t)(t)} and R = E{x(t)z¥(t)}. R is usually referred to as the
covariance matrix. The minimum (MSE) is given by setting the gradient vector of
(3.10) with respect to w equal to zero:

Vw(E{e(t)}) —27 + 2Rw

0

(3.11)

It follows that the solution is
wept = R7'r (3.12)
which is referred to as the Wiener-Hopf equation or the optimum Wiener solution.
If s(t) = d*(t),r = E{d*(t)}v. Let us further express R = E{d*t)}vv¥ + R,
where R, = E{uu'} and apply Woodbury’s Identity to R™! and we have
1

-1 _ -1
R = | e R R; (3.13)

Therefore, the Wiener solution can be generalized as
Wopt = BR;'v (3.14)
where 8 is a scalar coefficient. In the case of minimum MSE,

_ E{d*(t)}
A= T B(®v R

(3.15)
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3.2.2 Maximum Signal-to-Interference Ratio

The weights can be chosen to directly maximize the signal-to-interference ratio

(SIR). Assuming that R, = E{ss?} and R, = E{uu™} are known, we may

choose to maximize the ratio of the output signal power o2 and the total interfering
signal power o2, The output signal power may be written as

o} = E{jw¥ s} = wi R w (3.16)

and the output noise power is

ol = E{lwiuf?} = w' R, w (3.17)
Therefore, the (SIR) is given as

o wARw
SIR =73 = St (3.18)

Taking the derivative of (3.18) with respect to w and setting it to zero, we obtain

= W R (3:19)

which appears to be a joint eigenproblem. The value of the ::"—z%% is bounded

by the minimum and maximum eigenvalues of the symmetric matrix R'R,. The
maximum eigenvalue Amax satisfying

R;Ist = /\maxw (320)

is the optimum value of (SIR); (i.e., SIR = Amax). Corresponding to this value,

there is a unique eigenvector, Wopt, which represents the optimum weights. There-
fore,

Ra"’opt E SIRRuwopt (3.21)
Noting that R, = E{d%(t)}vv¥, we obtain

wopt = AR v (3.22)

where B{(1))

,3 = “m—v}{wopt (323)
That is, the maximum (SIR) criterion can also be expressed in terms of the Wiener
solution.
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3.2.3 Minimum Variance

| If the desired signal and its direction are both unknown, one way of ensuring a

rence ratio
gnal reception is to minimize the output noise variance. Recall that the

/m, we may good si

linterfering beamformer output is

‘ t) = wiz

v(t) P (3.24)

X = w'stw'u

.16 . . . . : .

(3.16) To ensure that the desired signal is passed with a specific gain and phase, a con-
straint may be used so that the response of the beamformer to the desired signal
18

(3.17) wiv =g (3.25)
Minimization of contributions to the output due to interference is accomplished by
choosing the weights to minimize the variance of the output power

(3.18) Var{y} = w”Rw 3
w¥R,w + wiR,w (3.26)

 pSeiain subject to the constraint defined in (3.25). This is equivalent to minimizing the
quantity wH R,w. Using the method of Lagrange, we have

(3.19)
1
V'w(—Q—wHRuw + A1 — wv]) = Ryw — fv (3.27)
is bounded so that
-1 -
-'R,. The wopt, = BR;Y (3.28)
where g
(3.20) B = TR (3.29)
JliiEaalEe That is, solution (3.28), which is derived from the minimum variance criterion,
' is also the Wiener solution. If g = 1, the response of the beamformer is often

‘hts. There- .. . . . :
termed the minimum variance distortionless response (MVDR) beamformer. This

beamformer is attributed to Capon [7], who did the early work that lead to its

(3.21)
development.
(3.22) 3.2.4 Relationship Between the Criteria
In the optimal criteria discussed in the preceding sections, we see that the expres-
sions for the optimal weights have the same form. Despite the different values
(3.23) assigned to scalar § for different techniques, they all yield the same SIR, which is
the Wiener given as,

H
wipiRewopt _ fRE{d(t)}v" By v Ry'w 2\ pH
= 2 = d“(t -1 3.
wgptRuwopL BwH R v E{d*({#)}v" R;'v (3.30)

SIR =
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which is independent of 8. The scalar 3 represents the scalar gain. In the minimum
MSE criterion, 4 is given as

E{d(t
BMSE = T s {+ S(II){} (3.31)

In the maximum (SIR) criterion, f is given as

E{d*
BSIR = _{ST({)l”Hwopt (3.32)

In the minimum variance criterion, since g = wgptv, B is given as

E{d’ (1)} _ E{d*(1)

By =9 SR~ SR wiiyv (3.33)
which is indeed identical to Bs1r. Furthermore, BMSE can be expressed in terms
Of /BMV )

E{d*(1)} By
B = — ¥ 3.34
MSE = ZET80)) + Ay (534

The fact that the optimum weights using different criteria are all given by the Wiener
solution demonstrates the fundamental importance of the Wiener-Hopf equation in
establishing the theoretical adaptive beamforming steady-state performance limits.

3.3 ADAPTIVE ALGORITHMS

In the preceding section, we have shown that the optimum criteria are closely re-
lated to each other. Therefore, the choice of a particular criterion is not critically
important in terms of performance. On the other hand, the choice of adaptive algo-
rithms for deriving the adaptive weights is highly important in that it determines
both the speed of convergence and hardware complexity required to implement the
algorithm. In this section, we will discuss a number of common adaptive techniques.
It should be pointed out that the criteria in the preceding section are described in a
general sense, even though continuous time is used in each description. Obviously,
they are also applicable to discrete-time signals. In this section, since we are dealing
with digital adaptive beamforming algorithms, we will emphasize the digital signal
processing aspects by expressing the algorithms in terms of discrete time.

3.3.1 Least Mean Squares Algorithm

The most common adaptive algorithm for continuous adaptation is the least-mean-
squares (LMS) algorithm. It has been well studied and is well understood [15]. It is
based on the steepest-descent method, a well-known optimization method [16], that
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recursively computes and updates the weight vector. It is intuitively reasonable
that successive corrections to the weight vector in the direction of the negative of
the gradient vector should eventually lead to the MSE, at which point the weight
vector assumes its optimum value. According to the method of steepest decent, the
updated value of the weight vector at time n + 1 is computed by using the simple

recursive relation
w(n+1) = w(n) + Zul-V(E{Em)})] (3.35)
It follows from (3.11) that
w(n + 1) = w(n) + plr — Rw(n)) (3.36)

In reality, an exact measurement of the gradient vector is not possible, since this
would require a prior knowledge of both R and r. The most obvious strategy is to
use their instantaneous estimates, which are defined, respectively, as

R(n) = z(n)z¥(n) (3.37)

and
#(n) = d*(n)@(n) (3.38)

The weights can then be updated as

wn+1) = (n)+ pz(n)[d(n) — 2 (n)ib(n)]

o(n) + pe(n)er(n) (3.39)

The gain constant u controls convergence characteristics of the random vector se-
quence w(n). Note that this is a continuously adaptive approach, where the weights
are updated as the data are sampled such that the resulting weight vector sequence
converges to the optimum solution. Continuous adaptation works well when statis-
tics related to the signal environment are stationary. Figure 3.3 shows the signal-flow
graph representation of the LMS algorithm. The primary virtue of the LMS algo-
rithm is its simplicity. Its performance is acceptable in many applications. However,
its convergence characteristics depend on the eigenstructure of R. When the eigen-
values are widely spread, convergence can be slow and other adaptive algorithms
with better convergence rates should be considered.

3.3.2 Direct Sample Covariance Matrix Inversion

One way to speed up the convergence rate is to employ the direct inversion of the
covariance matrix R in (3.12) [8]. If the desired and interference signals are known
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thar
algo
coIn
and
and
W(n+1)
3.3.
Figure 3.3 Signal-flow graph representation of the LMS algorithm. [nst
the
a priori, then the covariance matrix could be evaluated and the optimal solution for
the weights could be computed using (3.12), which requires direct SMI. In practice,
the signals are not known and the signal environment undergoes frequent changes, and
Thus, the adaptive processor must continually update the weight vector to meet
the new requirements imposed by the varying conditions. This need to update
the weight vector without a priori information leads to the expedient of obtaining The
estimates of R and 7 in a finite observation interval and then using these estimates are
in (3.12) to obtain the desired weight vector. The estimates of both R and r can the .
be evaluated, respectively, as and
A N2
R=Y @ ()2 () (3.40)
=N,
and
and
Ny
P = zzle d*(2)z (i) (3.41) Usir
where N; and N, are the lower and upper limits of the observation interval or win- the
dow, respectively. Note that this is block-adaptive approach, where statistics are
estimated from a temporal block of array data and used in an optimum weight equa-
tion. If a nonstationary (time-varying) environment is anticipated, block adaptation whe
can be used, provided that the weights are recomputed periodically. It follows from
(3.12) that the estimate of the weight vector is given by
0 1,
w=R 7 (3.42) To ¢
If we introduce a term e to represent the errors due to the estimates, we may write use |

€ = jzwopt -7 (343)

which can be viewed as the least s

quares formulation of the problem. The weight
vector that is derived using the S

MI method is a least squares solution.
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Although the SMI approach can be shown, in theory, to converge more rapidly
than the LMS algorithm, the practical difficulties that are associated with the SMI
algorithm approach should be appreciated. It has two major problems: (1) increased
computational complexity that cannot be easily overcome through the use of VLSI,
and (2) numerical instability resulting from the use of finite-precision arithmetic
and the requirement of inverting a large matrix.

3.3.3 Recursive Least Squares Algorithms

Instead of using windowing to estimate both R and 7, we can estimate them using

the weighted sum:

N
R(n) = zyn"w(i)z’* () (3.44)

and N
#(n) = ‘;1 A (1) (1) (3.45)

The weighting factor, 0 <y < 1, s intended to ensure that data in the distant past
are “forgotten” in order to allow the processor to follow the statistical variations of
the observable data. Factoring out the terms corresponding to i =7 in both (3.44)
and (3.45), we have the following recursion for updating both R(n) and #(n):

R(n)=yR(n-1)+ x(n)zf (n) (3.46)

and
#(n) = y#(n — 1) + d"(n)z(n) (3.47)
Using Woodbury’s Identity, we obtain the following recursive equation for deriving

the inverse of the covariance matrix,
R'(n) =77 [R7(n—1) — q(n)z(n)R7(n — 1)] (3.48)
where the gain vector g(n) is given by [15]:

_ 7 'R (n — 1)z(n)
q(n) =7 ¥z ()R (n - 1)z(n)

(3.49)

To develop the recursive equation for updating the least squares estimate w(n), we

use (3.12) to express w(n) as follows:
w(n) = R7(n)r(n)
= 47 [R 0 - 1) - g)a(m) R (n - 1)]
x [yr(n — 1) + d*(n)z(n)] (3.50)
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Rearranging the above equation, we can update the weight vector as follows:
@(n) = B(n - 1)+ q(n) [d*(n) — " (n — 1a(n)] (3.51)

An important feature of the recursive least squares (RLS) algorithm is that the
inversion of the covariance matrix 2(n) is replaced at each step by a simple scalar
division. Figure 3.4 depicts a signal-flow graph representation of the RLS algorithm.
The convergence rate of the RLS algorithm is typically an order of magnitude faster
than that of the LMS algorithm, provided that the signal-to-noise ratio is high [15].

qm) w(n)

Figure 3.4 Signal-flow graph representation of the RLS algorithm.

3.3.4 Neural Networks

The resurgence of interest in the use of neural nelworks to solve some of the problems
arising in signal-processing applications [17-19] stems from the fact that a neural
network is a massively parallel interconnected network of simple elements, and their
hierarchical organizations are intended to interact with the objects of the real world
in the same way as a biological nervous system. More specifically, a neural network
may consist of a layered or multilayered nonlinear network that tries to reproduce
human intellectual capabilities through a “learning” or “adapting” process. It is an
ideal tool for use in adaptive signal processing. In particular, a signal-processing
problem is represented in terms of optimization where a cost function matches the
energy function of a particular neural network [20]. The neural network arrives at
a solution of a problem by minimizing its energy function. Recurrent networks are
usually suitable for this type of processing, in which the output of a neuron is fed
back as inputs to other neurons and/or to itself.

One particular type of recurrent neural network is the Hopfield network (model),
which consists of a single layer of neurons that are fully connected, as shown in Fig-
ure 3.5. The output of each of the neurons is fed back to all the neurons through
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nectivity
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llows: synaptic weights. In other words, the synaptic weights represent the feedback con-
nectivity or conductivity. The synaptic weights can be expressed in matrix form:

(3.51)
1 G2 't 0K
is that the ¢ ce
21 C22 CoK
mple scalar C= . g . (3.52)
j algorithm. ' ) o
CK1 CK2 "' CKK

itude faster
is high [15]. In the Hopfield model, ¢z = ci and g = 0.
The internal potential of the ktE neuron can be described by

K
vi(n +1) = —pevi(n) + chlsl(n) + b(n) (3.53)

=1

which has a temporal dynamic

d K
Tyk- = —prvi + 3 cuist + b (3.54)
i =1
and
sk = C(vk) (3.55)

where p is called the damping coefficient, b; is the external input signal to the
neuron, and ( is a predetermined nonlinear function. The internal potential reaches
its equilibrium when %‘5} = 0; that is,

te problems

K

at a neural — kv + D cust+ by =0 (3.56)
s, and their =1
2 real world The discrete time neuron model given in Figure 3.5 can be used for solving the above
ral network nonlinear equations if implemented using iterative methods, such as the relaxation
: repfofiu“‘ method and the Runge-Kutta method.
85 It is an The state of a Hopfield network can be described by a Lyapunov function. This
"processing is a function that becomes smaller for any change in the state of the network until
1atcllles the a stable state is reached, when, by definition, neither the state of the network
¢ arnves at nor the Lyapunov function undergoes any further change. Hopfield demonstrated
tworks are the existence of a Lyapunov function for a Hopfield network. The energy state or
uron is fed Lyapunov function of the network is defined as
k (model), £ = —% z Z CrISKS] — Z bi.sk (3.57)
wn in Fig- ko l#k k
ns through or in matrix notation,

£= —-;-STCS - sTb (3.58)

Exhibit 1023
Page 059 of 315

Ubiquiti Inc. v. XR. Comm.
IPR2024-00148



Exhibit 1023
Page 060 of 315

48  Digital Beamforming in Wireless Communications

where by is the external input to the kB neuron. We can gain a physical insight
into this energy function by considering cy as conductance, s; as voltage, and by as
current. The increment in this energy function is given by

A€ = — [Z ks + ka Asy (3.59)
12k

in which the state of the kth neuron is changed by As;. The expression in the
brackets in (3.59) drives the magnitude and sign of Asy, and therefore the bracketed
term and Asy are always of the same sign. It follows that A€ is always negative or
zero at a stable point. Thus, £ fulfills the Lyapunov requirements.

= G,
. — 8§ (nt+])

Sk (n+1)

(n+1)

Cess1(n)

Figure 3.5 (a) Discrete-time Hopfield model of a neural network; (b) its neuron.
The fact that Lyapunov functions exist for Hopfield networks makes them suit-

able for solving optimization problems. In terms of energy, a stable state represents
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a potential well. An input vector introduced into the network represents the initial
condition, which will lead to the selection of a particular well. This feature can be
exploited for solving optimization problems such as minimizing the MSE in adaptive

»hysical insight
tage, and by as

beamforming problems [21-23].
In order to map the MSE into the energy function for the Hopfield network, we

carry out the following algebraic manipulations. Let us represent the beamformer

output y by its real and imaginary components,

(3.59)

sression in the

= the bracketed y=yr+Jys (3.60)
ays negative or s
Yp = ’w£2!;z + w%::cg (361)
yg = WhTy — WL (3.62)

and and the subscripts ® and < signify the real and imaginary components, respec-
tively. For convenience, we express both yx and yg in terms of a row vector,

lym yo] = WX (3.63)
where
W= [ wR ] (3.64)
wy
and
X = [‘”" "’"} (3.65)
Ty —TR

Referring back to the MSE given by (3.9), we may rewrite it as

E{e(t)) = B{(dn—ys)*+ (dr =)’} (3.66)

E{d} + d& + y& + v4 — 2(drys + days)}

Tt should be noted that we drop the time argument (¢) for convenience. Because
both d% and d} are constant, minimizing the MSE is equivalent to minimizing the

following objective function:

‘1’=E{—2[ya ys][j:]ﬂm yel[;:]} (3.67)

auron, Substituting (3.63) into (3.67), we obtain
:kes them suit- \I’ — E —2WTX d* + WTXXTW (368)
tate represents dy
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If we compare (3.58) with (3.68), we find that

C=-2E{XXT} (3.69)
b=2E{X[d*‘” (3.70)
dg
and
s=W (3.71)

Since the exact values of C and b cannot be realize

be used as an approximation instead. That is, C
respectively, by

d, the ensemble average can
and b can be updated [24),

C(n) = "=1C(n - 1) - 2X () X ()" (3.72)
b(n) = ""Lon 1) + 2X (n) [ 3“” J (3.73)
n g

3.4 PARTIAL ADAPTIVITY

To elucidate the concept of partially adaptive beamforming,
the term degrees of freedom. This expression refers to the nu
or “free” weights that can be used to form a beam. Adaptive beamforming can be
divided into two classes: fully adaptive and partially adaptive. In fully adaptive
beamforming, every available degree of freedom is used. That is, every element
or beam is individually adaptively controlled to achieve maximum control of the
beam pattern. For example, in the analyses in the preceding section, the number
of degrees of freedom is K because here are K array elements. Although it is not
explicitly stated, we assume that all K degrees of freedom are used for optimum

beamforming. Fully adaptive beamforming is obviously preferred because of the
following advantages:

we need to introduce
mber of unconstrained

1. The full complement of the array’s degrees of freedom are available to the

beamformer. Therefore, one is able to maintain the maximum control of the
array’s response.
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When the number of array elements becomes large, however, full adaptivity may
be difficult to implement in practice. Exercising a large number of an array’s degrees
of freedom can result in a considerable level of computational complexity, as well
as a decrease in the convergence rate of the adaptive algorithm. Consequently, it
is often desirable to reduce the degrees of freedom. That is, only a fraction of the
available elements or beams are adaptively controlled to form the desired beam. By
reducing the degrees of freedom used for adaptation, we reduce the computational
complexity and improve system response time while maintaining as much control as
possible over the array response. A number of strategies can be used for reducing
the degrees of freedom that are presented to the adaptive algorithm, such as:

1. Judiciously selecting only a fraction of the array elements for adaptive control,

thereby carrying out adaptivity at the elemental level [25];
2. Grouping the entire array into a number of subarrays, carrying out beamform-
ing for each subarray, and adaptively controling the outputs of the subarray

beamformers [26];
3. Forming beams using the entire array and adaptively controling these beams

[27,28].

Note that strategy 1 is based on element-space processing, while strategy 3 is based
on beam-space processing. Strategy 9 can be considered as beam-space process-
ing because subarray beams are processed. However, it can also be said to be
an element-space technique in that the subarrays can be considered to be super-
elements, forming an array of equivalent aperture. That is, the adaptive control is
carried out at the superelemental level. Nevertheless, these three strategies can be
generalized by introducing a linear transformation T', as shown in Figure 3.6.

X1 X2 b

Transformation T

T T

X1 X3 Xy

Figure 3.6 Use of linear transformation T to reduce the number of degrees of freedom
from K to L.
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In element-space partial-adaptivity scheme processing, only a fraction of the
array elements are controlled directly. In this case, T is a K x L permutation
matrix, where L < K is the number of elements to be used. Each of the L columns

in T has only one entry, which is identically equal to unity,

while all other entries
are equal to zero; that is,

T =ty ts,--, ) (3.74)
where
ti=1[0,---,0,1,0,---,0)" (3.75)

In the case of the subarray approach, T'is a K x L sparse matrix, where L < K
is the number of subarrays to be used. Each of the L columns in T has nonzero

entries, which are indeed the weights for the elements of the subarray,

and the rest
of the entries are equal to zero, ie.,

T= [tl,tz,"',tL] (376)
where

t = [Oi . 101 tk+1,17tk+2.la . 7tk+Kh1; 0, e >0]T (377)
and A, is the number of elements of a subarray.

In beam-space partial-adaptivity processing, the full array aperture is used for
forming a set of orthogonal beams, a fraction of which are then weighted and com-
bined to generate the desired adaptive response. In so doing, the maximum aperture
gain can be maintained as in the case for the fully adapted array. In this case, T
is a K x L matrix, where I < K is the number of beams to be used. Each of the

L columns in T has nonzero entries, which are the weights required for generating
an orthogonal beam; that is,

T= [t1>t21"'7t[4] (378)
where
tr = [ty tag, o tey]” (3.79)

It follows from the transformation that the data vector for the partial adaptive
approach is given as

z, = T2 = [2},2},- -, 2] (3.80)
Consequently, the covariance matrix is given by
R, = E{z,2?} = TYRT (3.81)

The optimum criteria and the adaptive techniques discussed earlier can then be
directly applied here.

Exhibit 1023
Page 064 of 315

In bea
for adapte
of major
to which :
adaptive :
location ¢
design, th
upon the

optimum
there is a1
elements

cancellati

Adapt
to the prc
ularly tru
case of mu

array camn

1.

3.
4.
5.

Red
free
Use
deg:
Rec
Cor
Cor

It sho
partially
to the sar

arapid d

degrees o

3.5

RE

We have

preceding

optimiza
the a pr
Explicit 1
reference

Ubiquiti Inc. v. XR. Comm.
IPR2024-00148



a fraction of the
x L permutation
of the L columns
e all other entries

(3.74)

(3.75)

rix, where L < K
in T has nonzero
rray, and the rest

(3.76)

(3.77)

rture is used for
sighted and com-
aXimum aperture
. In this case, T
sed. Each of the

:d for generating

(3.78)

(3.79)

partial adaptive

(3.80)

(3.81)

ier can then be

Exhibit 1023

Adaptive Beamforming 33

In beam-space processing, since only a fraction of elements are now being used
for adaptation, the effects of errors in the weights applied to the elements becomes
of major concern when designing a partially adaptive array [25,29]. The degree
to which interference cancellation can be achieved with an element-level partially
adaptive array, where errors are present in the weights, is highly sensitive to the
location of the adaptive elements within the array. Consequently, for a practical
design, the best choice for the location of the adaptive elements depends principally
upon the error level experienced by the array weights and only secondarily on the
optimum theoretical performance that can be achieved [11]. It is also found that
there is an advantage in adjusting the spacing of the elements so that the controlled
elements are clustered towards the center, since the adapted pattern interference
cancellation tends to be independent of errors in the element weights (25,29)].

Adaptive beamforming carried out in beam space is a highly attractive solution
to the problem of providing partial adaptivity to an array antenna. This is partic-
ularly true if the application inherently requires multiple beamforming, as in the
case of mobile satellite communications. The use of a beam-space partially adaptive
array can result in the following benefits over that of a fully adaptive array:

1. Reduction in overall cost because only a relatively small number of degrees of
freedom are exercised;

9. Use of relatively simple adaptive weight constraints, thereby causing minimal
degradation in the gain of the main beam and the levels of the sidelobes;

3. Reduction in the computational overload;

4. Considerably faster adaptation of the array response;

5. Compatibility with a large number of adaptive algorithms.

It should be noted, however, that there is a performance penalty associated with
partially adaptive beamforming. A partially adaptive beamformer cannot converge
to the same optimum solution as the fully adaptive beamformer and will experience
a rapid degradation in its performance when the interference scenario calls for more
degrees of freedom than available to the adaptive subsystem.

3.5 REFERENCE SIGNAL ACQUISITION

We have seen a number of criteria and algorithms for adaptive beamforming in the
preceding sections. They all require some sort of reference signal in their adaptive
optimization process. When people speak of reference signals, they usually mean
the a prior: and explicit information or knowledge about the signals of interest.
Explicit reference can be divided into two categories: spatial reference and temporal
reference. Spatial reference is mainly referred to as the angle-of-arrival (AOA)
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information of a desired signal. A temporal reference si

gnal may be a pilot signal
that is

correlated with the desired signal, a special sequence in a packet carried
by the desired signal, or a known pseudo-noise (PN) code in a CDMA system.
The form of available reference depends on the particular system where adaptive
beamforming is to be implemented. If an explicit reference signal is available in a

system, it should be used as much as possible for less complexity,

high accuracy,
and fast convergence,

It is worthwhile to describe the reference signal acquisition process in a CDMA
system. Adaptive beamforming is highly suitable for a CDMA system, because the
spreading codes can be used as references for beamforming. The common imple-
mentation of adaptive beamforming in a CDMA wireless communications system is
the use of Compton’s reference generation loop [30]. A generic implementation con-
figuration for adaptive beamforming in a CDMA wireless communications system
is shown in Figure 3.7. In this configuration, the demodulation is carried out after
beamforming. That is, the array output is first mixed with a CDMA-coded local
oscillator signal, which is filtered and limited. The limited signal is re-modulated by
mixing with the corresponding CDMA coded local oscillator signal. The remodu-
lated signal is used as the reference signal, which is compared with the delayed array
output to produce an error signal. The error signal drives the adaptive processor

to update the beamforming weights. The feedback loop is a nonlinear one due to
the limiter operation.

Filter

CDMA
code

Limiter

Adaptive
processor

Figure 3.7 A generic configuration for adaptive beamforming in a CDMA wireless com-
munications system.
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4.1 ERROR SOURCES IN DBF ANTENNA ARRAYS

18, Antennas

sing antenna 4.1.1 Random Errors

Proc. IEEE An ideal array aperture is characterized by a surface having the exact shape pre-
' scribed by theory. In an ideal DBF array, each elementary signal receives the exact
weight prescribed by the designer.
No real antennas are free from physical or electrical aberrations, however. Real
apertures differ from ideal apertures for many reasons. At the array level, one can

identify the following sources of random error:

sction of the

\ptive arrays
University,”
Random antenna element misplacement;

Element rotation about an axis parallel to the array normal;
Misalignment of the element axis with respect to the array normal;
Nonrigid antenna array structure;

Mutual coupling;

Amplitude and phase mismatch between channels;

(Narrowband) filter center frequency mismatch;

. Quantization process.

e B Nl ol

Some of these sources introduce amplitude errors, others phase errors, and some
both. For example, severe amplitude errors result from element rotation about
an axis parallel to the array normal, which alters the polarization of the element
and thereby causes a polarization mismatch with respect to the incoming radiation.
Misalignment of the element axis with respect to the array normal offsets the ele-
ment pattern and thereby changes its gain to an incoming signal. Phase errors are
introduced by errors in the position of antenna elements. If the antenna structure
is nonrigid, the face of the array may be distorted by some unexpected external
force, which in turn leads to phase errors. Furthermore, the phase errors may be
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time-varying if the distortion is a dynamic process. Fixed but random phase errors
are also introduced by transmission line length errors in the feed system.
Amplitude and phase errors are also introduced in the quantization process,
since the bit length of the digital signal must be finite. Sampling can be done at
baseband using two ADCs for the I and Q channels or sampling can be done directly
at an IF with a single ADC with the I and Q channels generated digitally. Mutual
coupling is the dominant phenomenon affecting both amplitude and phase.
Irrespective of which phenomenon is responsible for an error, its effects are on
both the amplitudes and the phases of the signals across the array. Hence, any
error source may be typified by errors Aq, and A¢, to the amplitude and phase of
the :th element. The purpose of error analysis is to demonstrate how such errors
influence the important properties of the beam pattern of an array and to permit
specifications to be established. The properties of primary concern are the gain,
width, shape, and pointing direction of the main beam, as well as the sidelobe level.

4.1.2 Nonlinearities in Receivers
A typical DBF receiver is usually composed of [1]:

1. An input RF bandpass filter to eliminate image band interference from the
receiver;

2. A low-noise amplifier (LNA) to establish the system noise figure;

3. One or more down-conversion stages to translate the received signal to a
suitable frequency band,;

4. A filter to limit the spectrum width of the signals that are quantized;

5. An ADC subsystem.

At the individual receiver level, one can distinguish the following sources of nonlin-
earity or distortion in active components:

. Intermodulation products;

. Gain compression;

. Internally generated noise;

Spuriousness in mixers;

Amplitude and phase ripple across the signal bandwidth;

Gain and phase sensitivity of amplifiers to power supply voltages;
Uncorrelated dc offsets in the I and Q components (baseband sampling);
I and Q gain mismatch and phase errors (baseband sampling);
Analog-to-digital conversion:

© W NO TR W N

a. Quantization noise;

b. Saturation effects;
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hase errors i ¢. Third-order nonlinearities;
. d. Sampling jitter;
>N process,

e. Spectral aliasing.

be done at

e directly Intermodulation products are caused by nonlinear transfer characteristics in am-
ly. Mutual plifiers and especially in mixers that rely on nonlinear devices for down-converting
e signals to an IF or baseband. Of special importance are the third-order intermod-
ects are on ulation products, since they fall within the signal passband and cannot be removed
Hence, any by filtering, thus causing distortion.

1d phase of Gain compression occurs when the output of a component can no longer linearly
such errors follow its input. At that point, the output ceases to be a scaled replica of the input
I to permit and distortion is introduced.

e the gain, Internally generated noise limits the minimum signal level that can be detected.
elobe level. It should be noted that noise is also present in passive devices such as attenuators,

antenna elements.
Spurious responses in a mixer occur when harmonics of the local oscillator (LO)

cause the frequency translation of unwanted frequencies at the mixer RF input to
the IF. Usually the gain of amplifiers and mixers is not perfectly constant across
se from the the signal bandwidth. This depends on the bandwidth of the signal. The larger
the bandwidth, the more likely the gain will vary. The same goes for the phase,
which should ideally have a linear slope across the signal bandwidth. Amplifiers are

signal to a . gain- and phase-sensitive to their power supply voltages. For low-frequency power
supply ripple, the gain and phase modulations produced by each amplifier stage are
zed; additive and cause a discrete spurious sideband to appear on the output signal.

In baseband sampling, dc offsets occur at the output of the I and Q mixers when
the RF frequency is equal to the LO frequency but with a phase difference. The I
and Q dc offsets are different, since no two mixers are perfectly identical. The same
goes for the I and Q gain mismatch and phase errors (also with baseband sampling).

ADCs are also prone to the digital equivalent of analog nonlinearities. They also
have sources of error specific to the digital domain.

Nonlinear phase characteristic in amplifiers causing amplitude modulation (AM)-
to-phase modulatio (PM) conversion was not included in the list, since it is present
mostly in traveling-wave-tube amplifiers {TWTA) and solid-state power amplifiers
) .(SSPA). It can be proven that small-signal amplifiers that exhibit a limiting-type

! transfer characteristic do not show AM-to-PM conversion.

s of nonlin-
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4.2 QUANTIZATION ERRORS IN DBF ARRAYS and

4.2.1 Complex Signal Quantization Error

In digital beamforming, we deal with complex signals. That is, the complex signal the IZHI
s(t) from each receiver consists of the in-phase component z(¢) and the quadrature- interes
phase component y(t); that is, To
s(t) = 2(t) + 7y t) (4.1) functio
or in the polar form, p(z+:
s(t) = r(t)e’*® (4.2)
where
WilieES functio
r(t) = 22 (t) + y*(1) (4.3)
and
aft) = arctan ¥(t) (4.4)
a(t) ‘ Based «
To simplify the notation, the time argument (¢) will be dropped from the variables, as
but they should be understood as functions of time.
In the quantization process, both the in-phase and quadrature-phase components
are converted into digital signals. It is common to represent the quantization effect NSS!
that is due to finite word length by additive random noise [2]. That is, the quantized
signal can be modeled as
sg=8+n (4.5)
where n — u + jv represent thc quantization noise. It is well known that n can be .
characterized with uniform distribution [2]. To carry out the analysis further, we
assume the signal s follows the complex Gaussian distribution. This assumption is It follo
applicable to most types of communications signals. The quantized signal s, can
be written in the polar form, I ws) As Aq
e ' a Gaus
where demon
Tq = \ﬂr +u)?+(y+v)? (4.7) the cd:
and signal
ay = arctan ke (4.8) represe
T+ u other ¢
Thus, the quantization error in terms of amplitude and phase are given by, approx
respectively, a unifc
Ar=r1—r, (4.9) compa
dashed

Exhibit 1023
Page 072 of 315

Ubiquiti Inc. v. XR. Comm.
IPR2024-00148



Error Effects on Digitel Beamforming 61

and
Ao =0a—oq (4.10)
In beamforming, the beam pattern is affected mostly by the phase errors of
lex signal the array elements, which will be shown in a later section. Thus, we are mostly
adrature- interested in the characteristics of the phase error Aa.

To investigate the characteristics of Aa, we start with the probability density

function of = + u, which is given by

(4.1)
aq 2
p(z+u) = ;M /_;; B Aiqdz = -Al—q[@(z+u+Aq)~(I>(x+u~Aq)] (4.11)
(4.2)
where Ag is the quantization step size and @ is the normal cumulative density
(4.3) function (cdf), which is defined as
B(b) = —2—/be_zzdz (4.12)
VT o '
(4.4)
Based on the mean value theorem, the term in the square brackets can be expressed
rariables, as
®(z +u+ Aq) — 8z +u — Ag) = Agg(6) (4.13)
::)I;O:;Ielzz where (8) is the Gaussian function; that is,
uantized 8—?:
?(8) = — (4.14)
To
(4.5)
n can be and
e e c+u—Ag<B<z+u+AlAq (4.15)
nption is It follows that 1
il s, can p(z+u)= A_q[AW(ﬁ)] = ¢(B) (4.16)
(4.6) As Ag approaches zero, p(z + u) approaches o(z); that is p(z + u) is approximately
a Gaussian distribution when Ag is relatively small. This characteristic can also be
demonstrated using numerical simulations. In Figure 4.1, the solid curve represents
(4.7) the cdf of Gaussian signal z. The dashed curve represents the cdf of the same
signal &, which has been contaminated with the uniformly distributed noise u to
(4.8) represent one-bit quantization errors. The fact that the two curves are close to each
_ other shows that p(z + u) =~ p(z). In a similar way, p(y + v) can be shown to be
iven by, approximately a Gaussian distribution. Therefore, the pdf of o, is approximately
a uniform distribution over the interval [—m, ], which is demonstrated by the
(4.9) comparison of cdf given in Figure 4.2, where the solid curve is the cdf of o and the

dashed curve is the cdf of ay.
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Although o and o, are uniformly distributed over the interval [~m, =], the
distribution of Aa = a, — a is not easy to determine analytically. If 4 and o
are mutually independent, the probability density function (pdf) of Aa will be the
convolution between the pdf’s of ¢, and «, which is a triangle shape over the interval
[—2x, 27]. However, since z is correlated with (z + u) and y with (y + v), «, and
o are not mutually independent. That is, their correlation coefficient pq, given as

_ Fle(a)
e = JEl@A () Efa2(D) 0

has some finite values. The magnitude of p, depends on the number of bits, as shown
in Figure 4.3. The dependence between o, and o makes it very difficult to carry out
a tractable analysis on the distribution of Aa. To evaluate the distribution of A,
we have to resort to a Monte Carlo simulation. Figure 4.4 shows the distributions
of Aa for one-, two-, and three-bit equalizations, respectively. In this figure, for
comparison purpose, we also plot the distribution of Aa assuming o, and a are
mutually independent. A trend can be observed here. That is, as the number of
quantization bits increases, the distribution of Aa will eventually become a delta

2d curve) and .
function.

095+

09r 5

085+

Correlation coefficient

08F

075 . ; L L T
4 5
Number of bits

Figure 4.3 Correlation coefficient p, as a function of number of bits.

[Witl} (dashed The dependence between «, and «a is fortunately desirable in that the higher
£ANOIEE; degree of correlation there is between o and a, the smaller A« is. That is, as
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Figure 4.4 The distributions of Aa for one-bit quantization (dashed curve), two-bit
quantization (solid curve), three-bit quantization (dash-dotted curve), and
mutual independence between a, and a (dotted curve).

the number of quantization bits increases, Aa approaches zero, which in turn leads
to oy = a. This is shown in Figure 4.5, where the mean square error E{Aa’} is
plotted as a function of number of bits.

It is interesting to compare the phase errors associated with the process of quan-
tizing a complex signal and the errors associated with the process of digitally shift-
ing the phase in a phased array. The effect of digital phase shifting is equivalent
to that of quantizing the phase of a complex signal. That is, the phase errors as-
sociated with a digital phase shifter approximately follow a uniform distribution.
Figure 4.6 compares the phase-error distributions associated with the two processes.
It can be observed from the shapes of the distribution functions that the variance
of phase errors associated with quantizing a complex signal using only one bit for
both in-phase and quadrature-phase components is even smaller than that with
phase shifting using a three-bit digital phase shifter.

4.2.2 Quantization Noise in Beamforming

The digital beamformer is required to perform the vector inner product to form
a beam. Therefore, the effect of quantization noise on the beamformer output is
of interest. In order to analyze this effect, it is important to understand how the
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Phase MSE

1 2 3 4 5 ] 7 8
bit number

re), two-bit Figure 4.5 The mean square error E{Ac?} as a function of number of bits,
curve), and

quantization noise propagates through the beamformer. In general, the beamformer
consists of a number of scalar complex multipliers and an adder.

e lfa‘%s The complex multiplier, as modeled in Figure 4.7 multiplies the signal z with
E{Aa’} s the weight w, both being complex. Because both z and w are quantized, their
corresponding quantization noise terms are denoted as n, and ny, respectively.
sseoliguan: The output of the multiplier is then given by
tally shift-
equivalent Yo=(z+n)(w+ny,) =y+n (4.18)
© errors as-
stribution. where y = z*w and n = njw + *n, + n*n,. It can be assumed that z,w,n,, and
' processes. ny are mutually independent. By defining the signal-to-quantization-noise ratio
le variance (SQNR) as f—l.[llf:—!%, where
one bit for Elly]*] = o202 (4.19)
that with
and
Elinf'} = o3or, + o4on, + 0k, 0%, (4.20)
it follows that 52 2 o2 o2
2 o) o SQNR = —101g(}3§+ 0"5‘:’ ——————a'é‘m:é") ((dB) (4.21)
“output is If the real and imaginary parts of the signal = have the same dynamic range R, and
d how the are digitized with the same number of bits b;, the quantization noise power o2 s
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15
I
g
g Fi
“osf
the
) i, — - =L
8 -6 -4 0 4 6 8
Phase error (rad ) wh
Figure 4.6 Comparison of phase-error distributions: solid curve: quantization of a com- Cat
plex signal using only one bit for both in-phase and quadrature-phase com-
ponents (E{Aca?} = 0.066); dotted curve: one-bit phase shifter (E{Aa’} = Ifv
0.82); dashed curve: two-bit phase shifter (E{Aa?} = 0.21); dash-dotted i
curve: three-bit phase shifter (E{Aa?} = 0.091). po
then given as Sin
2 o fi 4.22 pot
o = Mg gmn (4.22)
Similarly, the quantization noise power for the weight w is given as
R?
2 w
ol =2 (4.23)
Therefore, the SQNR is given as
wh
R? R? R2R?
[ x 1 d
SQNR lOlg(ﬁ x 22 g2 b 6% 22%wg? 36 % 22“’-""‘5'3930;‘:',) (4.24) o
In the case that R, = Ry, 02 = 0%, aud b, = by, the SQNR becomes 4.2
SQNR = 101g(6 % 2%=) — 101g(R2/o?) —101g(2 + s—,g-é?) (4.25) gll 1
* 4 e
= 108 + 6.02b, — 101g(RZ/02) — 101g(2 + zmi=s) (dB) 2
which indicates that the SQNR increases by approximate 6 dB for every additional hav

bit used for the quantization.
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unit

K

W

w
Figure 4.7 Basic unit of a beamformer.

The output of the beamformer is the sum of the outputs of all the multipliers;

that is,
M M
Yq:qu=Z(ym+nm)=Y+N (4.26)
m=1 m=1
where
Ym = x:nwm (427)
ion of a com- and
N = Ny, W + Ty Mg T Ny, N, (4.28)

e-phase com-
(B{Aa”) = If we assume that {x:nwm}le is a set of mutually independent variables, the average
dash-dotted L.
power of Y is given as

o2 = E|lY]’]= Maia?, (4.29)
Similarly, if {n,_wWm 25wt ny, Nwm }M_ | are mutually independent, the average

power of total noise E[|N|? is given as

(4.22)
7 = EINP] = Mlol?, + a3l +o%.0%, (4.30)
It follows that the overall SQNR is given as
{4.23) 2 2 2 2 2
ay Tng Ony oﬂro w
SQNR = 101g(;2];) = —101g( = + =y + E;E—)(dB) (4.31)
which is identical to the SQNR for a single multiplier. That is, the overall SQNR
(4.24) does not depend on the number of elements.
nes 4.2.3 Discussions
In this section, the analysis of quantization errors has been carried out in terms of
) (4.25) the characteristics of the errors and their effects on DBF. In particular, we have
determined the characteristics of the phase errors introduced by quantization and

have evaluated the SQNR for the output of a digital beamformer. Based on the

ary additional
analysis, a number of conclusions can be derived:
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1. The pdf of the phase errors, which result from quantizing the I and Q com- whe
ponents of a complex signal, approaches the é function as the number of mnt
quantization bits increases. penc

2. The phase errors due to I and Q quantization are smaller than those resulting app!

from direct phase quantization if the same total number of bits is used.

3. In terms of digital beamforming, the overall SQNR of the beamformer output
does not depend on the number of array elements. The overall SQNR increases
by about 6 dB for every additional bit used for both I and Q quantization.

4.3 RANDOM ERRORS IN DBF ARRAYS

Since it is not always possible to know, in a deterministic sense, the exact nature

of the errors that might be encountered in a specified antenna, the properties of

the antenna must be described in statistical terms. That is, the expected value of Tha
the radiation pattern of an ensemble of antennas of similar type can be computed the
based on the statistics of random errors. The statistical description of the antenna

properties cannot be applied to any particular antenna element, but applies to radi
the collection of similar antennas whose errors are specified by the same statistical

parameters. The analysis of the effects of random errors on a one-dimensional (1-D)

array has been given in [3]. However, since two-dimensional (2-D) antenna arrays

are being used more and more in various applications, there is a need to carry out and
the analysis of errors in 2-D arrays. Therefore, we extend the analysis used for 1-D

of arrays to 2-D arrays.

4.3.1 Beam Pattern whe

In the error-free case, the radiation pattern of an array can be written as

1 M N
Fo(u,v) = TN p Zamne(3¢mn)e{1"[rm“+yn”"l} (4.32)

m=1n=1

where apnet¢™) is the complex weight of the (m, n)th element located at (zm,¥n),
k = 2r/), u = sin(f#), and v = sin(p). # and ¢ are the angles measured from the
array normal in the £ — z plane and y — z plane, respectively. If ¢mn = £[zmu +yav], The
fo(u,v) has the maximum response of unity.
In practice, errors must be included in the radiation pattern; that is,

M N
(amn + Aamn)e(mmn)e(JAcbmn)e{m[zmuwnv]} (4'33)
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nd Q com- where Admy and Adm, are the amplitude and phase errors associated with the
number of mnth element. In general, amplitude and phase errors can be assumed to be inde-
pendent of each other and are each zero mean. If errors are relatively small, we can
se resulting approximate the eU4¢mn) by the first two terms of its series expansion; that is,
used.
mer Output F(u7 ’U) = { z Z am e(J¢mn) {sk[znutym]}
R increases m‘l n=1
atization. + Z E Aamne(l¢mn)E{Jk[l‘nu'ﬂlm”]}
m=1n=1
M N
+j Z Z amnAqgmne(an)e{Jk[xnuwmv]}

m=1n=1

cact nature = Fo(u,v) + eq(u,v) + jeg(u,v)} (4.34)

‘operties of

ed value of That is, the actual pattern consists of two additional error terms: e,(u,v) due to

s computed the amplitude errors and ey(u,v) due to the phase errors.

he antenna The power pattern is the self-product of the radiation pattern. For the error-free

applies to radiation pattern given by (4.32), the power pattern is given by
> statistical
ijonal (1-D) FF§ = M2N2 Z Z Z Eamna ladmn) lrx(@mputyngv)] (4.35)
;Ina arrays Tastip=Re=t
o carry out and for the actual radiation pattern given by (4.33), the power pattern is given by
sed for 1-D )

F * (JAd’mnpq) (J¢mn) [15(zmputynqv)] 4.36
F M2N2;;;§ama € (4.36)

where
® pg = Gpg + Adp (4.37)
U, Umn + Ay (4.38)
(4.32) Tmp = T — Tp (4.39)
£ ) Yng = Yn —Yg (4.40)
At \Tm, Yn )y A = A _A »
:d from the $mnpg Pmn Ppq (4.41)
T+ ynv], The expected value of F'F* can be expressed as
N E[FF‘] - M2N2 Z Z E Z Amnlpge (J¢mn) {36(Tmputyngv)}
m=1n=1p=1g¢=1
4.33) 1 .y
(4. +opral— 4 )ng g MNUAG (4.42)

where A? = |E[e?4%]|? < 1, and 0}, is the variance of the amplitude error.
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4.3.2 Fractional Loss in Main-Beam Gain wh
The error-free mainbeam gain can be evaluated by setting ¢, = k[Tmu + yav] in lar
(4.35); that is, fact
pat
1 M N M N
GO = E{F0F5|¢mn=n[zmu+ynv]} = __—M2N2 Z Z Z Z AmnQpq (443) J
m=1n=1p=1q9=1
When all ¢, are equal, Go = a®. Likewise, the actual mainbeam gain is evaluated Int
from (4.42): and
2
1 5
G=E{FF'} =A%+ —(1 - A% + ——0? . not:
The actual main-beam gain relative to the error-free main-beam gain is defined tha
as the fractional loss in gain. The limiting value of the loss in gain, as the number
of elements increases, is simply given by %
(
2
im =4 / 5% (Ad)dA$ (4.45)
where w(A@) is the probability density function of the phase error. That is, the g
loss in gain is mostly due to the phase errors. When there are many independent %
phenomena that contribute to the phase errors, the phase errors can be considered ¢
to follow the normal distribution. In this case, it can be shown that the fractional
loss in gain is given by [3] If
G
= e™%hs (4.46) the
where o4, is the variance of the phase error.
4.3.3 Pointing Error
For an N-element linear array, the root-mean-square (rms) pointing error is given whe
by the following relation [3]:
cagsdu
oy R 4.47
v/ (447)
where Au is the beamwidth of the array pattern. In the case of 2-D arrays, the total
squared rms pointing error can be considered as the sum of squared rms pointing
errors in both dimensions; that is,
ol=0l+ o} (4.48) The

It can be shown that the rms pointing error is similar to that in the 1-D case given
by [3]; that is,
Tagls

VMN

Ty X

(4.49)
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where As? = Au?+Av?. The proportionality constant is determined by the particu-
. lar geometrical arrangement of element locations. Calculation of the proportionality
Zptt + Ypv] in . : ; . ) ;
factor requires a more T1gorous analysis, which will be given as follows. The power
pattern given by (4.36) can be further expressed as

9 M N M N
- M2]\[2 Z E E Z al a, COS[N(‘T’”‘PU + ynqv) + ¢mn + A¢mnpq] (4‘50)
m=1n=1p=1g=1

mnpg

In the absence of phase errors, the values of u and v that maximize F.F* are v = uo
and v = vo (i.e., the main beam points at the angle (uo, v)). However, with phase
noise, the pointing direction will deviate from (uo,vo). The pointing direction can
be found by setting the partial derivatives of FF* with respect to u and v to zero;
gain is defined that is,

(4.43) FE*

in is evaluated

(4.44)

as the number B(FF") L, M NMN .
5 = N mZ:1 n2=:1 ;; ?_::1 al Oy KT 81D [K(Tmptt + Yng®) + Gmn + Abmnpa]
(4.45) =0 (4.51)
. That is e
y indepen’df;}i O(FF7) _ -2 % i % EN: 0 ! Kyng S [K(Tmpu + it Fian + Al
be considered o MN? Zioma
=0 (4.52)

. the fractional
If the terms in the square brackets in the above two equations are relatively small,

(4.46) the sine terms can be approximated by their argument (i.e., sin z & z), leading to
_ CB-0CiA
KU = B (4.53)
_ CGiB-GA
o= (4.54)
3 error is given where

(4.47) A Zzzzamnawzg@ (4.55)
Ay = YYD amntuatng (4.56)

rrays, the total o Z Z 2 Z Ly Abmnpe (457)
d rms pointing Co = 00300 yngAbmnng (4.58)
B EZZZ GmnlpgTmpYng (4.59)

i\

il

(4.48) The corresponding second moments are given as
1-D case given o AZE(C?) + BYE(C3)
E[(kuw)’] = A A, — B (4.60)
(4.49) Bl = AECH + B'E(CH)
[(kv)7] YT (4.61)
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If {@mn} are identical, B can be shown to be zero. Thus, both (4.60) and (4.61) 4.3.¢
can be simplified as

The
E[(KU)2] — fA_‘ﬁ 1 (4 62) the ¢
]ZV Zm T error
5 _ Tap_1
El(sv)]] = Mg (4.63)
In the case of a uniformly spaced array, = = md and y = nd, where d is the
. . . . cause
interelement spacing. The second moment of &s is then given as !
value
El(xs)] = El(su)’] + E[(so)’
= o2 (Ll + 1
T UMM\NYT WL TMY 2 (4.64)
4.64
= ddsl\vayat ﬁ#) In th
_ 8% ( 1 + 1 ) &8
T MN \ E(M+1)2M+1) T & (N+1)(2N+1)
Therefore,
& 12 wher
1
0, = b + = ! (4.65) both
kvVMN di(M +1)(2M +1) a2 (N +1)(2N +1) for B
If the values of both M and N are large, then
A2 Au?
o (4.66) That
2
d:(M +1)(2M + 1) 2 sidele
and )2 Av?
v ,
L (4.67) 4.3.8
A(N+1)(2N+1) 2 ‘
It follows that tM
P V3oasls (4.68) the ¢
2rvMN the g
The fractional pointing error is therefore given by isai
e =28 _VBoas_ (4.69) o
*T As " 2m/MN '
From the design point of view, the number of elements required to satisfy a given-
error tolerance ¢, should be _Th'at
18 TeC
0.076
MN=(\/§)2% e (4.70) T
27Es £? M'N
It shows the relationship between £, and M N, the minimum number of elements the s

required to satisfy this condition for various pointing-error tolerances.
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and (4.61) 4.3.4 Sidelobes

The sidelobe level at any given angle is the sum of the value at that angle due to
the design pattern plus a random quantity due to both the amplitude and phase

(4.62) :
error. That is, the term 1n (4.44),
(4.63) a*(1 — A?) + 04
ool Sl SRS 4.71
MN (4.71)
e d is the . . . . .. 242
causes the sidelobe level to increase. Gince the main lobe gain is a*A%, the expected
value of the increase in sidelobe level, relative to the main lobe, is given by
a*(1 — A?) + 04 1 |1 ok
As=———————a‘=————l ! 4.72
MN x a?A? MN | A? + a? (472)
(4.64) ;
In the case of Gaussian phase errors, A? = ¢~%% and the increase in sidelobe level
is
1 2 1
= “TA¢ _— ) — .
A=y ¢ (1 E) ] (4.73)
where SNR = a2 For example, in the case where one bit is used for quantizing
Tba
(4.65) both the in-phase and quadrature-phase components, 044 = 0.066 and SQNR = 3
for 1:—:‘ = 2. Tt follows that
: 12.85
Ay = —= 4.74
UN (4.74)
(4.66) That is, only if the value of MN is much greater than 12.85, will the increase in
sideloble level be small.
(4.67) 4.3.5 Effect of Element Failure
£ M'N' denotes the number of elements that are operative, MN — M’ N’ represents
(4.68) the number of failure elements. The apparent effect of element failure is to reduce
' the gain in the power pattern FF* by a factor of (M‘,m":",-i)2 Since the element failure
is a random process, the probability po = limpN—oo % may be assigned as the
operative probability of any given element. Replacing a in (4.44) with p,a gives
4.69
o0 Pl = 4 + oA,

E[FF*| = PPA R Fy + —=— {4.75)
sfy a given- ° MN
That is, the expected value of the main-beam gain, relative to the error-free array,

is reduced by a factor of pZ.

(4.70) The effects in terms of pointing error are due to the number of operative elements
M'N'. Since the standard deviation of pointing error is inversely proportional to
of elements the square root of the number of elements, the pointing error increases from ¢ to f
o4(po) M
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4.3.6 Discussions

an
In this section, we have carried out an analysis of the effects of random errors on acc
a 2-D antenna array and have derived the expressions of the main-beam gain loss,
pointing error, sidelobe level, and effect of element failure. Based on the analysis syst
results, it can be observed that the effects of errors on a 2-D array are similar to ope
those of a 1-D array. That is: frec
mi
1. The main-beam gain is relatively sensitive to random errors and, therefore, pro
most beamforming performance specifications on the magnitude of the tol- tra;
erable errors (phase etrors in particular) are given in terms of the allowed dev
degradation in main-beam gain or the allowed increase in sidelobe level. the
2. The loss in main-beam gain is caused mostly by phase errors if the number of anc
array elements is relatively large. cea
3. Increasing the number of array elements reduces the pointing error.
4. A lower sidelobe level is likely to be maintained when the number of array ear
elements is large. an
5. The loss in gain, pointing error, and sidelobe level is independent of the di- to-
rection at which the main beam points. val
6. The loss in main-beam gain is proportional to the square of the probability of des
an element being operative. bat
7. The pointing error is inversely proportional to the square root of the proba-
bility of an element being operative. p;l
the
4.4 NONLINEARITIES IN DBF ARRAYS :;
4.4.1 Modeling of Nonlinearities by
Nonlinear models can be divided into two groups [4]: memoryless or instantaneous
models and models with memory. In the memoryless model the output of the device
at any instant ¢ is a function of the input signal at the same instant only. In wh
addition, the transfer characteristics are frequency independent. These models are
very popular, since they are fairly accurate in characterizing a great variety of
devices and systems. In
If the output of a system or device at any instant also depends on some of the
past input values, the system is said to have memory and is sometimes referred
to as a dynamic system. Systems with frequency-dependent transfer characteris- wh
tics are also considered to be systems with memory. Nonlinearities with memory ph
are more difficult to handle. A number of general input-output-type models have I"]h
in

been proposed for nonlinear systems with memory. However, they do not provide
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an efficient implementation with easily measured parameters. Thus, they are not
accepted as readily as the transfer-function model is in the linear system case [4].

;zzr;;): The memoryless narrowband signal model is suitable for microwave devices or

. analysis systems with a wide bandwidth, because over any relatively small interval of the

imilar to operating frequency band, the transfer characteristics are nearly independent of
frequency [4]. Two principal nonlinearities present in small-signal amplifiers and
mixers that will introduce distortion at the output of a receiver are intermodulation

herefore, products and gain compression. Intermodulation products are caused by nonlinear

" the tol- transfer characteristics in amplifiers and especially in mixers that rely on nonlinear

+ allowed devices for down-converting signals to an IF or baseband. Of special importance are

wel. the third-order intermodulation products, since they fall within the signal passband

amber of and cannot be removed by filtering. Gain compression occurs when the output
ceases to be a scaled replica of the input signal; that is, it saturates.

In modulated carrier radar receiver systems, most devices, including the nonlin-

of array ear ones, are bandpass in nature. Nonlinear devices are most commonly modeled by

a memoryless nonlinearity that exhibits nonlinear gain (AM/AM) and amplitude-

f the di- to-phase conversion (AM/PM). These instantaneous representations are generally
valid for bandpass signals that are considered sufficiently narrowband; that is, the

wility of device transfer characteristic is essentially frequency-independent over the signal
bandwidth.

e proba- The output of a nonlinear system with a bandpass input includes spectral com-
ponents centered around the frequencies +nf,, n = 0,1,2,---. The assumption
that the memoryless system is bandpass implies that only the spectral components
around *xf. are processed by the system (the first-zone output). Therefore, the
output of a nonlinearity in a bandpass system can be thought of as being followed
by a zonal filter.

Consider a narrowband signal z(2) with a spectrum centered at f.:

itaneous

e device 2(t) = A(t) cos [27 fot + ¢(t)] (4.76)

EZS airc} where A(t) = envelope modulation;

. ¢(t) = phase modulation.

riety of
In general, the output of a nonlinear device can be expressed as [4]

il v(t) = FIA®)] cos {2 £t + 6(t) + g [A(1)]) (4.77)

referred

‘acteris- where f( ) represents the amplitude nonlinearity (AM/AM) and g( ) represents the

nemory phase nonlinearity (AM/PM). Relations of the form given by (4.77) characterize

sls have what are referred to as envelope nonlinearities. Furthermore, in an envelope non-
provide linearity, the nonlinear part of the output depends only on the envelope or modulus

of the input signal [5,6].
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The envelope model of a bandpass nonlinearity is a very attractive form for
use in simulations, because the carrier f. is explicit and can therefore be easily
transformed to a lowpass equivalent model. The AM/AM and AM/PM envelope
nonlinearity has a very simple lowpass representation. The complex envelope of the
signal (%) is

5(t) = A(t) eI (1) (4.78)

and the complex envelope or lowpass equivalent of y(t) is given as
(1) = fA@t)] eJ [#(2) + 9 (A[))] (4.79)

which is referred to as a serial or polar model. Figure 4.8 is a block diagram repre-
sentation showing explicitly how to implement the model in the complex envelope

notation.

AM/AM flA)
1)

) ) 94

AM/PM
a()

X)) ——> 0]

i1

v

1|

Figure 4.8 Explicit simulation model of AM/AM and AM/PM envelope (bandpass) non-
linearity. Both A and ¢ are functions of time.

Nonlinearities in Small-Signal Amplifiers

Amplifiers are one of the most important and basic elements of radar receiver sys-
tems. Practical amplifiers exhibit nonlinear behavior, which can become dominant
when the input of the amplifiers becomes too high. In modeling small-signal ampli-
fiers, four parameters can be used to describe practical amplifiers:

1. Small-signal gain (dB);

2. Noise figure (dB);

3. 1-dB compression point (dBm);

4. Third-order intercept point (dBm).

The input/output transfer characteristic of small-signal amplifiers can be char-
acterized as being of the limiting type; that is, as the input signal level is increased,
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for at some point the output signal level will begin to saturate. Eventually, the output
level will no longer increase, even if the input is increased further. The main cause
lope of the limiting effect is due to the fixed supply or supplies of the amplifier, which
“the will prevent the output voltage from going beyond a certain limit. All limiters are

examples of memoryless nonlinearities. Desirable attributes for a limiter model are

wsily

.78) as follows [7]:

It has to be linear for small signals.

. It has to be asymptotic to a definite limit level.

1t should preferably be an analytic closed-form.

It should be capable of modeling knees of various sharpness, preferably by

changing a single parameter.

.79)

Ll ek e

pre-
lope
Several limiter models have been proposed in the literature. A closed-form
model with three adjustable parameters appears to offer the best compromise. Cann
suggested such a parametric form for a limiter that meets the above criteria. For a

baseband device, the limiter can be modeled using (4,7]

L sgn(z)

e
[1+ (]—” ) ]
where z = instantaneous input voltage;

Y
L
l

s

y = (4.80)

I

instantaneous output voltage;

non- )
asymptotic output level as | z | — oo;

input limit level;

Il

Il

knee sharpness.

On the other hand, a bandpass limiter consists of a limiter followed by a bandpass
sys- filter, which selects only the signal existing about the carrier frequency (the first-
nant zone output). Thus we define | & | as the instantaneous envelope input (i.e., the
npli- magnitude of the complex envelope), and | 7 | as the instantaneous output envelope.

The envelope of the first-zone bandpass output is given by

lg1=f{21) (4.81)

where the function f describes the magnitude of the output envelope as a function of
the input envelope. A family of curves for f based on (4.80) is shown in Figure 4.9.
This represents the situation in which a nonlinear device is followed by a bandpass
char- filter and, for a single frequency sine wave input, only the fundamental component

of the output spectrum is of interest.
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Figure 4.9 Transfer characteristics of bandpass limiter. there i:
The limiter model does not include phase distortion. However, it can be proven Modeli
through Fourier series expansion and selecting only the first-zone output from the One pr
memoryless nonlinearity that the limiter family, of which Cann’s model belongs, modul:
cannot generate phase distortion (i.e., AM/PM conversion) [4]. This is also true in modul:
practice, since the maximum value of small-signal amplifiers normally never exceeds correct
a few degrees per dB near amplifier saturation, and is generally ignored. Thus, TfErm:
(4.79) is simplified to ) be clos
j(t) = f[A(t)] 6J¢(t) (4.82) basis, 1
In addition, the explicit block diagram representations of the AM/AM and AM/PM Th
envelope nonlinearity and quadrature envelope nonlinearity reduce to the same block levels 2
diagram (Figure 4.10). two fw
Of the three parameters in (4.80), only two of them can be evaluated easily limiter
under some specific conditions. The third parameter, the knee sharpness, is not as that tk
easy to find even when the other two parameters are known. This is because (4.80) sharpn
is a nonlinear equation. Hence, there is no simple equation relating s to L, {, and will ha
the 1-dB compression point. In the case of practical amplifiers, the best approach of (4'?l
is to use curve fitting based on the measured data for the input and output levels eXamur
to obtain the three parameters. Figure 4.11 shows the nonlinear model curve fitted the fre
to the measured data points of a particular amplifier. The linear gain is 8.4 dB and ?Odel
or smi

the 1-dB compression point is 14.7 dB.
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(1) yi)

Figure 4.10 Explicit simulation model of AM/AM-only envelope nonlinearity.

The model presented is based on the idea that the response to modulated inputs
can be determined, at least approximately, by using a model that is calibrated to
produce correct results for single-tone inputs. This idea seems to be correct for very
narrowband inputs that can be viewed as slowly varying single tones. For wider-
band inputs, this assumption may not hold. In such cases, it would seem natural
that a wider-band signal should be used to characterize the device. Furthermore,
there is no guideline for the accuracy of the model for wideband inputs.

Modeling Third-Order Intermodulation Distortion

be proven

; from the One problem with the model presented thus far involves the production of inter-

1 belong.s’ modulation components. All the models described in the literature will yield inter-

lso true in modulation products. However, since these models are only characterized to yield

er exceeds correct single-tone measurements it is not expected that the magnitudes of these

2d. Thus, intermodulation products are correct. For some, the only way these products would
be close to the correct magnitude would be if somehow the model had some physical

(4.82) basis, which has yet to be demonstrated [8].
d AM/PM Through simulations of the model of the limiter with a two-tone input at different
amelblock levels and also with different values of knee sharpness, it was found that besides the

two fundamental tones, there are odd-order harmonics, because the output of the
limiter saturates symmetrically [9], as shown in Figure 4.12. Tt was also observed
s, is not as that the slope of the third-order intermodulation products was equal to the knee
wuse (4.80) sharpness plus 1 (i.e., s+ 1) for small-signal levels. Hence, the third-order products
will have a slope of 3 (on a decibel scale) if s = 2. In the binomial series expansion

ited easily

> L, 1, and

i approach of (4.80), the exponent of the second term in the series is s + 1. However, the
tput levels examination of the second term in the series does not reveal any information about
urve fitted the frequency of the intermodulation products. If the parameters of the limiter
3.4 dB and model are determined through curve fitting, it is most likely that s # 2. Thus,

for small signals, the level of the third-order intermodulation products will not be
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Figure 4.11 Limiter model parameters fitted to measured data (MAR-4 amplifier at
75 MHz). The circles represent the measured data, the solid line is the
fitted curve, and the dashed line is the ideal linear gain.
correct in most cases.
One way to have better control over the level of the third-order intermodulation
products in the model is to deliberately introduce a parameter that will generate
such products. This can be accomplished by using the first and third terms in the
Taylor series expansion of a nonlinear device; that is,
Fi
y=o017+ a3z’ (4.83) 8
Since the gain is already included in the limiter model, (4.83) becomes
Mi
y=(z+azz’)k (4.84) v
The
where z = peak envelope; .
; . trip
k = linear gain; Th
a3 = parameter to adjust the third-order intercept point, Prp;. ; ‘
or
The relation between the third-order intercept point, Prp,, and a; is given by call
Prp, =20 log k — 10 log a3 — 10 log (Z Pyef) (4.85) frec
where Z = input/output impedance of the device us'el.
P..; = reference power. le:

The introduction of the third-order intermodulation products parameter, s, in
the model is shown schematically in Figure 4.13. This block diagram represents the incl
function f( ) in Figure 4.10.
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Figure 4.12 Typical output spectrum of the limiter model in the nonlinear region with

T at a two-tone input.
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%3
43 limiting

tion amplifier
rate
th in b— : out

e

Figure 4.13 Nonlinearity including third-order intermodulation distortion and limiting

83) amplifier.

84) Mizers
There are several types of mixers, such as single-ended, balanced (single, double, and
triple), and image rejection. All mixers will translate both RF sidebands to an IF.
That is fip = fL,0 — frr, in the case of the lower sideband and fip = frr, — f1,0

by for the upper sideband. The sideband in which the wanted signal is present is

called the real or desired frequency, and the unused sideband is called the image
.85) frequency. Diodes (usually Schottky-barrier) or field effect transisters (FET) are
used for mixers. Mixers can have either conversion loss or conversion gain. Diode
mixers can have conversion gain by adding small-signal amplifiers at each of their
three ports.

To model the subsystem behavior of a mixer, the main modeling parameters
include

3, In

the
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- Conversion loss or conversion gain (dB);
- 1-dB compression point (dBm);

- Third-order intercept point (dBm)
. Noise figure (dB);

. Image rejection (dB).

b

A A N

Since mixers exhibit gain compression and third-order intermodulation distor-
tion just like small-signal amplifiers, the nonlinear amplifier model is used in the
mixer model. The parameters of the nonlinear amplifier model can be adjusted
to give a gain or a loss, which is exactly what we need. For passive mixers, the
conversion loss is typically 7 dB. The 1-dB compression point is usually 3 to 8 dB
lower than the local oscillator power level and the third-order iulercept point is
approximately 10 to 14 dB above the 1-dB compression point.

Since there is no explicit carrier frequency in the modeling, either RF, IF, or
LO, the RF input spectrum of the mixer has to be translated in some way to obtain
the desired results at the IF output. In the complex domain, the shifting is done
by multiplying the input signal by e?**, This is done twice, once for each sideband
and the two translated signals are added together to give the IF output.

Image rejection is easily included in the model by adding an attenuator in one
of the translated frequency path (i.e., the image path). The attenuation is equal
to the amount of image rejection. Thus, an image rejection mixer is modeled by
setting the attenuation greater than zero.

Figure 4.14 is a block diagram of the mixer. The nonlinear amplifier block is
the same as for the small-signal amplifier model. The IF frequency is given by

f1F =l fRF + foffset = fLO | (4.86)

The offset parameter, Soffset» allows for a signal with a certain bandwidth not
centered exactly at fRE to still be translated to the center of the IF band. In the
real path, the mixer input needs only to be translated by — Foffset (in the complex
domain). In the image path, the mixer input is translated by —foffset + 2 (/RF +
fof‘fset — fL,0)- In this way the upper sideband or the lower sideband can be selected
as the real signal.

4.4.2 Receiver Nonlinearity Effects on Fixed Beamforming

The effects of receiver nonlinearities are investigated on a 32-element receiving array
with a fixed beam pattern. The quiescent beam pattern is formed with 30-dB
sidelobe Dolph-Chebyshev weighting. The element spacing is A/2. Both types of
errors are investigated separately.

Ubiquiti Inc. v. XR. Comm.
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Nonli
lifier Complex
Sl
In Out
SCDNELGIBX' ttenuator
shifter
distor- Figure 4.14 Block diagram of the mixer model.
in the
{justed In the simulations, a single tone was used for the signal source, and different
18, the interference sources were used in the signal-plus-interference cases. Two values of
08dB SIR. were used: -30 and 0 dB. In each case the SIR of was kept constant while the
oint is power of the sources was varied across the dynamic range of the receivers and beyond
(i.e., into saturation). The signal is coming from broadside while the interference
IF, or arrives at 19.4° (i.e., in the direction of a sidelobe peak).
obtain The interference source was changed for the different scenarios. The character-
is done istics of the LNA and the mixer are given in Table 4.1. The characteristics of the
deband mixer were chosen so that the P)gp of the LNA would set the Pygp of the receiver
elements. Figure 4.15 shows the LNA and mixer transfer characteristics plotted on
in one the same graph. The overall gain of one receiver element is 23 dB.
s equal
eled by
Table 4.1
block is LNA and Mixer Characteristics.
by
LNA Mizer
(4.86) G +30 dB -7dB
P -7dBm 43 dBm
dth not b
Pyt 0dBm +10dBm
- In the Pips +3 dBm_+13 dBm
somplex
(frr +
selected To evaluate the results, the beam pattern formed for the ideal case (i.e., no
nonlinearities involved in the receiver) and the nonideal cases are compared. The
beam pattern for the linear receiver case is shown with dashed lines while the
beam pattern for the nonlinear receiver case is shown with solid lines. Figure 4.16
ng array illustrates the performance of the receiving array for the desired-signal-only case for

h 30-dB levels of (a) —60 dBm and (b) —20 dBm at the input of each receiver element. There
is practically no degradation in the beam pattern, except when the receivers operate
in the compression region as in (b), but the beam pattern no longer increases. Since
there is only one tone, intermodulation products do not occur.

types of
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Figure 4.15 LNA and mixer transfer characteristics. Am
Y

Figure 4.17 shows the results for the signal-plus-interference case with SIR = -
—30 dB for interference power levels of (a) —50 dBm and (b) —10 dBm at the input
of each receiver element. The interference source is a single tone. For small input
levels as in (a), there is little degradation in the beam pattern. For large input
levels as in (b), the compression effect is the same as for the signal-only case. It can
be observed that there is some degradation in the beam pattern in the appearance Fig
of a small “phantom” signal at about 42°.

Figures 4.18 to 4.20 present the results for the signal-plus-interference case with 4.¢
SIR = 0 dB. Both sources are single tones. The figures show the output spectrum To
of one receiver element in (2) and the beam pattern in (b). The power level of the gt
sources was varied so that the input level of the receiver elements changed from Ch
—70 dBm to —10 dBm. In the case of large inputs, the intermodulation products It :
can be clearly seen as the input level is increased. When intermodulation products offe
appear at the output of the receivers, phantom signals also appear on both sides of
the two major lobes. As the levels keep increasing, the saturation in the receivers rec
affects the major lobes. For highly saturated receivers, multiple phantom interferers Fir
severely degrade the array output pattern. ez

Figures 4.21 and 4.22 show the results for the signal-plus-interference case when prc
the interference source is wideband noise with SIR = 0 dB. The power of the sources tov
was varied in a way similar to that of the signal-plus-tone interference case. The wit
array output pattern degrades as the level at the input of the receivers increases, .
but there are no definite phantom lobes appearing in the beam pattern as in the of -

single-tone interference case.
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e case with 4.4.3 Receiver Nonlinearity Effects on Adaptive Beamforming

t spectrum To analyze the nonlinearity effects on adaptive beamforming, the same simulation

level of the setting as the one in the case of a fixed pattern is used, but without the Dolph-

anged from Chebyshev weighting. Instead, the LMS adaptive beamforming techniqueis applied.

n products It is assumed that a perfect reference signal is obtainable so as to investigate the

on products effects of noise and nonlinearities on the LMS adaptive beamforming.

oth sides of Figures 4.23, 4.24, and 4.25 show the adapted beam patterns using the nonlinear

he receivers receivers for different SNR levels. A number of observations can be made here.

a interferers First, the phantom lobes have been greatly reduced when adaptive beamforming
is applied. That is, the effects of nonlinearities can be reduced using the adaptive

©case when processing. Second, in the cases where SNR is 10, 20, and 40 dB, a null is generated

 the sources towards the interferer (at 19.4°) or at the proximity. In these cases, 40-dB null

¢ case. The with respect to the main beam is steered in the direction of the interferer. In the

ISTINCICAsES, case where SNR is 0 dB, the LMS algorithm fails to place a null in the direction

m as in the of the interference source. Finally, by comparison of the results for high and low

SNR levels, it is also clear that the receiver noise affects both the main lobe and
sidelobes in the adapted beam pattern. For clarity, we compare in Figure 4.26 the
beam patterns of the linear receivers and the nonlinear receiver for the case of 0
dB SNR. In addition to causing a higher sidelobe level, the receiver nonlinearities
disable the algorithm to steer a null towards the interferer.
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Figure 4.17 Signal-plus-interference case (single-tone interferer, SIR = -30 dB):

‘Racalver output level (dBmi

(a) —50 dBm; (b) —10 dBm.

40 T

04

0
Frequency (MHz)

(a)

signal  interference

s

Power (dB)
-
b=

R
60 AR

Figure 4.18 Signal-plus-interference case (single-tone interferer, SIR = 0 dB): (a) re-
ceiver element output spectrum; (b) array beam pattern. Receiver input
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Figure 4.22 Signal-plus-interference case (wideband noise interferer, SIR = 0 dB):
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Figure 4.23 Adaptive beamforming patterns for the nonlinear receiver: SNR = 40 dB
(dashed curve); SNR = 20 dB (solid curve).
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Figure 4.24 Adaptive beamforming patterns for the nonlinear receiver; SNR = 40 dB
(dashed curve); SNR = 10 dB (solid curve).
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Figure 4.26 Comparison of adaptive beamforming patterns for the linear (dashed curve)
and nonlinear (solid curve) receivers: SNR = 0 dB and input level is -20
dBm.
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Chapter 5

Spatial Processing in Communications

Wireless telecommunications services are provided in different forms. For example,
in satellite mobile communications, communications links are provided by the satel-
lite to the mobile users. In land mobile communications, communications channels
are provided by the basestations to the mobile users. In PCS, communications are
carried out in microcell or picocell environments, including outdoor and indoor.
However, whatever forms they are in, wireless telecommunications services are pro-
vided through radio links, where information such as voice and data is transmitted
via modulated electromagnetic waves. That is, regardless of their forms, all wireless
telecommunications services are subjected to both the influence of the propagation
environments and the interference from cochannel signals in a frequency-reuse sys-
tem.

The most adverse propagation effect from which wireless communications sys-
tems suffer is the multipath fading. Multipath fading, which is usually caused by
the destructive superposition of multipath signals reflected from various types of ob-
jects in the propagation environments, creates errors in digital transmission. One
of the common methods used by the communications community to combat multi-
path fading is the spatial diversity technique, where two or more antennas at the
receiver (or transmitter) are spaced far enough apart that their fading envelopes are
uncorrelated. There are a number of schemes for combining the diversity signals,
which will be discussed in the next section.

In a frequency-reuse system, communication signals that are transmitted at the
same carrier frequency in different cells are separated by a spatial distance to reduce
the level of cochannel interference. In principle, in order to achieve a high level of
frequency reuse and hence high capacity, a large number of cells are required in a
region. This is one of the reasons why microcells and picocells have been proposed
for PCS. However, the distance between cochannel cells must be large enough that
cochannel interference is lower than some acceptable limit. For a given basestation
transmission power level, this puts a limit on the number of cells in a geographical

93

Ubiquiti Inc. v. XR. Comm.

IPR2024-00148
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area. In order to increase the capacity, additional measures must be taken to combat
cochannel interference. For example, optimum combining can be used to reduce
cochannel interference. The concept of optimum combining can be considered as the
ultimate form of diversity-combining schemes. In optimum combining, signals from
different antenna elements are summed to maximize the signal-to-interference ratio
at the output of the combiner, which is exactly the process of adaptive beamforming.
It is interesting to note that even though the concept of optimum combining was
developed in the field of communications and the concept of adaptive beamforming
was developed in the field of radar and antennas, they are basically the same.
Thus, the terms optimum combining and adaptive beamforming are sometimes used

interchangeably in the literature. In this chapter, we will also discuss the concept SESES
of SDMA and how adaptive beamforming can be used to increase capacity. Figure !
one for
5.1 DIVERSITY AND COMBINING TECHNIQUES
Spatial diversity is an effective approach to combating multipath fading. It is used
at the receiver (or transmitter) of two or more antennas that are spaced far enough
apart that their fading envelopes are uncorrelated. If the probability of the signal at
one antenna (the outage probability) below a certain levelis p, then the probabilily
of the signals from M identical antennas all being below that level is pM. Thus,
combining the signals from several antennas reduces the outage probability of the
system. The essential condition for spatial diversily schemes to be effcctive is that
sufficient decorrelation of the fading envelopes be attained.
Switched Diversity Figur
The simplest and most widely used diversity scheme is switched diversity. In this
scheme, as shown in Figure 5.1, the system switches between antennas such that In.
only one is used at any one time. The criterion (e.g., a threshold) for switching is to bei
often the detection of loss in signal level on the antenna being used. The switching densit:
may be performed at RF to avoid the need for a down-converter for each antenna.
In switched diversity, the system performance is greatly affected by the threshold
level and switching noise.
where

. ) has an
Selective Dversity
The selective-diversity scheme is more sophisticated than the switched-diversity
scheme, in that the selective-diversity system can monitor the signal level on all o

€p

the antennas simultaneously and select the strongest at any one time, as shown in
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DEM

Figure 5.1 Switched-diversity combining.

Figure 5.2. An M-branch selective-diversity receiver needs M receiving front ends,
one for receiving the maximum signal and the others for monitoring.

Envelop
detection

Envelope
detection

D 1""
J_

Figure 5.2 Selective-diversity combining.

>

DEM

In the Rayleigh fading environment, the fading of each branch can be assumed
to be independent. If each branch has an instantaneous SNR= 7,5, the probability

density function of yn is given by
1 -
pom) = 3¢ (51)

where T denotes the mean SNR at each branch. The probability that a single branch
has an SNR less than some threshold = is given by

Plym <= [ plm)dim=1-¢F (52)
The probability that all the branches failing to achieve SNR =« is given by

Pv () =Ply,m 1 $9)= (l—e‘f‘)M (5.3)
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To evaluate the average SNR of the received signal, we first determine the corre-

Sin
sponding probability density function: unc
d M ~a\M-1 o

pm (7) = EPM(’Y) =T (1-eF)" et (5.4)
It follows that the average SNR, %, is given by
—_[® M1
7=f vem (Y)dy =T 3 — (5.5)
0 m=1 m
Both switched- and selective-diversity schemes can be easily incorporated into
TDMA systems, since the switching can take place in the guard times between user
time slots. In systems where transmission is continuous, thesc two schemes are
less appropriate, since switching results in change in channel characteristics such as
phase and timing, which in turn may easily result in a burst of demodulation errors
whenever switching takes place.
Fqual-Gain Combining Fig
The signals on each antenna are combined by bringing all phases of the signals to a
common reference point (cophasing). That is, the combined signal is the sum of the e
instantaneous fading envelopes of the individual branches, as shown in Figure 5.3. The
The signal envelope at the output of the combiner is given by bast
M ram¢
SM= ) Sm (5.6) usir
m=1 i
If each branch has the same noise power o2, the total noise power at the output of a pi
the combiner is given by Tate
o = Mo (5.7) can
The SNR at the output of the combiner can be expressed as Af
£00¢
sy 1 il :
= =— m 5.8
= 8t = g () &
The distribution of the squared sum of Rayleigh variables is very difficult to evaluate Mag
analytically for M > 3. Thus, numerical methods are used to obtain the distribu- I
tion (1]. It has been shown that the distribution curve is slightly below that for nr;
the maximum ratio combining technique. The average SNR at the output of the ieacF.
. : 3
combiner is obtained by simply taking the mean of (5.8); that is, be
C
1 M : 1 M M fash
K (El s"’) = o & ) 1P sign
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he corre- Since (s2) = 20%, (sm) = \f703/2, 7 = E;:, and (s18m) = (s1)(sm), | # m for

uncorrelated branch signals, the average SNR is given by

(5.4) 1 . ro? [ 71']
g = IMa:+ MM -1D)==2| =91+ (M -1)+ 5.10
| M 2M0',21 ] + ( ) 2 i + ( )4 ( )
|
(5.5)
-ated into
weern user
lemes are |
cs such as
jion errors
Figure 5.3 Equal-gain diversity combining.
gnals to a Cophasing is required to reduce the random phase at each branch, which is
sum of the introduced when the signal propagates from the transmitter to the diversity branch.
“igure 5.3. There are two strategies to carry out cophasing. One is to extract the random phase
based on the received signal and the other is to transmit a pilot tone to provide the
random-phase information. The extraction of the random phase can be implemented
(5.6) | using a feedforward circuit or a feedback circuit, as shown in Figure 5.4.
The random phase can also be reduced using a pilot signal. When transmitting
routput of | a pilot tone very close to the desired signal carrier, the pilot signal carries the same
random phase as the desired signal. Thus, the random phase in the desired signal
(5.7) can be easily canceled out using the pilot signal. However, the frequency separation
| Af of the pilot tone and the carrier must be within the coherence bandwidth for a
| good cancellation (2]; that is,
Il
5.8 Af < —= 11
to evaluate ' Mazimum Ratio Combining
1e distribu- .
w that for Tn maximum-ratio combining, instead of using the equal-gain strategy, the signal on
tput of the each antenna is weighted by its instantaneous carrier-to-noise ratio (CNR), as shown
in Figure 5.5. The term mazimum ratio refers to maximum CNR. The weighting can
be carried out in RF or baseband. The weighted signals are combined in the same
5.9 fashion as in the case of the equal-gain scheme. It is claimed that by weighting the
(5.9) signals, the maximum-ratio combining technique has 1-dB gain in terms of CNR over
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outr

The

It c:
brar

®
Sinc
Figure 5.4 Circuits for extraction of the random phase: (a) feedforward cophasing cir- dens
cuit; (b) feedback cophasing circuit.

the equal-gain technique [2]. Furthermore, the maximum-ratio combining technique
has been shown to be optimum if diversity branch signals are mutually uncorrelated Th
and follow a Rayleigh distribution [1]. €

The

Ied

5.2

5.2.

a.cce
has
I each branch has a gain g, the resulting signal envelope at the output of the SUIE
larg

M
sM= D ImSm (5.12) ?;I“S
(]

m=1

Similarly, if each branch has the same noise power o2, the total noise power at the

Figure 5.5 Maximum-ratio diversity combining.

combiner is given by

forn
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output of the combiner is
M

oy =02 g% (5.13)

m=1

The SNR at the output of the combiner can be expressed as

SM
™ = 2‘71\/ (5.14)

It can be shown that v is maximized when gn = 5:;%‘*, which is the SNR in each
branch. It follows that

2
1(CHa%em) 184 X
SO L= 1 i/ SR g I (5.15
" 20'2 i’_](ﬂﬁ)z 22 o "‘T:‘l )

Since it has been shown that vas follows a chi-square distribution [3], the probability
density function of ya is given by

p(ym) = u (5.16)
I'M(M—1)!
The probability that yas is less than some threshold is
m-1
M
Plym <7l = / plym)dw =1-€¢F Y Ll)" (5.17)
m—l

The average SNR at the output of the combiner is obtained by simply taking the
mean of (5.13); that is,

T=Mr (5.18)

Mz

v =

m=1

5.2 SPACE DIVISION MULTIPLE ACCESS

5.2.1 Cell-Based SDMA

As mentioned at the beginning of this book, SDMA is another form of multiple
access. Although this term has not seen much use in the open literature, SDMA
has in fact been widely used in wireless communications. This may come as a
surprise to most readers. For example, in a cellular telephone network, where a
large geographical coverage is desired and a large number of mobile transceivers
must be supported, the region is divided into a large number of cells. This allows
the same carrier frequency to be reused in different cells. In fact, this is a primitive
form of SDMA, in that communication signals that are transmitted at the same
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carrier frequency in different cells are separated by a spatial distance to reduce the I
level of cochannel interference. In principle, the larger the number of cells in a
region, the higher the level of frequency reuse and hence the higher capacity that
can be achieved. This is one of the reasons why microcells and picocells have been
proposed for PCS. However, the criterion used for defining cochannel cells is that a
the distance between them is sufficiently large that intercell interference is lower
than some acceptable limit. For a given basestation transmission power level, this

g
puts a limit on the number of cells in a geographical area. ]
In a frequency-reuse system, the term radio capacity is usually used to measure g
the traffic capacity. The radio capacity C, is defined as [4]
M
Cr=——= 5.19
K-S (5.19)
where M denotes the total number of frequency channels, K denotes the cell reuse
factor, and .S denotes the number of sectors in a cell. K can be expressed as [5]
1 /D\?
K=< <—> 5.2
{ 3 & (5.20)
where D denotes the distance between two cochannel cells and R denotes the cell
radius. In the case of omnicells (S =1 and K = 7) the radio capacity is C, = M/7
channels per cell, which is independent of the total number of cells in the system. F:
The corresponding average SIR can be derived based on the propagation path loss
of 40 dB per unit distance; that is,
1/R\N™ 1/ 1\ 5.
=—{—= ==-\|— =18.7dB 5.21
Gt 6(D> 6(@) (5.21) i
To increase the capacity, the quality, or both, more advanced forms of SDMA are K
needed. For example, sectorial beams can be used to reduce interference. Figure 5.6 an
shows two kinds of sectorial cell systems: the seven-cell with three 120° sectors (K = ar
7, S = 3) and four-cell with six 60° sectors (K =4, S = 6) [6]. In these systems, In
each sector has a set of unique designated channels. The mobile user moving from as
one sector or one cell to another sector or cell requires an intracell handoff. The
radio capacity and SIR for the 120°-sector system are given as, respectively,
M M
C, = X S=9 channels/sector (5.22) Xi
and sec
R4
SIR = =24.5dB (5.23)

(D +0.TR)~ + D*
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{uce the For the 60°-sector system, the corresponding values are

ells in a M M

ity that C, = XS~ channels/sector (5.24)
ave been

s 1s that and R \™*

is lowe-r | SIR = (m) =26 dB (5.25)
svel, this Table 5.1 compares the capacity and SIR for various systems. It should be noted

that sectorial cells with intracell handoffs do not increase radio capacity, but increase
measure \ SIR.

(5.19)
zell reuse
as [5] ‘
(5.20) |
s the cell
=M/
e system. Figure 5.8 Sectorial cells: (a) seven-cell system with 120° sectors; (b) four-cell system
path loss with 60° sectors.
5.2.2 Beamforming-Based SDMA
(5.21) &
If directional antennas are used, the capacity can be increased. In the case of
\DMA are K =17, each cell has a set of M /K frequency channels. One can use six directional
Figure 5.6 antennas to cover 360° in a cell and divide the whole set of frequency channels that
tors (K = ‘ are assigned to the cell into two subsets which are alternating from sector to sector.
> systems, | In this arrangement, there are three cochannel sectors using each subset in a cell,
wving from | as shown in Figure 5.7. The corresponding radio capacity is given by
doff. The I sM M
ely, T channels/sector (5.26)
(5.22) which is translated to 24 channels/cell. That is, the capacity increases by three

times as that in the omnicell case. Based on Figure 5.7, there are only two interfering
sectorial beams for any sector, and therefore SIR for the worst case is given by

(5.23) | Rt

SIR = W =20 dB (5.27)
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om:
au
less
rels
Figure 5.7 60° sectorial beams within a cell in a seven-cell system.
Table 5.1
Radio Capacity and Cignal-to-Interference Ratio in SDMA
K S Capacity Cl/I
Omnicells 7 1 ¥chs/cell 18 dB Fig
120° sectorial cells 7 3 M chs./sector  24.5 dB
60° sectorial cells 4 6 Y chs./sector 26 dB
60° sectorial beams 7 6 M chs. /cell 20 dB (worst case)
N adaptive beams 7 1 MN chs. /cell 18 dB (worst case) incl
i
The ultimate form of SDMA is to use independently steered high-gain beams at
the same carrier frequency to provide service to individual users within a cell, as
shown in Figure 5.8. That is, a high level of capacity can be achieved via frequency
reuse within a cell. To carry out frequency reuse within a cell, a certain level of
spatial isolation of cochannel signals is required to maintain an acceptable carrier- B
to-interference ratio. Adaptive beamforming can provide such a spatial isolation by ‘
pointing a beam at the mobile user and at the same time nulling out the interference
from cochannel users. Therefore, the spatial efficiency (number of channels per We
square area unit) can be improved. Since the same frequency or time channel can Che
be used by N mobile users in a cell, the capacity is then given by miz
syst
C, = N;W channels/cell (5.28) and
For
an increase of N times that in the omnicell case. In the worst scenario, where a ceiv
mobile user in a particular cell is simultaneously interfered with by the beams at the bea

same carrier frequency from the six cochannel cells, SIR is the same as that in the
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' omnicell case; (i.e., SIR =18 dB). In a normal situation, where the probability for
a user to be simultaneously interfered with by the six cofrequency beams is much
less than unity and power control is used for the beams, the level of SIR should be

relatively higher.

8
.
.
.

Figure 5.8 Adaptive beamforming for SDMA, showing the use of five independently
steered beams at the same carrier frequency to provide service to five users

within a cell.

gase) Additional system benefits of applying adaptive beamforming at basestations

case .
) include:

1. improved immunity to multipath fading because of :

n beams at a. The reduced number of multipath signals, since relatively narrow beams

n a cell, as are used;
2 frequency b. Optimal diversity combining that is intrinsically carried out by the beam-

ain level of former

ble carrier- )
2. The ability to configure the coverage of each basestation to match the local

isolation by
propagation conditions.

interference
1annels per We have seen a number of criteria and algorithms for adaptive beamforming in
*hannel can Chapter 3. They all require some sort of reference signal in their adaptive opti-
mization process. If an explicit reference signal is available in a communications
system, it should be used as much as possible for less complexity, high accuracy,
(5.28) and fast convergence. However, an explicit reference signal may not always exist.
. For this particular reason, a blind adaptive beamforming concept has been con-
o, where a ceived and developed. The criteria and adaptive techniques used in blind adaptive
eams af the beamforming are essentially the same as those used in conventional adaptive beam-
that in the forming. The key difference is that blind adaptive beamforming does not require an
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explicit reference signal. Instead, a blind adaptive beamforming system generates ind
its own reference signal based on the implicit characteristics of the wanted signal. fad
These hidden characteristics include the constant modulus property, information of t
from the decision process, cyclostationarity, and other similar communications sig- con
nal features. In the next section, we will discuss a few types of blind adaptive wil
techniques. apr

is ¢
5.3 BLIND ADAPTIVE BEAMFORMING Ini

of t
5.3.1 Constant Modulus Adaptive Beamforming n+

Godard was the first to make use of constant modulus (CM) property to carry out
blind equalization in two-dimensional digital communications systems [7]. His ap-
proach exploits the low modulus variation of most communications signals, such as wh
the signals with frrequency modulation (FM), phase-shift keying (PSK), frequency-
shift keying (FSK), or quadrature amplitude modulation (QAM) PCM modulation

formats. Although the Godard algorithm was developed for equalization, it can be In
directly apply to blind adaptive beamforming. wol
As we recall, the output of a DBF array is given by uni
y(n) = wH(n)z(n) (5.29)
The

Under the assumption that the transmitted signal s(n) has a constant envelope, the

array output y(n) should have a constant envelope as well. However, if multipath

is present, there is the multipath fading effect and the array output y(n) will not By
have a constant envelope. The objective of CM beamforming is to restore the array

output y(n) to a constant envelope signal, on average. This can be accomplished by

adjusting the array weight vector w in such a way as to minimize the cost function, we
which measures the signal modulus variation and is given in a general sense by

& = D{fls(n)], flu(n)]} (5.30) i

where D and f are some defined specific distance metrics. In particular, the Godard pra

algorithm minimizes the nonlinear cost function that takes the form of a,l%
refe
e=E [(rp(n)l - ly(n)lp)z] (5.31) prc

where
()]
(") = Bla(m)P] (5.32)

and p is a positive integer. In the case where p = 2, the algorithm is referred to
in the literature as the constant modulus algorithm (CMA), which was proposed,
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y of Godard’s paper, by Treichler and Agee [8] to compensate for
The cost function ¢ is a positive definite measure
deviates from the unity modulus
ray weight vector that

independentl
fading of constant envelope signals.
of the average amount that the array output y(n)

condition. The objective is to find a set of values for the ar
there are many possible approaches to finding the

implementation, a simple search algorithm
escent method can be used to minimize .
on is very similar to that in the case
d value of the weight vector at time

will minimize €. Of course,
appropriate weight vector. For real-time
is desirable. For example, the steepest-d
In fact, the development of the updating equati
of the LMS algorithm. In particular, the update
n + 1 is computed by using the simple recursive relation

win +1) = w(n) + gul-V(EE))] (5.33)

where the gradient V(E{e(n)}) can be found to be
V(E{e(n)} = —E{[rs(n) — ly(n)[?] y(n)e(n)} (5.34)

an exact measurement of the gradient vector is not possible, since this

In reality,
The strategy is to scale [s(n)] to

would require a prior knowledge of E|s(n)|?].
unity and to use the instantaneous estimate,

V(B{e(m)) = - [1 = I y(m=(n) (5.35)
The weight vector can then be updated as

w(n+1) = w(n) +u [l - wE)P] y()=(r) (5.36)

By defining an error term as

e(n) = [1 - ly(P] v'(w) (5.37)

we can express the updating equation as

w(n + 1) = w(n) + pe(n)e'(n)
which is identical to the updating equation (3.39) in the LMS case. That is, the
practical implication s that hardware configured for the implementation of the LMS
algorithm can be used directly for that of the CMA, except that in this case, the
reference signal is generated in the way shown in Figure 5.9. A number of particular
properties of the CMA should be noted [8]:

(5.38)

1. Two conditions may lead to a zero-gradient situation where the algorithm

stops adapting. The first is the condition |y(n)| = 1, which represents the
desired convergence optimum. The second condition is y(n) = 0, which also
forces the gradient to be zero. However, the second condition does not pose a
practical problem for the algorithm because of the following two reasons:
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Y

dt)= | ]

Figure 5.9 Generation of the reference signal in the CMA.

a. The point y(n) = 0 is not a stable equilibrium and system noise moves
the weight vector w(n) from the zero-gradient point.

b. Given a nonzero snapshot of the array antenna (i.e., 2(n) # o), the only
way to sustain a zero output condition over a large number of snapshots
is for the weight vector w(n) to be zero. This condition can be easily
detected and corrected.

2. The spatial response characteristics of the beamformer are uniquely defined
by the satisfaction of the constant modulus optimization criterion.

3. If the CMA converges, it will converge to the Wiener solution in that the
minimization of the constant modulus performance function ¢ is equivalent to
the minimization of the MSE in the output.

1. In the CMA, the wanted signal has been assumed to be of unit amplitude.
In general, this would not be the case. In order to minimize the performance
criterion, the weights need to be scaled by the adaptive algorithm to adjust
the gain to an appropriate level. With the additional control of the amplitude,
it is more difficult for the algorithm to converge.

5. The convergence of the CMA or Godard’s algorithm is not guaranteed because
the cost function ¢ is nonconvex and may have false minima.

5.3.2 Decision-Directed Algorithm

The decision-directed algorithm has been widely used for adaptive equalization to
combat intersymbol interference (ISI) in digital communications [9]. In the decision-
directed algorithm, the tab weights of the adaptive equalizer are adjusted, via an
adaptive process, based on the digital bit stream that is fed back from the hard
decision process. Although the decision-directed algorithm has been widely used in
adaptive equalization, it is only in recent years that this concept has been applied
to diversity combining and beamforming [10-13].

In the decision-directed algorithm, a reference signal is generated based on the
outputs of the threshold decision device, as shown in Figure 5.10. The beamformer
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output, y(n), is demodulated. Based on the demodulated signal, g{n), the decision
device makes a decision in favor of a particular value in the known alphabet of the
transmitted data sequence that is closest to ¢(n); that is,

r(n) = dec(g(n)) : (5.39)

The reference signal, d*(n), is obtained by modulating r(r). Using the reference
signal, one can then establish the cost function for adaptive beamforming; that is,

e(n) = E [(d"(n) — y(n))*] = E [(d'(n) - w”(n)m(n))z] (5.40)

10ise moves ; The optimum weight vector can be found using the adaptive algorithms that have

been discussed in an earlier chapter.

3}, the only
f snapshots
. =
n be easily
ely defined a1y Mod
in that the
uivalent to Figure 5.10 Generation of the reference signal in the decision-directed algorithm.
amplitude. The weight vector in the decision-directed algorithm converges to the Wiener
erformance solution in the mean-square sense under the following conditions [14]:
n to ajdjL‘St i 1. The eye pattern is open.
amplitude, ' 9. The sequence of observations, which is the array output vector (n) in the
case of beamforming, is ergodic in the sense that
’ed because

. 1 X H H

]\}1_{1;0 Nf\; z(n)zf(n) - E [2(11)2: (n)] almost surely (5.41)
The first condition implies that the receiver must be able to lock onto the desired
signal. However, the receiver may not always be able to do that. That is, the
convergence of the decision-directed algorithm is not guaranteed. This is the same
ted, via an drawback as in the CMA case. The common shortcoming is not surprising because
1 the hard the CMA and decision-directed algorithm belong to a class of blind deconvolution

techniques called the Bussgang algorithm [15], where the property of the Bussgang

alization to
1e decision-

lely used in

sen applled process,

Ely(n)y(n + k)] = Ely(n)g(y(n + k)] (5.42)
1sed on the is exploited for blind deconvolution and g() is some nonlinear function. In the case
reamformer of the CMA, ¢(y(n)) = |y(n)|, and in the case of the decision-directed algorithm,
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9(y(n)) = dec(y(n)). Due to the nonlinearity of ¢(-), the cost function of the Buss-
gang algorithm is nonconvex, and hence the convergence of the Bussgang algorithm
is not guaranteed.

5.3.3 Cyclostatic;nary Algorithms

Rather than make use of the constant modulus property of some communications
signals, a number of algorithms make use of the cyclostationary properties of certain
types of communications signals. The first algorithm that exploits the cyclostation- I
ary properties is called the spectral self-coherence restoral (SCORE) algorithm, 1
which was developed by Agee et al. [16], although they termed the cyclostationary
properties spectral self-coherence and spectral conjugate self-coherence (hence the
name of the algorithm).

Signals are said to exhibit cyclostationarity if their cyclic autocorrelation or

cyclic conjugate correlation are nonzero either at some time delay T or at some !
frequency shift a. The cyclic autocorrelation of a signal s(n) is defined as
N N
RZ, = (s(n)s*(n+7)e™™M o = lim Y s(n)s*(n + T)e 2™ (5.43) ]
N—co =1 i
and the cyclic conjugate correlation is defined as
C
. = {s(n)s(n + r)e 72mm) (5.44) : a
T
When the signal s(n) exhibits cyclostationarity at . (i.e., RS # 0 or R4 # 0), y
a, is referred to as the cycle frequency. The value of «, for a particular signal
is determined by the characteristics of that signal, such as the baud rate and the
carrier frequency offset. Therefore, communications signals usually possess their
unique, nontrivial cycle frequencies. The commonly used communications signals W
that possess cyclostationarity include: c
1. The double sideband amplitude modulation (DSB-AM) signals, which have a
cycle frequency at o, = 2A f, where A f denotes the frequency offset (normal-
ized with respect to the sampling frequency) from the carrier frequency; a
2. The binary phase-shift keying (BPSK) signals, which have cycle frequencies T
at {a. = 2Af £ kB,, for k = 0,1,---}, where B, represents the baud rate 0
normalized with respect to the sampling frequency;
3. The binary frequency-shift keying (BFSK) signals, which have cycle frequen- o

cies at a. = £2Af;
4. the Gaussian minimum-shift keying (GMSK) signals, which have cycle fre-
quencies at {a. = 2Af £ k&=, for k=0,1,---}.
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the Buss- The cyclostationarity of signals provides a base for signal selection. That is, a
algorithm particular signal can be extracted from a signal mixture based on its cycle frequency,
provided it has one. For example, we consider a received signal,

L
z(n) =Y si(n) +v(n) (5.45)

=1

unications
of certain where {s;(n)}f, represent both the desired and the interfering signals, which are
‘lostation- mutually independent, and v(n) denotes the additive noise. The cyclic autocorre-
algorithm, lation of the received signal z(n) can be written as
stationary i
BEnCEIE R2,(0) = )_R;,,(0) + RZ,(0) (5.46)
=1
e]a?on - If only the wanted signal s,,(n) exhibits cyclostationarity at o, then we can write
r at some
8 Rz (0) = Rgy,,(0) (5.47)
(5.43) Therefore, the cyclic autocorrelation of s, can be used to select s, whether or not
it is mixed with other signals in the time domain and/or frequency domain.
There are a number of beamforming techniques that makes use of this selectivity
of cyclostationary signals. The most noticeable is the SCORE algorithm for blind
(5.44) adaptive beamforming. The basic concept of the SCORE algorithm is based on the
maximization of the cross-correlation coefficient between the outputs of the array
R #0), y(n) and the reference signal r(n); that is,
ilar signal
e and the p= | Ry |? (5.48)
ssess their Ry B
ons signals where the reference signal r(n) is not an explicit reference signal as in the LMS
case, but is constructed based on the cyclostationarity; that is,
ich have a H %
t (normal- r(n) = ¢ u’(n) (5.49)
Lency; . and u(n) = &*(n+7)e’?"" is defined as the control signal. That is, to generate the
ICqUENCIEs reference signal r(n), the a priori knowledge of both the delay and cycle frequency
baud rate of the wanted signal, 7 and e, respectively, is required. In (5.49), ¢ can be viewed
as the auxiliary weight vector that is designed to extract the cyclic signal. The
le frequen- objective of SCORE is to maximize p with respect to ¢ and w; that is,
: cycle fre- leRmCr

max p = max (5.50)

C, w C, w wHmeCHRuuC
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110 Digital Beamforming in Wireless Communications

In fact, Ry, is the cyclic conjugate correlation matrix of @(n); that is, where
. N point,

R., = (z(n)u”(n)) = Ryx(7) (5.51) as an

It is not difficult to see that if p is maximized under the constraints that Posmb

w’R,w =1 (5.52)
and which
¢iR,.¢=1 (5.53)
the optimized weight vectors will produce the estimates of the wanted signal s(n)
and its time-frequency-shift version s(n + 7)e~2"*w": that is, Th
. tems
3(n) = w¥a(n) (5.54) jv e
and square
(n + T)emitrewn = ¢Hy(n) (5.55) minum
Using the Cauchy-Schwartz inequality, it can be shown that w is optimized, with
Soluc, by the mi
Wopt, X R;R..( (5.56)
and similarly, ¢ is optimized, with w fixed, by
- where
Copt x R R} w (8.57) the sce
Substituting (5.57) into the objective function yields a generalized Rayleigh quotient
in w, which can bc maximized by setting w to the eigenvector corresponding to the It is in
maximum value of the following eigenequation, indeed
v* [16]
Amaxw = [R;} R  R7IRE| w (5.58) An
g ; la
A similar eigenequation can be obtained for (; that is, (tzlclJrrer(
ec
Amax¢ = [R7IRE,RZIR,.) ¢ (5.59)
It should be noted that the maximum eigenvalue Amax in both eigenequations is the
] . o L 5 With
same, representing the maximized objective function value. To extract the wanted d:
signal, w and ¢ can be updated as and ¢
¢(n) = ge(m) R (n) Ry, (m)w(n — 1) (5.60)
and

and

w(n) = gu(n)Rz; (n)Reu(n){(n) (5.61)
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where g denotes the corresponding power-normalized gain constant. Up to this
point, the correlation matrix R,; of any two signal vectors @ and b is understood
(5.51) as an exact measurement (i.e., N — o0). In reality, an exact measurement is not

possible, since N must be finite. Therefore, the estimate of H,; must be used; that

at
18,

N
(5.52) Ry = % 3 a(n)bf(n) (5.62)
which can be updated as
(5.53) , 1.s 1
Ray(n)=(1- H)Ra,,(n -+ Ea(n)bH(n) (5.63)

signal s(n)

The algorithm we discussed here is called the cross-SCORE algorithm, which

stems from the fact that the objective function is minimized with respect to both

(5-54) w and ¢. There are variations of the SCORE algorithms. For example, the least-

squares SCORE algorithm [16], whose implementation is shown in Figure 5.11,
minimizes the least-squares SCORE function,

e = B [ly(n) = r(n)P" (5.64)

(5.55)
mized, with

the minimization of which leads to the solution for w, given as

(5.56)

Wopt = BR v (5.65)

(5.57 where v is the array propagation vector for the desired signal defined by (3.6) and

S the scalar 3 is given by
igh quotient B = R.(r)e™ ™ TvT¢ (5.66)
1ding to the It is interesting to note that (5.65) has the same form as the Wiener solution, and,
indeed, it converges to the maximum SIR solution as long as ¢ is not orthogonal to
v* [16).

(5.58) Another variation of the SCORE algorithm is to maximize the absolute cross-
correlation coefficient [17] instead of the normalized coefficient (5.48) in the case of
the cross-SCORE algorithm; that is,

(5.59) max |Ry, | = max [w# R;.( (5.67)

¢ w ¢ w

ations is the
With the treatment similar to that in the case of the cross-SCORE algorithm, w

the wanted
and ¢ can be updated as
(5.60) ¢(n) = g¢(n)RE,(nyw(n —1) (5.68)
and
w(n) = gw(n)Rru(n)C(n) (5.69)

\
(5.61) t
I
f
|
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Rel
(4]
Jj2mot
H x(t) 2]
u(t)

x(1) L (3]
. . (4]

di anw
[5.
(a) ® (6.
7

Figure 5.11 Generation of the reference signal in the SCORE agorithms: (a) cross-

SCORE; (b) least-squares SCORE. 8
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Chapter 6

Digital Beamforming Configurations

As has been mentioned, the main purpose of carrying beamforming in a commu-
nications system is to combat multipath, to extend coverage by the basestation,
and/or to reuse frequency channels within a cell. In this chapter we will consider
the configurations of digital beamforming networks, as well as the implementation
of digital beamforming in a system with a particular multiple-access scheme. In
particular, considerations will be given to both uplink (reverse-link) and downlink
(forward-link) cases.

6.1 DIGITAL BEAMFORMING NETWORKS

In Chapter 2, we discussed both the concepts of element-space beamforming and
beam-space beamforming, as well as the trade-off between the two. In element-space
beamforming, the data signals from the array elements are directly multiplied by a
set of weights to form a beam at a desired angle. By setting appropriate values for
the weighting vectors, one can implement beam steering, adaptive nulling, and beam
shaping. In the beam-space beamforming, the outputs from the array elements are
first processed by a multibeam beamformer to form a suite of orthogonal beams.
The output of each beam can then be weighted and the results are combined to
produce a desired output. In this section, we will consider the configurations of both
the element-space beamforming networks and beam-space beamforming networks.
The discussion will be given at a functional level rather than a component level.
Furthermore, we are not particularly concerned with how the weights are generated
and assume they are given. The weight generation will be discussed in the next few

chapters.

6.1.1 Element-Space Beamforming Networks

As we mentioned in Chapter 2, in element-space processing, one manipulates the
signals directly from or to the antenna elements by applying weights to the signals

115
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116  Digital Beamforming in Wireless Communications

to achieve the desired response. The weights can be pre-determined for fixed beam-
forming such as beam shaping. In the case of adaptive beamforming, the weights
are to be updated with time based on a certain objective or criterion, which may
be the same as or similar to those discussed in Chapter 3.

Figure 6.1 shows the structure of an element-space digital beamforming network
that is used for receiving. As an example, we consider the case where there are I,
mobile users using the same frequency (or time) channel. The L user signals at the
same carrier frequency are received simultaneously by the N antenna elements in
the array. In order to separate the user signals, L uplink beams are required to
be formed simultaneously at this particular frequency. To carry out beamforming,
each of the N signals from the antenna elements is divided into L branches. The
outputs of the N dividers are organised into L groups, each of which contains NV
outputs from each of the N dividers. Each group is multiplied by a set of complex
weights {wl(t),n =1,.--, N}, which represents the /*B beam. Ideally, the L sets of
weights should be mutually orthogonal (i.e., (w*)Hw' = 0) to minimize interference F
between the L user signals. The ¥ output signal, which can be expressed as

N b
wi(t) = Y wi(t)za(t) (6.1)

n=1 ¢

needs to be further processed, (e.g. using demodulation) to extract the message. It :(
should be noted that the weights {w!,(t)} are expressed as time-dependent functions. o
There are a number of reasons for this: g
1. The assigned beam must follow For a user that is moving during a call. That e
is, the weights that represent this particular heam must be adjusted with time. w
2. Even for a still user, the communications environment may change with time.
For example, the cochannel interfering sources are moving and the angles of
arrival of the multipath signals are changing. Therefore, the weights that m
represent the beam will adapt to the time-varying environment. for
3. Time multiplexing is possible if the processing speed of the beamforming net-
work is sufficiently high. In time multiplexing processing, a number of FDMA 6.
frequency channels share a DBF processor. In TDMA, the weights are also
required to be time functions so that they are synchronized with the corre- In
sponding time frames. As
a
Figure 6.2 shows the structure of an element-space digital beamforming network trP;
that is used for transmitting. The downlink process is almost the reverse of the ter
uplink case. In this case, there are L message signals to be transmitted to the Th
L mobile users at the same carrier frequency. That is, L downlink beams are Th

required to be formed simultaneously at this particular frequency. To carry out
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xed beam-

he weights

which may E
£
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1g network 8

here are L

nals at the

lements in

equired to

mforming,

iches. The

:ontains N

>f complex

e L sets of

aterference Figure 6.1 The structure of an element-space digital beamforming network used for re-

N ceiving.

(6.1) beamforming in the transmitting mode, each of the L signals to be transmitted
to the users is divided into N branches, which are multiplied by a set of complex
weights {w!(t),n = 1,---,N}. This particular set of weights represents the ith

nessage. It downlink beam to be formed. Again, it is desirable that the L sets of weights be

HTECHoNS, mutually orthogonal (i.e., (w*)Hw! = 0) to minimize interference between the L
signals that are to be transmitted. The weighted signals are then grouped and

call. That combined in the way shown in the figure. The output signal of the nth combiner,

with time. which is given by .

g za(t) = 3 wh(Du(?) (6.2)

2 angles of I=1

ights=thg: modulates the carrier and the modulated signal is fed to the nt® antenna element

. for transmission.

rming net-

R 6.1.2 Beam-Space Beamforming Networks

ts are also

the corre- In beam-space beamforming, we deal with the signals that are represented by beams.
As we know from Chapter 2, in order to work with beam-space signals, we need an
appropriate transformation between the beam space and the element space. The

1g network transformation is usually orthogonal in the sense that the N signals from the an-

srse of the tenna elements are represented by N orthogonal signals via the transformation.

ted to the These orthogonal signals are defined as the orthogonal beams in the beam space.

bce:ms ari The generation of orthogonal beams can be carried out using a Butler matrix or an

ITy ou

Exhibit 1023
Page 129 of 315

Ubiquiti Inc. v. XR. Comm.
IPR2024-00148



Digital Beamforming in Wireless Communications

1
b j
g
2 x
g 1
8
ANl
- orD
Q
g
B8 Xy
g x
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Figure 6.2 The structure of an element-space digital beamforming network used for Figure
transmitting.
FFT, as shown in Figure 6.3. A beam-space beamformer is actually a signal pro- of whic
cessor that weights and combines a set of M (< N) orthogonal beams to produce the figt
a desired output. The weights can be predetermined for fixed beamforming. In the instruc
case of adaptive beamforming, the weights are to be updated with time based on orthoge
a certain objective or criterion that is the same as or similar to those discussed in signal;

Chapter 3. It should be noted that the degrees of freedom used in the adaptive pro-
cess can be much fewer than those available (i.e., M <« N). This, as we remember

from Section 3.4, is referred to as partially adaptive beamforming. where i
Figure 6.4 shows the structure of a beam-space digital beamforming network for m
that is used for receiving. We again consider the case in which there are L mobile selecte
users using the same frequency (or time) channel. That is, the L user signals at (e.g., 1
the same carrier frequency are received by the N antenna elements of the array. s uinbe
After the orthogonal transformation is applied to the array signals, each user signal signal
may be represented by the weighted combination of one or more orthogonal beams Fig
{n, n =1,---,N}. There are a number of reasons why more than one beam is that is
required: uplink
the sa1

1. Interpolation between the orthogonal beams in order to fine-steer a resultant

beam; each of

1
2. Phase alignment between beams resulting from multipath signals; QECI IRt
3. Linear combination of a number of orthogonal beams to create nulls in the to the
direction of the interfering signals. by the
and ei;

To carry out the beam-space beamforming, , is divided into L branches, each
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1 N I N
T o o @ T “ o ® T
- AD A/D
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1 N 1 ! N t
D A/D :
A N-point FFT
or D/A or D/A
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X1 Xy X1 XN

(a) (®

Figure 6.3 Generation of orthogonal beams for beam-spacing beamforming: (a) analog
generation using a Butler matrix; (b) digital generation using an FFT.

of which is connected to one of the L beam-select circuits in the way shown in
the figure. In order to separate the L user signals, the I*h beam-select circuit is
instructed by the control signal s; to choose M appropriate beams among the N
orthogonal beams, which are then weighted and combined to represent the Ih user
signal; that is,

M

y(t) = E win(t)x'ﬂ(m)(t)’ I=1,:-+,L (6.3)

m=1
where the subscript n(m) denotes the index for the M selected beams. For example,
for m = 1,2, n(1) = 5 and n(2) = 8 mean that the fifth and eighth beams are
selected. The L beam signals {y(t),! = 1,---,L} need to be further processed
(e.g., using demodulation) to extract the message. It should be noted that the
number of orthogonal beams (M) that are required to represent a particular user
signal may be different from one user signal to another.

Figure 6.5 shows the structure of a beam-space digital beamforming network
that is used for transmitting. The downlink process is almost the reverse of the
uplink case. There are L message signals {yi(¢),l=1,--- ,L} to be transmitted at
the same carrier frequency. To carry out beamforming in the transmitting mode,
each of the L signals is divided into M branches. The M signals from the [t} divider
are multiplied by a set of complex weights {wl, m=1,---, M} and then assigned
to the M desired orthogonal beams by the th beam-assign circuit that is controlled
by the signal s;. For example, if y1 is supposedly represented by the weighted fifth
and eighth (M = 2) beams, y; is divided into two branches, each of which will be
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combiner

XN yL

combiner

Figure 6.4 The structure of a beam-space digital beamforming network used for receiv-
ing.

multiplied by a weight. The weighted signals will then be assigned to the fifth and
eighth beams, respectively. The ntP beam signal is given by

wn(t) . Zyx(n)w;(ﬂ) (64)
i(m)

where I(n) denotes the index for the /th message signal that is to be weighted and
assigned to the n*h beam. The output signal of the nth combiner is fed to the nth
input port of the orthogonal beamformer.

6.2 DBF WITH MULTIPLE-ACCESS SCHEMES

In a communications system, a certain form of multiple access must be used in
order for users Lo share the limited channel resource. Therefore, when applied to
a wireless communications system, digital beamforming must be applied together
with different multiple-access schemes. In this section, we will describe the digital
beamforming structures that are suitable for use together with various forms of

multipleaccess. In particular, we will discuss the application of digital beamforming
to FDMA, TDMA, and CDMA systems.

6.2.1 DBF with FDMA

In FDMA, the frequency spectrum is divided into slots, each of which is appor-
tioned to a single user within a cell. As we have discussed in an earlier chapter,
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r receiv-
Figure 6.5 The structure of a beam-space digital beamforming network used for trans-
mitting.
fth and . . o . .
when using DBF to implement SDMA., it is possible for multiple users to use the

at the same time. Therefore, DBF must be carried out for
of DBF structures have been proposed for satellite
1-3]. What is common in these systems
be placed after the demultiplexers in

same slot (_channel)
(6.4) individual channels. A number
communications systems that use FDMA |
is that digital beamforming networks have to

ii(i :;Itlﬁ the uplink case and before the multiplexers in the downlink case.
The DBF configuration for a basestation system using FDMA in both the uplink
and downlink cases is shown in Figures 6.6 and 6.7, respectively, where there are M
frequency channels, each of which is used by the system to accommodate L users.
That is, the system is able to simultaneously handle M x L users, at least in theory.
used in The uplink (downlink) system consists of: !
plied to 1. An N-element antenna array; !
ngat.her 9. N receiver (transmitter) modules;
> digital 3. N ADCs (digital-to-angalog converters (DAC));
orms' of 4. N rigital demultiplexers (multiplexers);
forming 5. M deceive (transmit) digital beamforming (RDBF or TDBF) networks;
6. M x L digital demodulators (modulators).
In the uplink case, beamforming is applied to the signals from all the frequency
appor- cl.la,nnels. jI‘he.refore, 2 beamforming network similar to‘those discussed in the pre-
‘hapter vious section is required for each channel. Beamforming can be implemented in
i the beam space or in the element space, depending on the configurations of the
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antenna. If each beamforming network produces L beams, through demodulation,
M x L messages can be recovered. In the downlink case, the process is the reverse
of the uplink one. That is, beamforming is applied to the modulated signals from
the modulators. The outputs of the beamforming networks are frequency-division
multiplexed (FDM) before transmission.

Figure

6.2.2
R S Suh SulL) Digital
each us
Figure 6.6 Uplink DBF configuration for an FDMA system. The us
only be
It should also be pointed out that the ADCs are placed immediately after the then se
receivers and the DACs are placed immediately before the transmitters. This ar- generat
rangement requires only N ADCs for uplink and N DACs for downlink. Further- The
more, there is no SNR degradation in processes that follow the analog-to-digital FDMA
conversion. However, it requires relatively high-speed ADCs and DACs, and high- band.
performance digital processors are needed for frequency demultiplexing and mul- uplink
tiplexing. The high-speed and high-performance requirements may be difficult to The up

meet in some applications, such as in a satellite system. The alternative is to carry

out the frequency demultiplexing and multiplexing in the analog domain, followed 1. A
by the analog to digital conversion and preceded by the digital -to analog conversion. 2. N
‘This certainly eases the requirement of high-speed ADCs and DACs. However, it 3. N
requires N x M ADCs and the analog demultiplexing and multiplexing processes 4. A
. L

may degrade the SNR of the signals.

Exhibit 1023
Page 134 of 315

Ubiquiti Inc. v. XR. Comm.
IPR2024-00148



Digital Beamforming Configurations 123

modulation,

the reverse
ignals from
1cy-division

TDBF #M

Figure 6.7 Downlink DBF configuration for an FDMA system.

6.2.2 DBF with TDMA

Digital technology makes TDMA a practical access technology. In a TDMA system,
each user is apportioned a wideband channel periodically for a brief period of time.
The users’ transmissions are therefore intermittent in nature, a condition that can
only be accommodated by a digital transmitter that can store its source bits and

y after the then send them out at a transmission speed higher than that at which they are ;
. This ar- generated. ‘
- Further- The implementation of DBF in a TDMA system is different from that in an
rto-digital FDMA system in that digital beamforming is carried out for the entire frequency
and high- band. The DBF configurations for a basestation system using TDMA in both the
.and mul- uplink case and the downlink case are shown in Figures 6.8 and 6.9, respectively. !
vhfﬁcult to The uplink (downlink) system consists of:
18 to carry
, followed 1. An N-element antenna array;
onversion. 2. N receiver (transmitter) modules;
owever, it 3. N ADCs (DACs);
processes 4. An RDBF (TDBF) network;
5. L digital demodulators (modulators);
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6. L digital demultiplexers (multiplexers).

In the uplink case, beamforming is applied to the received signals from the NV
antenna elements to produce L uplink beam outputs. Each beam output from the
beamforming network will be demodulated and time-demultiplexed into A message
signals. That is, the number of simultaneous users can be up to M x L. In the
downlink case, the M x L message signals to be transmitted are arranged into L
groups. The M messages in each group are time-multiplexed into a binary stream. A
particular digital modulation scheme is then applied to the time-division multiplex
(TDM) digital signal. Digital beamforming is applied to the L modulated signals
to form L downlink beams. The digital outputs of the beamforming network are

converted to analog signals for transmission.

Figu

bean

Receive digital beamforming network these

cesse

bean

mod

S Mob

6.9 1

S Syt S,w S, 1

fram

thel

Figure 6.8 Uplink DBF configuration for a TDMA system. sl

Similar to the FDMA case, the ADCs are placed immediately after the receivers s%gn.

and the DACs are placed immediately before the transmitters. This arrangement time
requires only N ADCs for uplink and N DAGCs for downlink. Furthermore, there tf‘

is no SNR degradation in processes that follow the analog-to-digital conversion. i\

However, it requires relatively high-speed ADCs and DACs. There are alternative bear

configurations that may ease the requirement for high-speed ADCs and DACs. In fash

the alternative configurations, the demodulators, which are placed immediately af- per

ter the receivers, are followed by the ADCs and the receive beamforming network. #1.

Similarly, the modulators, which can be placed immediately before the transmit- f}i”

e

ters, follow the transmit beamforming network and the DACs. In this way, the
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S S L) Sy
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eam. A
ultiplex
signals
ork are
Figure 6.9 Downlink DBF configuration for a TDMA system. !
beamforming networks and the ADCs and DACs operate at the bit rate. However,
these alternative configurations require that the demodulation and modulation pro-
cesses be both coherent and linear to preserve the phase information needed for
beamforming. They may not be suitable for some systems. For example, GMSK
modulation, which is a nonlinear modulation scheme, is used in Global System for
Mobile communications (GSM). Thus, the configurations shown in Figures 6.8 and
6.9 must be used if digital beamforming is to be implemented in a GSM system.
The digital beamforming network must process the signals sequentially (i.e.,
frame by frame). In the downlink case, for example, within a TDMA time frame 1,
the beamforming network produces L beams for the L message signals {s1(1),s1(2),
.,s1(L)}; within another time frame ¢3, it produces another L beams for the message
sceivers signal {s5(1),52(2),"-,2(L)} and so on. There will be problems if the processing
gement time ¢, required by the beamforming network is longer than the TDMA time frame
3, there t,. Therefore, it requires a very fast digital beamforming network. An alterna-
rersion. tive to using a very-high-speed beamforming network is to use a bank of digital
rnative beamforming networks, which operate at relatively low speed but in a near-parallel

\Cs. In fashion [4]. As shown in Figure 6.10, at the beginning of TDMA frame ¢,, the up-
per switch is at position 1 to load signals {s,(1),s:(2), " ,5(L)} into the prebuffer

tely af-

stwork. #1. At the beginning of TDMA frame #,41, the switch at position 2 to load signals
insmit- {5:41(1), 8:41(2), - -+ ;8141(L)} into the prebuffer #2 and so on. On the other hand,
ay, the the lower switch is placed at position 1 after ¢, with respect to the beginning of
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126  Digital Beamforming in Wireless Communications

TDMA frame ¢, to send the NV processed signals to the DAC. The lower switch is Th
placed at Position 2 after ¢, with respect to the beginning of TDMA frame #,41, ‘ FDM!/
and so on. The implementation of this scheme requires additional hardware such out cc
as buffers and additional software such as synchronization control. In either the formir
case of a single very fast beamforming network or the case of multiple beamforming , band.
networks, the time delay due to beamforming is the processing time i, CDM!:
type o
From MOD In
signal
for a |
Figure
L z ¢ Lkt
1. ..
Lrtg 9.
nurf\:n: buil’)‘f::el:ﬂ e huI'FI"r:hMK tp 3.
p— 4.
‘TDBF#I| [TDBF#Z] P B D l
| L —f £ 5
A = o _ . 00
bu’l:?jﬂl | hu’:f::ﬂZ J * —{t
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P .o Livka ¢
~. e 2 e i B S
N N q
To D/A

(@) (®)

Figure 6.10 Multiple digital beamforming networks for TDMA applications: (a) signal
flow structure; (b) time frame structure.

6.2.3 DBF with CDMA

A CDMA system may employ the spread-spectrum modulation; that is, each user’s
digital waveform is spread over the entire frequency spectrum that is allocated to all
users of the network. Each of the transmitted signals is modulated with a unique
code that identifies the sender. The intended receiver then uses the appropriate

code to detect the signal of his choice. Figur
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switch is The implementation of DBF in a CDMA system is different from that in an
ame .41, FDMA system or in a TDMA system. In an FDMA system, beamforming is carried
vare such out continuously in each individual channel, whereas in a TDMA system, beam-
sither the i forming is carried out on a frame-by-frame basis for the entire TDMA frequency
nforming band. In a CDMA system, beamforming is carried out continuously for the entire

CDMA frequency band. Moreover, the choice of DBF configuration depends on the
type of CDMA system, namely, a synchronous or asynchronous CDMA system.

In a synchronous CDMA system, the information bit duration of each user
signal in the system is time-aligned at the basestation. The DBF configurations
for a basestation system in both the uplink and the downlink cases are shown in
Figures 6.11 and 6.12, respectively. The uplink (downlink) system consists of:

An N-element antenna array;

N receiver (transmitter) modules;

N ADCs (DACs);

M digital demodulator (modulator) banks, each of which consists of NV corre-

Y

lators and samplers;
5. N RDBF (TDBF) networks.

(a) signal

DEMOD #i

ach user’s
ed to all
a unique

propriate |
Figure 6.11 Uplink DBF configuration for a CDMA system. |

S Sw Suh SuL)
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128  Digital Beamforming in Wireless Communications

In the uplink case, a beamforming network is required for user signals that use 1.
an identical code. This requires that beamforming is carried out following the de- 2.
modulation process (or code filtering). An example of this type of configuration is 3.
given in [5]. If each beamforming network produces L beam outputs, the number of 4,
simultaneous users can be up to M x L. In the downlink case, the M x L message 5.
signals to be transmitted are arranged into M groups. Beamforming is applied to
the L messages in each group. The beamforming outputs are spread with a particu- i
lar code. The code-division multiplexed (CDM) signals are combined and converted In Hi
to analog signals for transmission. In these configurations, the beamforming net- durat
works operate at the bit rate. However, it should be noted that the demodulation the d
and modulation processes must be both linear and coherent to preserve the phase o5 £
information that is required for beamforming. tasaf
a
S0 S Suth Sy
i .o L
[ ]

Figu

Transmitter
module

Figure 6.12 Downlink DBF configuration for a CDMA system.

In order for DBF to be implemented in an asynchronous CDMA system, the
above configurations must be modified. As shown in Figure 6.13, the receive
beamforming networks must be placed before the demodulators and the transmit
beamforming networks placed after the modulators. That is, the alternative uplink

(downlink) system consists of:
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Digital Beamforming Configurations 129

An N-element antenna array;
N receiver (transmitter) modules;
. N ADCs (DAGs);

N RDBF (TDBF) networks;
M x L digital demodulators (modulators), each of which consists of a correlator

1als that use
wing the de-
\figuration is

G

1e number of |
x-L message
is applied to - and a sampler.

th a particu-
In Figure 6.13, the time index # for ¢,, denotes the fact that the information bit

duration of the user signals do not have to be synchronized. In these configurations,
the demodulation and modulation processes can be linear or nonlinear, and coherent
or noncoherent. Furthermore, ¢n(t1) can be used as the reference to carry out
adaptive beamforming, an example of which is given in [6]. However, it is required
that the beamforming networks operate at least at the chip rate.

nd converted
forrding net- |
emodulation
ve the phase

Sy Sall)

Cal) MOD | ++:+ | MOD Caty

DEMODF— Catiy

Sa(h) S0

| @) (b)

Figure 6.13 Alternative DBF configurations for a CDMA system: (a) uplink; (b) down-
link.

. system, the
, the receive
the transmit
native uplink
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Chapter 7

DBF in Mobile Satellite Communications

Land mobile satellite communications are evolving towards providing compatibility
with the services offered by terrestrial personal communications systems. Satellites
can offer services to users in rural and remote areas which are outside the range of
terrestrial communications systems. Through the use of mobile satellite (MSAT)
communications systems, users anywhere in the world will be able to access voice
and data communications while traveling as passengers in airplanes, trains, or on-
board ships. In order to cope with the ever increasing demand for mobile satellite
communications, the spectral efficiency must be improved. One way to achieve high
spectral efficiency is to carry out SDMA using DBF technology. In this chapter,
we will discuss the applications of DBF in mobile satellite communications. In
particular, the discussions will be centered on the considerations of onboard digi-
tal beamforming and various types of DBF antenna systems. A number of system
examples are also given in the last section of this chapter.

7.1 ONBOARD DIGITAL BEAMFORMING

In recent years the concept of using DBF technology for applications to future
communication satellite payloads [1-9] has been slowly taking root in the techni-
cal community. It is envisaged that these satellite systems would support a few
thousand to tens of thousands of channels. As we have mentioned earlier, SDMA is
a multiple-access scheme that provides communications channels to different areas
using the same frequency, which is the frequency-reuse concept. For example, in
a mobile satellite communications system where FDMA is used, communications
links are provided by antenna beams at the same frequency to different geographical
areas. Figure 71 shows the situation in which 13 beams in four frequency bands
are used to provide service to a region. If TDMA is used, multiple beams are used
in each time frame to provide service at the same frequency, as shown in Figure 7.2.
In both examples, the system capacity is increased by a factor of 17?, compared to
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132 Digital Beamforming in Wireless Communications

the case in which one beam per carrier frequency or per time frame is used.

r
s
k
¢
n
t
F
k
2
b
Figure 7.1 Frequency reuse with SDMA, showing the area covered by beams that are 3
arranged to reuse the same frequency bands indicated by numbers. F
§
n
a
8.
b
5] | b
127
¢
Figure 7.2 Time frame reuse with DBF, showing that in each time frame, more than one f
beam (shaded hexagons) can be formed to provide communications channels.
7.1.1 Beamforming Strategies
The number of beams that are to be generated to cover a region depends on the
physical size of the satellite antenna array and beamforming strategies to be em- o
ployed. The effective aperture of an array determines its HPBW. There are a
number of beamforming strategies. For instance, a single beam may be formed i
to provide multichannels, which is suitable for multichannel-per-carrier (MCPC)
transmission. A single beam may only provide a single channel, which is the case 7
with multichannel-per-carrier (SCPC) transmission. Furthermore, a beam may be
formed nonadaptively or adaptively. Let us consider the case of two cofrequency It

beams. With an SIR requirement of 30 dB, the sidelobe level of a nonadaptive beam
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must be designed below 30 dB to meet the SIR requirement. Assuming that the

sidelobe level is achievable, the minimum beam separation is therefore determined
by the main lobe. In the multichannel-per-beam case, a number of mobile users are
distributed within the HPBW area of the desired beam, and a number of cochan-

nel users are distributed within the cofrequency beam. The minimum separation of

two cofrequency beams is therefore determined by the requiremnent that the -33-dB
e —3-dB point of the interfering

point of the wanted beam should coincide with th

beam, as shown in Figure 7.3(a). This minimum separation is approximately 1.8
HPBW. In the sin gle—channel—per-bea.m case, we require the peak of the cofrequency
e outside the wanted beam region where the power density is no less than

beam to b
he minimum separation is at least 1.2

30 dB with respect to the peak. Therefore, t

1at are
HPBW, as shown in Fig 7.3(b). If adaptive beams are used, 30-dB nulls can be
steered towards the cochannel interferers; and the 30-dB sidelobe level requirement
may not be necessary. The wanted beam and cofrequency beam may be as close
as 0.8 HPBW. Furthermore, it is much easier to achieve a 30-dB null than a 30-dB
| sidelobe level and 2 30.dB sidelobe beam has a larger HPBW than an adaptive
beam. As a result, the level of frequency reuse achievable in the adaptive case will
be higher, which represents a higher system capacity.
\%amed Cofrequency
cam Eaec.lun
8 o e Vanied  Cofgine
: e :
o
1an one =
(annels. Lt _
1 Vo i ' 1 ' |
V3IHPBW = 77 12 HPBW 1< -~ == 08 HPBW - = - [
| BHPBW - = f f
@ ® (© i
on the
be em- Figure 7.3 Main lobe frequency reuse constraint: (a) nonadaptive multichannel-per-
8 beam; (b) nonadaptive single—channel—per—bea.m; (c) adaptive single-channel-
. per-beam.
formed
ACPC)
he case 7.1.2 Acquisition
may be
quency If adaptive beamforming is to be implemented onboard a communications satellite,
| . .
e beam a reference signal is required to enable the satellite to steer a beam towards a mobile

user. As we pointed out in Section 3.5, the reference can be either the location of
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the mobile user or some type of reference signal sent by the user. If mobile location
information is to be used, there are a number of schemes to determine the mobile
locations [7]:

1. A mobile user specifies his location to the network control center (NCC) or the
satellite system by encoding the location information in the call request signal.

The satellite system will decode the location information and its identification refe
and assign a beam to this particular user. This approach requires the mobile to

user to have a reliable and accurate means to determine the mobile location. cod
With this option, cost and complexity of the mobile terminal may increase due cha
to the additional requirement for determining its own location. Furthermore, are

the accuracy in the location of the mobile is an important issue if the gain loss
due to mispointing is to be minimized. One way to meet the requirements is 7.1
for the user Lo use a GPS (Global Positioning System) device. This approach

is a simple and fast solution to the mobile location problem. It requires fewer In i
computations and hence less hardware and weight. This option also makes o
it easier for the subsequent adaptive processing, in that the direction of the nel
desired signal needed as an optimization constraint is readily available to the o

pro

adaptive processor. The downside of this option is that costly and complex
mobile terminals are required.

2. The satellite system may determine the locations of the mobile users using
fixed-beam detection. Obviously, this is the only available option for the
systems that use fixed beams, such as the single-reflector focal-fed (SRFF) ‘
antenna systems (see next section). The location of a mobile is determined ‘
by estimating the direction of arrival of the incoming call request signal by ‘
detecting the highest power level among the fixed beams. The mobile user
identification is also extracted from the call request signal. This option re-
quires relatively low cost, mass, and complexity for both the satellite and the
mobile terminals. These are the most desired characteristics when system ,
design is considered. However, this option offers very limited accuracy, which

o

compromises the SIR performance, since inaccuracy in location can cause mis-
pointing of both the antenna beam towards the user and the nulls towards the
interfering users. This further reduces the frequency-reuse factor, making it
undesirable if the SIR and the frequency-reuse factor are critical parameters
for the system.
3. The satellite system may determine the locations of the mobile users using |
advanced signal processing techniques. This approach requires additional on-
board signal processing power. High-resolution spectral analysis techniques
will have to be used to meet the accuracy requirements. However, since these

Exhibit 1023
Page 147 of 315

Ubiquiti Inc. v. XR. Comm.
IPR2024-00148



cation
nobile

or the
signal.
cation
ncbile
ation.
se due
‘more,
n loss
ants is
iroach
fewer
mnakes
of the
to the
mnplex

using
r the
RFF)
mnined
al by
3 user
)N re-
d the
ystem
which
2 mis-
is the
ing it
1¢eters

using
al on-
liques
these

techniques require matrix computation such as matrix inversion or eigen-
decomposition, powerful digital signal processors are required onboard the
system. This approach may provide sufficient accuracy at the expense of
complexity and cost. It also requires additional hardware and power.

If a reference signal is used, the mobile location information is not required. The
reference signal may be sent by the mobile user along with the call request signal
to the satellite system. The reference can be a tone signal, a spread-spectrum
code (e.g., PN sequence), the preamble of a data packet, or other distinct signal
characteristics. Some blind beamforming techniques may be suitable, as well. Using
a reference signal, the DBF system will steer a beam towards the corresponding user.

7.1.3 Weight Generation

In addition to the requirement for setting the complex weights to steer the beam
towards a mobile terminal, the complex weights can be adjusted to suppress cochan-
nel interference. There are three options for generating the beamforming weights:
the table-lookup approach, the partial-optimization approach, and the adaptive-

processing approach:

DBF in Mobile Satellite Communications 135

1. The table-lookup approach is a nonadaptive approach, in wheih the beam-

forming weights are designed to steer the main beam towards the mobile and
at the same time generally limit the level of sidelobes without invoking an in-
terference suppression function. This will require information on the location
of the mobiles. The control of the sidelobe level is carried out by applying an
appropriate amplitude taper across the array aperture, with a consequent in-
crease in beamwidth and a decrease in directivity gain. In addition, relatively
low sidelobe levels may not be easy to achieve in practical situations. Never-
theless, this approach is simple and fast because weights can be retrieved by
table lookup from the memory bank, which stores the precalculated weights.

. In the partial-optimization approach, signal processing is carried out to de-

termine the weights for horns within each cluster so that the carrier-to-noise
ratio is maximized. This approach is especially suitable for the SRFF antenna
system, in which a beam is formed using a cluster of horns. However, the pro-
cessing is only partially optimal in that the system only makes use of a small
fraction of the available degrees of freedom.

. In the adaptive-processing approach, a fully adaptive algorithm is used to

generate optimal weights. With this approach, one can dispense with the need
for incorporating a low sidelobe design into the antenna beamformer. This
means that antenna gain is not subjected to a loss due to aperture taper.
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The table lookup approach requires virtually no real-time computation of the I Ape
weights, since adaptive processing is not implemented. In the other two approaches. as a re
signal processing requires a certain number of degrees of freedom in order to prop- nent is
erly optimize the weights. The greater the degrees of freedom, the easier it is to linear |
achieve the desired optimal weights. On the other hand, a large number of degrees squinte
of freedom requires a very heavy computational load. The partial-optimization ap- frequer
proach requires a few degrees of freedom, and therefore the computational load | The
is relatively light, but it offers a very limited level of adaptivity. The adaptive- ‘ gous tc
processing approach makes use of all the available degrees of freedom. In terms of into a
optimality, it is desirable, but it requires a powerful DSP processor. flector

the ref]

7.2 DBF ANTENNA SYSTEMS energy
In this section, we consider four antenna configurations that are suitable for digital ! cati:c)lu(
beamforming satellite antennas: (1) SRFF multiple-beam system, (2) the single- = limitec
reflector with hybrid transform (SRHT) system, (3) the dual-reflector array-fed | ning a
(DRAF) system, and (4) the directly radiating array (DRA) system. ' among
‘ horns)

7.2.1 The SRFF Multiple-Beam Systems | priatel
in Fig

The SRFF multiple-beam system using DBF is shown in Figure 7.4. The antenna |

system, which is widely used for generating shaped beams for satellite communi- ] SPOH(.L

cations, consists of a reflector illuminated by an array of feed elements. Each feed | the sit

element generates a constituent beam. A shaped beam can be formed from a num- contot
ber of the constituent beams by using the principle of superposition. This beam |

concept is the basis for beam-space beamforming. \ 7.2.2

In the

T , in ten

be ca1

reliab.
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be ust
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Figure 7.4 An offset SRFF multiple-beam antenna system. :zntls

i
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on of the l Aperture blockage is avoided by using an offset reflector configuration. However,
proaches. as a result of the asymmetry of the offset configuration, a cross-polarized compo-
: to prop- pent is introduced into the radiation field when the reflector is illuminated by a
ar it s to linear polarized field. When circular polarization is employed, the antenna beam is
»f degrees squinted from the electrical boresight. Thus, difficulties may arise in systems where
:ation ap- ‘ frequency reuse is based on polarization.
onal load | The operation of the reflector on the field distributed over its aperture is analo-
adaptive- l gous to that of a Fourier transformer. That is, the energy is focused or transformed
terms of into a beam with a shape that can be described by a sinc function (Sizm). The re-

flector produces a spot beam corresponding to a particular feed element located in

the reflector’s focal region. A beam can be used for both receiving and transmitting

energy. Detailed characteristics of an SRFF antenna system can be found in [10].
Due to reflector parallax, only a very limited number of the feed elements lo-

‘or digital cated on the focal plane can be used to produce high-performance beams. They are
he single- \ limited to those elements that are close to the reflector’s axis of symmetry. Scan-
array-fed ning a beam in the far field is accomplished by modifying the amplitude distribution

among a cluster of feed elements. For example, if a triplet cluster (containing three
horns) is used, coverage beams with different contours can be obtained by appro-
priately weighting the outputs of the three horns. A simple case is demonstrated
in Figure 7.5. The solid curves shown represent the directive gain contour corre-

2 antenna

ommuni- \ sponding to the excitation of a single feedhorn. The dashed lines correspond to
Each feed the simultaneous and equal excitation of two or three adjacent feeds. Fach of the
m a num- contours represents a constant directive gain.

‘his beam ‘

‘ 7.2.2 The SRHT System

‘ In the SRFF multiple-beam system, the signals at the array elements are presented
! in terms of beams. Therefore, it is natural for the digital beamforming process to
| be carried out in beam space. However, this requires the transceivers to be highly
reliable. If any one of them fails, the system performance will be severely degraded.
In order to cope with this problem, a Butler matrix or a hybrid transformer can
be used to distribute the energy evenly. The configuration is shown in Figure 7.6,
where a Butler matrix is placed in between the feed array and the receiver system.
\ Furthermore, adding a Butler matrix can increase the angular scan range of the
antenna system [11,12].

It is well known that the relationship between the aperture fields of a parabolic
| reflector and its focal plane fields is a Fourier transform. For an off-axis wave, the
| same condition is maintained, provided that the focal point is moved off the axis
so that the total angle subtended by the reflector as measured at the focal point is
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Figure 7.5 Feed and directive gain contours for excitation of the corresponding feeds.

equal to 20 [11,13], where 9 is the maximum half angle subtended by the reflector
from the geometric focus. With this choice for a new focal point, the new focal
plane is defined to be normal to the center line of the focal cone of width 26, as
shown in Figure 7.7. The locus of feed follows the circle passing through the true

focus and has a diameter given by [11,13]

d d\*|

for an aperture of length d in the plane of scan. In this plane, the focal field variation
with angle is always a Fourier transform of the aperture plane. Therefore, if another
Fourier transformer is placed at the new focal plane, the outputs of the transformer
will have a uniform amplitude and a phase variation that is the complex conjugate
of the aperture plane field. The second Fourier transform can be performed by a

Butler Matrix.

7.2.3 The DRAF System

In the DRAF system, a subreflector, which is confocal and coaxial with the pri-
mary reflector, is added to form a dual-reflector system, as shown in Figure 7.8.

Figure 7.6 !

The subrefle
transform tc
the complex
in space ap|
these cases.

Array m
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matnx modules rOCessOr

Focal
plane

Figure 7.8 Single-reflector antenna system with a Butler matrix.

The subreflector, existing in the near field of the array, performs a second Fourier
transform to produce a uniform amplitude field output with a phase variation being
the complex conjugate of the aperture plane field. Examples of DRAF systems used

in space applications can be found in {14-16], although phased arrays were used in
these cases.
Array magnification may be obtained with the confocal arrangement of the two

eds.
offset parabolic reflectors. A scanned beam is formed by varying the phase and
sctor amplitude of elements in the array. The system magnification factor is
focal Do fo
M=—==— 7.2
9, as D, f (7.2)
true . .
where fo and f; are the axial focal lengths of the primary reflector and subreflector,
respectively. Thus, by choosing
fo
7.1) >l (7.3)
' a small array diameter D, is sufficient to intercept all the incident rays. On the
tion array plane, £, the center of illumination is determined by the center ray reflected
ther at center Cy of the paraboloid. The array center C; must therefore intercept this
s ray. Because Cy and C, are conjugate points, the center of the illumination remains
gate fixed even though the direction of the incident wave may change so that the ray
 a

incident at Cp makes a small angle 8, with respect to the central ray. For small
value of 6y, all rays reflected at Co pass through C) after the second reflection. If
Yo and X, are the two planes orthogonal to the center ray through Cy and Cy, &g
and X; are optically conjugate planes in the vicinity of Co and C}, and therefore
pri- the field £y on Xy is the image of the field Ep on ¥o. This type of arrangement has
a number of important characteristics:
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Locus plane

Beam 2 ]3eI1 1

Incident
) wave 2
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wave 1

Figure 7.7 Locus of transform plane in which the focal field variation with angle is always
the Fourier transform of the aperture plane.

1. Any small deformation in the main reflector can be easily corrected because
the main reflector and the array are optically conjugate elements.
9. The transformation that relates the field over the array aperture to the field

over the main reflector aperture is essentially frequency independent, and Figure
therefore it can be approximated by its asymptotic behavior at high frequency. | antents
That is, the transformation can be determined accuratcly using the laws of greater
geometric optics. The
3. Grating lobes can be reduced by ensuring that the grating lobes from the diamete
array miss the reflector.
The relationship between the angle §, and the angle 6; is given by ‘ and
01 = Mao (74)
For example, if a beam is to be steered at 6o = 0° and M = 2.5, then the angle where |
at the array is 0y is equal to 2.5°. It is desirable to have a large M in order to meters.
make the array physically small and at the same time provide sufficiently narrow The
spot beams. However, a large value of M may result in a higher scan loss, a higher adjuste
sidelobe level, and a larger aberration, since the array has to scan a larger angle found tl
Mdq [16]. the cent
For a small value of M, beam degradation can be minimized, but the subreflec- location
tor size may become impractically large for a given primary reflector size. Therefore,
M must be chosen carefully so as to achieve a balanced design. Scan losses can
also be reduced by increasing the number of elements for a given aperture size. Un- where |
fortunately, this will increase the complexity, mass, and power associated with the flector.
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jent, and Figure 7.8 Dual-re ector array-fed antenna system.
re(lluencyt: antenna array. Mutual coupling effects between elements within the array become
1 jaws o greater as element spacing decreases.
" - The approximate formulas relating HPBW and peak directivity D, to array
T
o e diameter d are given as A
1.02
HPBW = = (rad.) (7.5)
| and
(7.4) D, = 10log(60.7f?d*) dB (7.6) g
the angle where f is frequency in gigahertz (GHz), X is wavelength in meters, and d is in |
1 order to meters.
ly narrow The distance between the array and the center of the subreflector L can be i
5, a higher adjusted to achieve the maximum illumination efficiency for the array. It can be
tger angle found that the optimal location of the array is a function of the separation between
the center of the primary reflector and the array. A good estimate of the array’s
subreflec- location, under limited scan conditions, is given by
Therefore, M+1
= |FB .
losses can \ L=|FB| M (17)
+size. Un- where |FB| is the radial distance from the focal point to the center of the subre-

1 with the flector.
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Since a large offset in a parabolic reflector system produces a strong cross- beam
polarized component in the field, the lowest offset should be chosen for both reflec- | T
tors without causing blockage by the location of either the array or the subreflector. ing. |

proce

7.2.4 The DRA System tribu
The reflector types of antennas have been successful in generating multiple shaped | armve
beams for regional coverage. These systems are primarily passive designs consisting ;‘c}fos:
of low-loss beamforming networks that feed all or part of the feed array. Individual ‘ ore
channels are amplified and combined prior to beamforming. Because a beamforming £
network is designed for minimum loss, a compromise may be required in mass and | arra%;l
volume. As the number of required beams increases to accommodate the higher ‘ its ow
capacity in a satellite system, the angular separation between beams decreases, and | is con
the reflector and feed array sizes increase accordingly. The attempt to push this

technology further to increase the level of frequency reuse appears to be limited by ‘ :}:Z <7)1
the system mass and volume constraints.

The concept of eliminating the use of a reflector and using a directly radiating A
array has been investigated for satellite coverage [17-20]. When a direct radiating | g
array is used, it must have an effective aperture comparable to that of the reflector \ In.the
in order to achieve the same spatial isolation between the cofrequency beams. If a | iaﬁiur}j
phased array is fed with a low-loss analog beamforming network, its overall weight ‘ threge .
will make it less attractive as an alternative to the reflector system. However, if .
a DBI" array is used, overall weight, efficiency, and reliability can be improved fra‘ctlF
and the array becomes competitive with or even surpassing the reflector system, as | Eﬁmbl
illustrated by the examples given later. The array will incorporate power amplifiers [ thinci
directly belore the radiating elements. The DBF array becomes especially attractive ' )
for generating a significant number of beams. With today’s developing MMIC
technology, a DBF antenna can be cost-effective and attractive for use in satellite
systems. |

| which
7.2.5 System Characteristics ‘ Can:ﬁ
As discussed earlier, the signal at a feed element of the SRFF antenna system can offset |
be represented in terms of a beam. Therefore, the SRFF antenna system is suitable symme
for beam-space processing. In the SRFF system, signals are focused by the reflector ' votatio

to a single element or a cluster of elements to form a beam. Multiple beams, which The lin

may not necessarily be orthogonal beams, can be generated by enabling multiple since tl
elements, but in general only a small fraction of the array elements (or beams) are ‘ a geosy
active at any one time. Because the signals from the array elements are presented permit
in terms of beams, it is natural for the beamforming process to be carried out in radiatis

Exhibit 1023
Page 155 of 315

Ubiquiti Inc. v. XR. Comm.
IPR2024-00148



rong Cross-
both reflec-
ubreflector.

siple shaped
s consisting
. Individual
2amforming
n mass and
: the higher
creases, and
.0 push this
e limited by

ly radiating
ct radiating
the reflector
beams. If a
rerall weight
However, if
»e improved
T system, as
er amplifiers
ly attractive
ping MMIC

s in satellite

. system can
m is suitable
the reflector
eams, which
ing multiple
¢ beams) are
Te presented
arried out in

Exhibit 1023
Page 156 of 315

DBF in Mobile Satellite Communications 143

beam space even though the beams are not orthogonal.

The SRAT, DRAF, and DRA systems are suitable for element-space process-
ing. In both the SRHT and DRAF systems, the signals arriving at the receivers are
processed by two stages of Fourier transform. Therefore, the signal amplitude dis-
tribution across the transceivers is approximately uniform. In the DRA case, signals
arrive at the array as plane waves with uniform amplitudes and linear phase change
across the array. In any case, all the array elements simultaneously receive signals.
Therefore, it is logical to employ element-space processing. That is, a desired beam
can be formed by weighting and combining a fraction or all of the outputs from the
array elements.

The implementation of DBF requires that each antenna element in the array has
its own transceiver. In the SRFF system depicted in Figure 7.4, each transceiver
is connected to one of the antenna elements. In the SRHT system shown in Fig-
ure 7.6, there are N independent transceivers, each of which is connected to one of
the outputs of the Butler matrix. In both the DRAF and DRA cases, individual
transceivers are connected to the antenna elements of the array. Failure of one or
more transceivers has different consequences for the performance of these systems.
In the SRFF system, energy is focused by the reflector on individual elements. Thus,
failure of an element will lead to a rapid degradation in beam coverage. Therefore,
a high redundancy for the transceivers is required. On the other hand, in the other
three systems, energy is evenly distributed over the transceivers. Failure of a small
fraction of the transceivers will only lead to a slow degradation in terms of the
combined output power, sidelobe level, pointing accuracy, and beam isolation. If
the combined output power is Poyt, and one receiver failure decreases it to Pj 4,

then the rate of power decrease is given as [21]

Tout _ (T2 1)2 (7.8)
Fout N

which is considered a graceful degradation. Therefore, the redundancy requirement
can be considerably lower.

All three types of reflector antennas are structurally simple, but they must be
offset to avoid feed blockage. The offset design, however, destroys the rotational
symmetry of the reflector’s surface and limits the scan range. The destruction of the
rotational symmetry reduces the possibility of frequency reuse based on polarization.
The limited scanning ability does not present significant problems to a GEO system,
since the requirement for scanning is not critical. In fact, the small scan angles from
a geosynchronous orbit (£8° at most) simplify the design of the antenna, since they
permit the array elements to be spaced far apart (e.g., > A/2), allowing for large
radiating elements and reducing problems of mutual coupling. Grating lobe effects
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due to large element spacing can be reduced by ensuring that the grating lobes
from the feed array miss the reflector or, in the DRA case, miss the entire area
to be covered. For a LEQ system, a large scan range (3> 10°) is required for the
coverage of a small area. In this sense, the application of DBF using reflector
types of antennas in a LEO system may not be feasible. In contrast, the ability
of a DRA system to scan a wide angular range is excellent compared to that of
reflector antennas. Furthermore, in low orbits, the requirements for high antenna
gain are not as critical as in the GEQ case. Therefore, the use of a DRA system in
a LEO system is feasible and may be the only alternative for implementing DBF
in LEO systems. Grating lobes must not be allowed in the LEO case, since they
will certainly become sources of interference to users in other region. This can be
ensured by making the antenna element spacing sufficiently small.

The reflector-type antennas, in general, have a relatively high directivity, which
is proportional to the physical size of the reflector. To achieve the equivalent di-
rectivity at least to the first order, a direct radiating array must have an aperture
equivalent to that of a reflector, which implies that the number of elements must be
increased or the size of the elements must be relatively large to form an array with
the required aperture. The active components that are required for constructing
the array add the weight and complexity to the antenna system. However, the real
physical aperture size of an array may be smaller than that of a reflector 1o have the
same gain, because a direct radiating array has a higher aperture efficiency than the
reflector system. That is, for the same physical aperture size, an array has a higher
gain than a reflector. The low aperture efficiency of a reflector system is caused by
loss due to spillover and aperture phase error, which increases with increasing scan

angle.

7.3 SYSTEM EXAMPLES

Specific examples are given in this section to provide a quantitative iliustration of
the advantages that can be achieved using digital beamforming onboard a satellite
system.

7.3.1 MSAT Systems
L-Band System

In an MSAT communications network, the mobile terminal employs a low-gain
antenna of 3- to 6-dB gain (omnidirectional) or 10- to 14-dB gain (for steered
antenna). Those low gain antennas collect the direct line-of-sight signal with its
specular ground reflection components in the vicinity of the mobile terminal and
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ng lobes ' its multipath reflection components from hills, mountains, trees, buildings, and
tire area | other large objects. The reflected components of the direct signal may add up
1 for the | destructively and result in signal fading. Therefore, an MSAT system is designed
reflector ' to compensate for the degradation due to propagation effect. MSAT services at L-
e ability ' band are allocated a narrow bandwidth of only 29 MHz. Thus, the system must be
v that of designed to efficiently utilize the frequency spectrum. The uplink frequency band
antenna for mobile terminals is 1.6316 to 1.6605 GHz and the downlink frequency band is
ystem in 1.53 to 1.559 GHz. The satellite is capable of transmitting multichannel signals
ng DBF operated in continuous and intermittent modes (voice activation, data burst) to all
1ce they service areas. The primary modulation format for single-channel and multichannel
s can be transmission of digital voice and data.is trellis-coded modulation (TCM) with 8-ary
PSK. The bit rate is 6200 bps. The minimum receive C'/Ny for the L-band links is
y, which normally 52 dB-Hz. The access method for both the uplink and downlink is FDMA.
alent di- The channel spacing is 7500 Hz. Since the total available bandwidth is 29 MHz, the
aperture number of available channels is 3866. To apply frequency reuse the L-band transmit
must be and receive antenna must spatially provide at least 18-dB cochannel isolation in the
ray with forward link case and 22-dB in the return link case.
tructing In order to reuse the frequency spectrum, it is necessary to use a multiple beam
the real satellite antenna for the coverage of Canada and the United States. Present analog
have the beamforming technology permits frequency reuse by beams that are separated by
than the | more than two beamwidths to provide an adequate carrier-to-interference ratio. For
a higher ‘ the four-beam system shown in Figure 7.9, the two coastal beams can use the same
wsed by frequency, and thus the frequency-reuse capacity can be increased by a factor of 3.
ing scan '

-ation of
satellite

low-gain
steered
with its

inal and . Figure 7.9 Four-beam coverage by analog beamforming in the L-band MSAT system.
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Because MSAT services at L-band are allocated a narrow bandwidth of only 29
MHz, the system must be designed to efficiently utilize the frequency spectrum.
DBF can be used to improve the frequency-reuse factor in that a relatively large
number of beams can be formed and interference cancellation can be carried out
to provide adequate carrier-to-interference ratio. This is in contrast to the analog
beamforming technology, which only permits frequency reuse by beams that are
separated by more than a beamwidth to provide an adequate carrier-to-interference
ratio. For the four-beam system shown in Figure 7.9, the frequency-reuse capacity
is %. On the other hand, for the case in which 12 beams are formed with DBF
(Figure 7.10), the frequency reuse capacity can be increased by a factor of 12 with
respect to the single-beam scenario.

Figure 7.10 Twelve-beam coverage using DBF in the L-band MSAT system.

The SRHT configuration can be used in order to make use of the antennas
in the existing MSAT system, where the number of feed elements for the L-band
antenna is 23. Separated transmit and receive antenna systems are considered.
The SRHT configuration requires the additional use of a hybrid transformer. As
discussed previously, the SRHT increases reliability by distributing the power evenly
to or from the antenna feed elements. In addition, it allows a greater flexibility for
beamforming processing.

In the case of multiple users per beam, the access method for both the uplink and
downlink is logically MCPC-FDMA. For each carrier or frequency subband within
the available frequency band, multiple beams can be formed to achieve frequency
reuse. Since a single beam provides multiple channels to users, communications
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29 signals are distributed within the HPBW area. The minimum cochannel beam
n. separation is therefore determined by the requirement that in the forward link case,
ge the -21-dB (-25-dB in the return link case) contour of the wanted beam should
ut be outside of the -3-dB contour of the other cochannel beams. Orthogonal beams
o8 are not suitable, since they cannot provide low sidelobes and their separation is
re not sufficiently large in this case. The number of available beams per frequency
ce subband depends on the beamwidth and the total required coverage area. Since
ty the cochannel interference is required to be less than -18 dB, the cochannel beams
; must be separated by about two beamwidths. Since the message channel spacing
th is designed to be 7.5 kHz, the number of message channels per frequency subband

s & HZZN' = 3866/N,, where N, denotes the number of frequency subbands.

' Assuming 10% of the channels are reserved for call request, the number of available

I message channels per frequency channel is 0.9 x 3866/N, = 3480/N,. The total

number of message channels available to users is Ny x N, x 3480/N, = 3480N;.

In the case shown in Figure 7.10, where N, = 4 and Ny = 3, the total number of
channels is 10,440.

The EIRP required by a mobile terminal determines their operation feasibility.

The EIRP is given by

C L,LoNg
EIRP = — 2 —— 7.9
| NG, (7.9)
where
NQ = carrier-to-noise ratio;
0

L, = propagation loss;

Lo = other losses;

N, = noise power density;

G, = gain of the satellite antenna.

The carrier-to-noise ratio is required by the design specification to be 52 dB-Hz.
The propagation loss is 188.5 dB at the uplink frequency, assuming the geostation-

8 ary orbit, Other losses include beam mispointing and atmospheric loss and are
d estimated to be 3 dB. The noise power density of the satellite system is estimated
L to be -202.9 dBW/Hz, assuming that the receiver noise temperature is 100K and
S the antenna noise temperature is 290K. The antenna gain is assumed to be 30 dB.
y Therefore, the required EIRP is 10.6 dBW. For the case of multiple users per beam,
= additional 3-dB power is required for mobiles at the edge of the beam coverage area.
d Ka-Band System

n

y The Ka-band system has been proposed to provide personal communication services
S including both voice and data. The uplink frequency band for mobile terminals is 29
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to 30 GHz and the downlink frequency band is 19.2 to 20.2 GHz. The satellite is ca-
pable of transmitting multichannel signals operated in continuous and intermittent
modes (voice activation, data burst) to all service areas. A 60-MHz frequency slot ‘
(54 MHz usable) will be available for the Ka-band uplink for mobile users (voice).
Vocoded speech at 2400 bps and minimum shift-keying (MSK) modulation will be

used for uplink. The modulation method used for downlink will be BPSK. The bit ‘
rate is 2400 bps for uplink and 43 kbps for downlink. The minimum receive C/Ny

for the Ka-band links is normally 45 dB-Hz. The access method for the uplink is W
tentatively FDMA and for the downlink TDMA. The channel spacing is 10 kHz for
uplink and 150 kHz for downlink.

The EIRP required by.a Ka-band mobile terminal can be computed using (7.9). ‘
The carrier-to-noise ratio is required by the design specification to be 45 dB-Hz.
The propagation loss is 214.5 dB at the uplink frequency, assuming the geostation-
ary orbit. The other losses are estimated to be 3 dB. The noise figure of the satellite
system is estimated to be -202.9 dBW/Hz, assuming that the receiver noise tem-

perature is 100K and the antenna noise temperature is 290K. The satellite antenna :
gain is assumed to be 40 dB. Therefore, the required EIRP for a mobile terminal is is
19.6 dBW. N
The DRAF system has been proposed as an option. The array consists of 343 el- It
ements, which are organized into a hexagonal arrangement, as shown in Figure 7.11. &
The distance between the centers of all the contiguous elements is two wavelengths i
(2X). Accordingly, the diameter of the phased array is 40\ and v
HPBWa_rra,y = % = 0.0255 rad = 1.46° (710) t
As a result, the HPBW of the DRAF system is is
m
1.46°

HPBW = — A1
system = iy (7.11) 5
The value of M is chosen such that the size of the primary reflector produces is
the required gain. For M = 2.5, which corresponds to a 1-m primary reflector, m
HPBWgystem = 0.58°. or
The DRA has also been considered here as another option. In order to retain pe
the same aperture gain as in the DRAF case, larger size antenna elements and/or or
more elements should be used. To minimize the hardware complexity, larger size wl
antenna elements would be more preferable, since weight increase is mostly due to sp
active components. ch
The number of degrees of freedom of the array is 343. Ideally, all of the degrees re:
of freedom should be exploited for beamforming. However, this presents a huge nu

computational problem. In order to minimize the computations, the use of subarrays
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ellite is ca-
itermittent
juency slot ‘
ars (voice).
ion will be
K. The bit ‘
seive C/[Ny L
e uplink is
10 kHz for

1sing (7.9).
45 dB-Hz.
seostation-
he satellite

HRiaeNtem Figure 7.11 Antenna array configuration for the Ka-band system.
te antenna

esRiRliS is suggested to. One option is to group three elements as a subarray, resulting in
£343 el a 49-subarray array. Thus, the 49 degrees of freedom can be used in beamforming.
S - - .
" ° © It should be noted that the number of array elements can be different from the
igure 7.11. . : :
leneth example given here. The actual value depends on the system requirements. Since
a
e the antenna array consists of a large number of elements, its performance degrades
very slowly as elements fail. Therefore, minimal redundancy is desired to reduce

(7.10) the mass of the system.
’ For the case of single user per beam (SUPB), the access method for the uplink

is the SCPC demanded-assigned multiple access (CPC-DAMA). For each carrier,
multiple beams can be formed to achieve frequency reuse.

(7.11) Since a single beam provides a single channel for one user, nulls can be steered
towards the cochannel interfering beams. The minimum cochannel beam separation

r produces is therefore determined by how a null can be formed close to the main beam. The
y reflector, minimum cochannel beam separation can be less than one beamwidth. We assume

one beamwidth for the purpose of illustration. The maximum number of beams

T to retain per frequency channel (carrier) would be the maximum number of array elements
nts and/or or the number of one-beamwidth beams that are needed to cover the coverage area,
larger size whichever is less. In this case, it is 49. For uplink, since the message channel
stly due to spacing is deiifﬁed to be 10 kHz, the number of message channels per frequency

channel is f’l‘ﬁ:ﬂf —5,400. Assuming 10% of the channels are reserved for call

the degrees request, the number of available message channels is 0.9%5,400 = 4,866. The total
nts a huge number of message channels available to users is 49x 4,866 = 238,140. For downlink

{subarrays
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where multi-frequency (MF)-TDM is used, the number of channels per time frame

G
is 49 x 0.9 x 54 M Hz/150kH z =15,876. k
It should be pointed out that the calculation of the number of channels is based t
on the assumption of equal traffic in all beams. If the assumption does not hold, t
which would be a likely case, the number of channels may be decreased accordingly. v
Furthermore, the calculation is only based on the beamforming consideration. In n
an actual implementation, the number of channels may be relatively lower because t.
it will certainly be limited by other factors, such as the capacity of the onboard s
switching circuit. b
7.3.2 A VSAT System it
The example of a very-small aperture terminal (VSAT) given here is a geostation- b
ary regional land mobile system [5]. The land mobile link is characterized by a ::
particularly difficult shadowing and multipath environment, which leads to deep
fades. A margin of 5 dB is assumed. comprising 2 dB for multipath and 3 dB for ,I;
shadowing. Correlation in the shadowing fade for the mobile uplink and downlink )
may be exploited in the DBF system in controlling downlink channel power. H_
Specific assumptions used in the design include: N
1. Regional service area is 10° x 6°. n
2. Private networks are supported, each typically comprising a VSAT fixed ter- d
minal and a group of mobiles. fa
3. There are 4200 duplex voice channels (4.8-kbps, 3/4 coded quadrature phas- b
shift keying (QPSK), 5-kHz spacing, C'/N, requirement of 41 dB-Hz). al
4. Ku-band is used for the feeder link and L-band for the mobile link. re
5. VSAT terminals have an EIRP level of 42.1 dBW and a 14-dB/K gain-to-
noise-temperature ratio (G/T) (including static power control). of
6. Mobile terminals have an EIRP level ranging from 11.8 to 15.8 dB and G/T te
of -12 dB/K (no power control). o1
7. Spatial frequency reuse is required. -
8. The array has a size of 4m in diameter and 19 elements, resulting in a peak T
directivity of 34.2 dB and the maximum scan loss of 1 dB. e
There are a number of considerations for the forward link budgets used to estab- fn
lish onboard power requirements. First, dynamic fades on the feeder uplink are not ﬁ:
compensated for at the VSATS, so a 2-dB variation exists in the channel level as 4
received at the satellite. In the case of analog beamforming, the downlink channel g
e

power level is determined based on the requirements for the weakest channels. On
the other hand, this level variation can be compensated for in the case of digital pe
beamforming. Second, the mobile link EOC gain in the analog approach is about 3 be
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frame dB lower than that in the digital case, where a peak gain is available for the agile

beams. Finally, in the analog approach, the downlink power level is set based on
based the weakest mobile link, whereas in the digital approach, level control can be used
hold, to compensate not only for static link variations but also for dynamic variations
ingly. where there is a correlation between uplink and downlink frequencies, in particular
n. In mobile gain variations and shadowing fades. The actual power saving depends on
cause the probability distribution in link performance and will be degraded by the re-
»oard sponse time of the loop. The estimated saving is about 4.5 dB when using a digital

beamforming payload.

For the return link, there is a large variation in received power due to variations
in mobile EIRP, receive gain, and fade depth. The total variation is estimated to
be 12 dB. In the analog approach, the feeder downlink power must be based on the

biop- worst-case channel. In contrast, the digital approach allows channel power levels
zy B to be equalized, thereby reducing the required feeder link power. Approximate
3efZ€ mass and power budgets for the analog and digital payload concepts are given in
. Table 7.1. The budgets show that in the digital case, there is a significant saving
alink oL . . .
in high-power amplifier (HPA) primary power requirements for both the forward
and the return links, which more than offsets the additional processor mass and
power. The comparison between the systems is, however, critically dependent on a
number of parameters. The advantage resulting from power level control is clearly
ter- dependent on variations in link performance between channels and hence on the
fade margin and gain variation. For a given set of assumptions, the use of digital
has- beamforming will reduce HPA power by a given factor such that the savings in
absolute terms are larger for a large satellite, which is dominated by RF power
requirements.
1-to- Six beams are required to cover the assumed area for the analog payload (HPBW
of 3.3°). The frequency-reuse potential is limited by several factors. Due to the in-
3/T terference between cofrequency beams, the minimum spacing between beams based
on main lobe interference constraints is required to be 1.6 HPBW. Isolation on the
mobile uplink is degraded by differential link performance (estimated above 12 dB).
reak The worst case is when the wanted signal is at its lowest level and the cochan-
nel interference is at its highest level. Nonuniform traffic distribution also limits
tab- frequency reuse-potential. Given these factors, there is little scope for exploiting
not frequency reuse in this particular analog system. The required bandwidth for the
lLas 4200 channels is therefore 21 MHz.
1nel The digital beamforming approach, however, offers significant advantages in
On terms of frequency reuse. Because there is a limited number of localized users
ital per beam, the main lobe constraint allows a closer spacing between cofrequency

beams, which is estimated to be 1.05 HPBW. Adaptive beamforming can provide
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voice circ

Table 7.1 masses ar

Comparison of Payload Mass and Power Budgets. angle). T

ment for

Analog Payload Digital Payload satellite.

Forward HPA RF power 580.0W 73.0W vehicle, s

Forward HPA primary power 2000.0W 252.0W In the

Return HPA RF power 304.3W 48.2W it is requ

Return HPA primary power 1383.0W 219.0W gain. If a

Feeder Rx/Tx system mass 60.0 kg 20.5 kg to serve t

Feeder Rx/Tx system power 37.0W 37.0W approxim

Mobile antenna mass 36.0 kg 36.0 kg ! capacity

Mobile Rx/Tx mass 90 kg 30 kg number o

Mobile Rx/Tx power 46.0W 46.0W tion angle
Processor mass 12.0 kg 31.5 kg to be 37,
Processor power 41.0W 142.0W elevation

Total payload mass 198.0 kg 118.0 kg The RF

Total payload power 3507TW 696 W with the

center of

resulting

a high level of isolation between cochannel beams by steering nulls towards the in total R
interferers. Adaptive signal processing may further improve the performance for within th
the mobile uplink, especially when adverse differential link performance occurs with The o1
the interferer being stronger than the wanted signal. Adaptive control as applied sen. This
to the uplink can also be used on downlink, but with some loss of performance. advantagc
Given these factors, it is estimated that a spatial frequency-reuse factor of 3 can be by a large
realistically achieved given the beam size and service zone subject to a reasonable at narrow
traffic uniformity. That is, the capacity provided by the digital payload is three case of el
times of that by the analog payload. lection an
of a variet
7.3.3 MAGSS-14 " Therm
ital beam

The European Space Agency (ESA) has proposed a MEO system concept called to cover b
MAGSS-14 [8]. The network constellation consists of 14 satellites in circular orbits The tc
at 10,355 km. The minimum elevation angle achieved from the users to a satellite is of 1.300W
28.5° around the entire globe. This system is intended to offer land mobile personal 160(;W. 1T
communications to a variety of terminals, such as handheld, portable, and vehicle the highes
phone sets, using the recently allocated frequencies of 1.6138 to 1.6265 GHz and the much

2.4835 to 2.5000 GHz. The satellite has been sized to provide the equivalent of 1000
same ante
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voice circuits to handheld terminals anywhere on the visible Earth (i.e., over all land
masses and oceans from which the satellite is seen with more than 28.5° of elevation
angle). The antenna radiation pattern and gain has to be adapted to the require-
ment for user mobility and expected degree of cooperation in pointing towards the
satellite. The antenna profile and size is crucial for the terminal integration in a
vehicle, suitcase, or a handheld set.

In the forward link case, because mobile users have limited transmitting power,
it is required that the receive antenna onboard the satellite has a relatively high
gain. If analog payload is used, the high gain requirement is met using spot beams
to serve the coverage areas. The gain of the receive antenna has been chosen to be
approximately 24.5 dBi (at the edge of the coverage) to obtain the required channel
capacity with an onboard power of 1,500W to 1,600W. The gain also influences the
number of beams that have to be generated to cover a area at a 30° minimum eleva-
tion angle. For this particular gain level, the number of beams has been determined
to be 37, which is the result of the good coverage offered by the high minimum
elevation angle of the constellation and the nadir pointing mode of the spacecraft.
The RF power has been calculated for the worst case, where users are in the beams
with the lowest peak gain at the edge of the coverage area. For users closer to the
center of the coverage (i.e., near the subsatellite point) there is a power advantage
resulting from the lower path loss and higher peak antenna gain. The actual benefit

he in total RF power requirement is directly dependent on the distribution of the users
or within the satellite coverage.

th The onboard RF power can be decreased if higher minimum transmit gain is cho-
xd sen. This, of course, will increase the number of beams, which is indeed a situation
€. advantageous for the use of a digital beamforming system. The coverage is achieved
re by a large number of agile overlapped beams. Beamforming is carried out digitally
le at narrowband. Total control of element signals enables beam reconfiguration in the
ze case of element chain failure or misalignment. Accurate user location for beam se-

lection and/or pointing is required. Digital beamforming allows for implementation
of a variety of direction finding algorithms.
The mobile antenna is a direct radiating array and comprises 61 elements. Dig-
d ital beamforming is carried out to generate 91 beams, each of at least 26 dBi gain,
to cover the entire satellite service area.
The total mass of the digital payload is 156 kg with a power consumption level

d of 1,300W. Its analog counterpart is 220 kg with a power consumption level of
A 1600W. The lower power consumption level by the digital payload is the result of
q the higher edge-of-beam gain selected for the payload. This is possible because of
0 the much higher number of beams generated, achieving the same coverage with the

same antenna, but with a higher degree of overlap.
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The main advantages of using digital beamforming in this particular system are: ]

1. High RF power efficiency due to near-peak antenna gain;

2. Maximized routing flexibility due to very high granularity of only eight circuits
for TDMA and six for FDMA;

3. Best frequency-reuse capability;

4. Compact feeder link (1.9 MHz for narrowband (NB)-TDMA and 2.5 MHz for
FDMA, each way, without polarization reuse);

5. Peak satellite G/T for service to handheld terminals.

7.3.4 Other Systems

In a study given in [4], it was shown that a DBF system with a total equivalent mass
(TEM) of 172.5 kg provided twice the number of channels as the analog Artemis
system with a TEM of 184.2 kg. The TEM includes both the required payload mass
and power under the conversion assumption that most spacecraft are designed to
provide flexibility between payload mass and power with a typical equivalency of
0.1 kg/W. In the same study, a DBF system was compared to the INMARSAT-3
payload. While the DBF system would provide almost four times the capacity as
the Inmarsat-3, its TEM is only about 60% of that of the Inmarsat-3.
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8.1 INTRODUCTION

g The investigation into the use of adaptive arrays in communications began perhaps

more than two decades ago [1]. The objective then was to develop receiving systems
for acquiring desired signals in the presence of strong jamming, especially in military
communications. Adaptive array systems have been developed for receiving TDMA
satellite communications signals [1] and spread-spectrum communications signals
[2,3].

The use of antenna arrays in mobile radio systems to combat cochannel inter-
ference was first discussed by Yeh and Reudink in 1980 [4]. They showed that
with a large number of antenna elements, it was possible to carry out frequency
reuse to achieve a very high frequency spectrum efficiency. In an in-depth discus-
sion [5], they observed that with a moderate number of space diversity branches,
much higher spectrum efficiency was achievable, without a spectral penalty, com-
pared to a non-diversity system. Using 24 diversity branches for the basestation
and 20 branches for the mobile, 100% relative spectrum efficiency can be achieved.
A similar concept to that of Yeh and Reudink was independently suggested by Bo-
gachev and Kiselev around the same time [6]. They derived the expression for the
probability of the signal-to-interference ratio in the presence of Rayleigh fading.
The capability of adaptive arrays and their potential to increase the spectrum ef-
ficiency in mobile communications has been gradually recognized by the industry.
The analysis given in [7] shows that adaptive beamforming technology allows a re-
duction in basestation spacing by up to 40%, thereby increasing the reuse of radio
channels by a factor of 2.8. In his classic paper [8], which may arguably be viewed
as a milestone in this particular technical field, Winters presented an in-depth study
of optimum signal combining for space diversity reception in cellular mobile radio
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systems. In the optimum-combining approach, the signals received by the anten-
nas are so weighted and combined that the signal-to-interference-plus-noise ratio
(SINR) of the output is maximized, thereby reducing both the effects of Rayleigh
fading of the desired signal and the cochannel interference. It should be pointed out
here again that optimum combining is also called adaptive beamforming, especially
in the antenna community. We will use both terms interchangeably. The results
that Winters obtained show that optimum combining is significantly better than
maximum ratio combining even when the number of cochannel interferers is greater
than the number of antenna elements. Furthermore, optimum combining increases
the output SIR at the receiver by several decibels. Since then, the concept of using
adaptive antennas in land mobile communications has been well received by the
communications community, especially in recent years, when PCS has been in its
development stage. Many technical papers have been published on adaptive beam-

forming technology for mobile communications and PCS. A few notable examples
are [9-12].

8.2 BENEFITS OF USING ADAPTIVE ANTENNAS

We have mentioned in a previous chapter some general advantages of using digital
beamforming. Here, we will discuss the specific benefits of using adaptive antennas
in mobile communications. With the adaptive antenna lechnology, many of the sys-
tem parameters that are considered constraints in a single-antenna system become
parameters that a system designer has at his disposal to further optimize system
performance. It is this aspect of adaptive antenna technology which is perhaps most
attractive with regard to its inclnsion in the next generation of PCS systems to be
implemented. In particular, a mobile communications system or a PCS system may
benefit from the use of adaptive antenna technology in the following aspects.

Coverage

Adaptive beamforming can increase the cell coverage range substantially through
antenna gain and interference rejection. In particular, the coverage range can be
improved by a factor of M/" for noise-limited environments, where M denotes the
number of antenna elements and n denotes the propagation loss exponent. For
example, if n =4 and M = 16, the range is approximately doubled with respect to
the omnidirectional antenna case

Generally, there will be fewer sites required with adaptive antennas employed
at base stations. A larger coverage area can be achieved with basestation antennas
at a greater height above average terrain. However, this system trade-off between
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antenna height and coverage area can be eased by using the number of antenna ele-
ments as a design parameter. This leads to substantially eased siting requirements

in many situations.

Capacity

Adaptive antenna technology provides the flexibility that, in conjunction with cen-
tralized dynamic channel assignment (DCA) strategy, allows a reuse factor of unity;
that is, a single frequency can be used in all cells. Reuse planning therefore becomes
a dynamic programming problem that is solving the problem of maximizing the
number and quality of mobile links. With respect to CDMA systems, the reuse is
code reuse rather than frequency reuse, but the fundamental concept is the same.

In general, adaptive beamforming can increase the number of available voice
channels through directional communication links. The increase factor depends on
the propagation environment, the number of antenna elements, and the amount of
DCA allowed by the system. The point is that it is possible to have multiple mobiles
on the same RF channel but different spatial channels at a particular cell site.
Furthermore, frequency-reuse patterns can be substantially improved or reduced
though intelligent use of adaptive antennas.

Transmission bit rate can be increased due to the improved SIR at the output of
the adaptive beamformer. The minimum rate improvement would be that attain-
able with 10log M dB SIR improvement in noise-limited environments and depends
on the modulation format. Adaptive antennas allow RF channels to be adjusted
through link power control to meet the requirements of user-selectable data trans-
fer rates. Low-rate users can use lower power links; high-rate users require higher

power links.

Signal Quality

In noise-limited environments, minimum receiver thresholds are reduced by 10log M
dB on average. In interference-limited environments, the additional improvement in
tolerable SIR at a single element results from interference rejection afforded against
directional interferers. The level of improvement depends on the distribution of
cochannel users in neighboring cells. With centralized DCA, it is possible to improve
system performance even further by providing optimization on a “global” system-
wide basis.

Adaptive antennas can be considered as spatial equalizers and can provide sub-
stantial signal quality improvements through spatial signal processing. In fact, some
implementations of adaptive antennas provide a spatial rake receiver capability to
combine uplink multipath arrivals for improved output SIR. There is virtually no
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limit to the amount of delay spread tolerable on the uplink, since the signals are

whicl
with probability >95% spatially distinguishable. The downlink is unchanged except unit
for the statistical improvement achievable because of the reduced RF pollution, desig
“soft
Access Technology
Adaptive beamforming provides a dimension to the radio interface in addition to Bose
any or all temporal modulation techniques such as FDMA, TDMA, and CDMA. Usiny
The benefits are multiplicative; that is, temporal gains are multiplied by spatial parti
gains. avere
Equalization is inherent in uplink processing where paths from different angles trans
of arrival are separated be using a particular adaptive beamforming technique. On at th
the downlink. energy can be focused at the mobile so that long delay multipath
components can be reduced substantially. This enables the system to combat ISI Port
through spatial discrimination of “interfering” signals on both forward and reverse
. . . . If an
links. The system can handle a rapidly varying delay spread profile on both links as
well as through appropriate signal processing at the base station on both transmit i;irsl
and receive.
powe
relax
Power Control e
Power control requirements of the various modulation methods are somewhat eased per ¢
through the inclusion of adaptive antenna, technology; however, there are robustness syste
benefits to be attained through coarse mobile unit and base station power control. parti
This dynamic link budget control is normally a difficult process, but it can be made mobi
substantially easier through the use of angular information about the user signals with
provided by adaptive antennas. can |
Power control can be enforced to ensure maximum use of dynamic range. The excet
objective is to keep all the users at a power level as low as possible under the site.
constraint that the range of power levels seen at the base stations is within 10 to
20 dB. 8.3
Handover In t
nas ¢
In many cases, adaptive antenna technology provides mobile unit location infor- perfc
mation that can be used by the system to substantially improve handoffs in both mobi
the low and high tiers. With sufficiently accurate position estimates, prediction of tem
velocities is possible which allows further improvements in handoff strategies, of th
Handover is performed by passing mobile unit tracking information from the vide

base stations to the control center for resource allocation optimization. Deciding
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which cell to hand a mobile to is a much easier task when one knows where the
unit is and how fast it is moving. Coupled with the good engineering practice of
designing overlapping coverage areas, the result is “smart” handoff, which is neither
“soft” nor “hard”.

Basestation Transmit Power

Using adaptive beamforming, the maximum peak EIRP required per user on a
particular channel is 10log M dB less than without adaptive beamforming. The
average EIRP is similarly reduced. On a per element basis, 10log M less power is
transmitted while the antenna array is still able to maintain the same power level
at the mobile unit as in the case without the use of an adaptive antenna.

Portable Terminal Transmit Power

If an adaptive antenna is implemented in a system without changing other param-
eters (e.g. cell size), the transmission power levels required for portable terminals
can be reduced on average by at least 10log M dB. The reduction in transmission
power levels, which results from the increase in antenna gain at the basestation,
relaxes the requirements on batteries. Other relevant issues include increased fade
margin for improved signal quality (e.g., higher data rates, increased coverage area
per cell to decrease deployment costs). With appropriate link management in the
system, the power budgets for each of the radio links can be optimized for each
particular link dynamically, a process made substantially easier through the use of
mobile position estimates provided by adaptive antennas. The key point is that
with adaptive antennas at cells, the transmit power levels from and to the mobile
can be kept minimum to provide the requested service. The power levels will not
exceed those that would otherwise be transmitted from an onmj or hard-sectored
site.

8.3 PERFORMANCE IMPROVEMENT

In the previous section, we qualitatively discussed the impacts of adaptive anten-
nas on land mobile communications systems. In the section, we will quantify the
performance improvement brought about by the use of an adaptive antenna in a
mobile communications system. The performance of a mobile communications sys-
tem can be characterized by its bit error rate (BER). BER gives a good indication
of the performance of a particular modulation scheme. However, it does not pro-
vide information about the types of errors. For example, it does not show incidents
of bursty errors. In a fading mobile channel, it is likely that a transmitted signal
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will suffer deep fades, which can lead to outage or a complete loss of the signal.

Probability of outage is another performance meagsure for a mobile communications ;Vli::[
system. An outage event is specified by a specific number of bit errors occurring in
a given transmission
8.3.1 BER Performance with Fading Tha'f i
maxim
Let us assume the following: The B
1. Flat fading across the channel;
2. Independent fading between antenna elements;
3. A complex Gaussian distribution for the received signal. In the
In a mobile communications system, there are a relatively large number of cochan-
nel interfering signals, compared to the number of antenna elements. An exact BEI
analysis of the performance is quite complicated, especially since each of these in-
terfering signals has a random amplitude due to fading. To simplify the analysis,
only the strongest interferers are individually considered. The rest is considered as a
lumped interference that is uncorrelated between elements [8]. Furthermore, since
the interfering signals has a Gaussian distribution, the sum of these signals also where
have a Gaussian distribution and can be considered as thermal noise. In the worst
case, it is assumed that the adaptive antenna is not able to suppress the lumped In esse
interference. If only a single interferer is considered, the pdf of the SINR is given
b}’ [6] 2 M-1
e Te ()77 (1 I 1 .
P(7) = Fl::()M 7(2; T)/D eI (L = M2 gy (8.1) That i
shows
where single
Y. = SINR at the output of the array; combir
. = SNR at each antenna element; require
I'r = MT, = total interference-to-noise ratio; Wt
I, = interference-to-noise ratio (INR) of the :*! interferer at each antenna elemen lytilcal'l
usi
It follows that the corresponding cumulative probability is given by :(tcerfe
2 =M=l 1 using ¢
P(va) = /0 N %AT_U?;_PT_) /0 e Tt (1 — 1yM=2 gy g¢ (8.2) mpi
maxim
If there is no interference (i.e.,, I'r = 0), the system will behave as a maximum-ratio
combiner and P(y,) is given by 8.3.2
e a (%Jmhl As we
Ply,)=1—¢Te ng (———_.m Iy (8.3) ence. 1
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the signal. | which is identical to (5.17). With a single strong interferer (i.e., T'1 = 00), P(v,) is
nunications given by
) ) m—1
ceurring in 2 N2 (%i)
Plg) =1—¢ 1 Aed .
(v ) e mX::l (m = 1)' (8 4)

| That is, adaptive beamforming with a strong interferer gives the same results as
maximum-ratio combining without interference and with one less antenna element.
The BER for coherent detection of PSK is given by

BER = f (1) erfc(\/r—ﬁ)d% (8.5)

In the case of a single interferer, the BER is given by [6]
of cochan-

An exact . BER = (‘UM'I (14T7) —Ir
f these in- o 1+T7) Ul—i—P 1+1"T ||,‘l-|—I‘T-|-I‘

e analysis, et m [ Te = (26— 1)1
idered as a _mz=:l( Ir) [1 14T, 1+,§1k!(2+21‘5) (8.6)

aore, since
guals also e % — 1M =135 (2k—1
the worst (Zk—1t=1-3-5.-- 2k —1) (8.7)
1e lumped In essence. (8.6) exhibits the following relationship:
R is given 1
BER &% .
x (MT )= (8.8)
(8.1) That is, the improvement in BER is mostly dependent on 'y and M. Figure 8.1 [8]
shows the BER versus the average received SINR for optimum combining with a
single interferer. The results for I'; = 0 corresponds to those for maximum ratio
combining. One can observe that the improvement in terms of the received SINR
required for a given value of BER is nearly independent of the SINR for BER < 1072,
When there is more than one interferer, it is very difficult to determine ana-
tenna elemen | lytically the BER performance. Therefore, researchers and engineers rely almost
exclusively on Monte Carlo simulation to determine the BER performance. For two
interferers, the BER results are shown in Figure 8.2 [8]. The improvement obtained
(8.2) using optimum combining increases with the number of antenna elements. For ex-
) ample, for BER = 1073 and M = 5, optimum ombining requires 4.2 dB less than
Qum-ratio maximum-ratio combining.
8.3.2 Cochannel Interference Reduction
(8.3) As we mentioned earlier, the use of adaptive antennas can reduce cochannel interfer-

ence. In this subsection, we will discuss how much cochannel interference reduction
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can be achieved. The reduction is quantified by comparing the outage probabilities
when omnidirectional basestation antennas are used and when adaptive antennas
are used. In the analysis given here, which largely follows that in [10], the following
scenario is assumed:

L. A cellular network consists of hexagonal cells, with channel reuse every C
cells, where C is the cluster size.

The basestation transmitters are located at the centers of the cells.

Users are uniformly distributed in each cell.

. The blockage in each cell has a probability denoted by pg.

ST

. The omnidirectional basestation antenna has an ideal beam pattern, giving a
uniform circular coverage.

6. The adaptive basestation antenna is able to generate a number, m, of ideal

) beams with a beamwidth of %” and a gain equal to that of the omnidirectional
antenna.

7. Each adaptive beam will only carry the channels that are assigned to the
with a single mobiles within its coverage area.

8. The adaptive basestation antenna is able to track the mobiles;

The blockage probability pg is the fraction of attempted calls that cannot be
allocated a channel. If there are a Erlangs of traffic intensity, the actual traffic
carried is equal to a(1 — pp) Erlangs. The outgoing channel usage efficiency can be
defined as

_a(l —pg)

=N
where N is the total number of channels available per cell. Furthermore, cochannel
interference is said to occur when the ratio of the desired signal power a3 to the

(8.9)

interfering signal power o? is less than some protection ratio p,; that is,

2
g,
=-2<p (8.10)

1

Vs pn
Since 7, is a statistical quantity, it is necessary to introduce the concept of outage
probability p(v. < pr), which is the probability of failing to obtain satisfactory
reception in the presence of interference.

In a simple network where there are only two cochannel cells, based on the
assumption of a equal blockage probability in all cells, the number of active channels
in each cell is N7. In the case of omnidirectional basestation antennas, given that
the desired mobile is already allocated a channel, the probability of this particular
channel being in an interfering cell is the required outage probability. Thus, when

th a pair of
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the desired mobile is in the zone of cochanne] interference, the outage probability

Is given by e

whe
as

by
2
A
R
I
=
=z
3
I
3
=
=

Usirt

The above analysis can be extended to the cage where there are SiX cochanne] cell

cells in the network. In this case,

v=% (8.13)

whe:

where o is the total mean power resulting from al] the cochanne] interfering cells. der
In this case, six eri

beams will be pointed to the desired mobjile at any time, since m
beams are formeq in each cell. The outage probability within the region of cochanne]
interference is determined by considering the probability that the active cochaunel
is in each of these beams; that Is, T

77)6 in a

P <) = (2 (8.14)

The above analysis is quite simplistjc and optimistic in that it is based on a
geometrical mode]. [p Practice, (here is seldom a line-of-sight (LOS) path between
the basestation and the mobile, Radio communicafions is obtained by means of wher
diffraction and reflection of the transmitted signals. Ip order to obtain a more the n
accurate evaluation, Propagation effects shoyld be included, in 5 statistical fashion. and |
in the analysis. Ip general, there are two types of Propagation phenomena. The

whick

TS _ma? cocha
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age probability mean. Shadowing follows a log-normal distribution. The pdf of the average signal
envelope due to shadowing is given by

1 _(v—;v 2
ps(v) = Varo e
v

where v = 20log3, U = E[v] and o2 = VAR[v]. The combined pdf can be written

(8.11)

(8.16)

N
d =2 channels

rrference, it is
e, the outage

. as
shis particular
he number of p(s) = / ps(8)ps(v)dv (8.17)
= VT /oo st/?Ee_ixinﬂl”‘”" e 2T’u; dv (8.18)
(8.12) 2v20, J-oo

Using (8.18), it can be shown that the outage probability in the case of one cochannel

ix cochannel cell with omnidirectional basestation antennas is given by [13]

2

<p)=— / P 8.19
(8.13) p(7s < p) = \/; oo 1 + 10(s=2¢5u)/10 Y (8. )
rfering cells. where ¢ = 20log \7}_& and ¢y = 04 = 0,. Based on the same arguments as in the
ime, since m derivation of (8.12), the outage probability is simply expressed as
of cochannel n
< = < L
/e cochannel P(%s < prim) = p(ys < pr)— (8.20)

To evaluate the outage probability in the case where there are six cochannel cells
in a network, the total interference has to be considered; that is,

(8.14)
Ny
based on a Sra= z; Sin (8.21)
ith between "=
Y means of where s,, is the interference signal originating from the nth cochannel cell and Ny is
ain a more the number of active interfering cochannel cells. In practice, Ny is a random process
cal fashijon, and has a pdf p(Ny) given by [10]
nena. The
ved signal. 6 7\ M n
w-(8) @ e
a Rayleigh p(N1) ( Ny ) m ( m) (8.22)
which is also called the origination probability. Thus, the probability that there is
(8.15) cochannel interference and N active cochannel cells is given by
ion in the 2(Ys < pr, N1) = p(7s < p,|N1)p(Ny) (8.23)
the local
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where p(y, < p,|Ny) is the conditional outage probability given N; active cochannel
cells. The total outage probability can be determined by taking into account all the

possible values of Ny; that is,

(s < p) = ;p(% <Py Ni) =3 p(vs < pe|N1)p(Ny) (8.24)
A N

The conditional outage probability is given by [14]

1 00 0 _ P 2,2
p(rs <pr | Np) = %/ dX/ (1 —e ”"”‘-“3) e du (8.25)
where
20log K(X,u) = ¢+ cln 4 +0X—0Nyu—i(02 — gl ) (8.26)
' TN} gc \NX T ONY )
10
4
ohx =0t +4ln (;) (8.28)
and ,
“ax
et +n—1
OJZVY = 4c2 11’1 _n—— (829) Figul‘e 830
The overall outage probability can be written as tl
6 ) (n\M 1. The CI
Py <p) =S Plv, <p, | N (—) AU 8.30 :
(<2 = P < | )(N[) ) a-1 (5.30) The O
The outage probability for m = 1 corresponds to the case of omnidirectional an- g gerfe(:;
tennas. Figure 8.3 [10] shows the variation in the total outage rate as a function 4' ’l‘irere i
of ¢. The fading and shadowing effects have been considered in the evaluation of 5' The pa
the outage probability. Figure 8.4 [10] gives the relative spectrum efficiency for ' plage
a given outage criterion (1%), where the outgoing channel efficiency is 0.7 and a 6. A bean
log-normal shadowing standard deviation is 6 dB. It can be observed that the use plane s
of an adaptive antenna with eight tracking beams can increase the efficiency by as )
much as three times. If there is

8.3.3 Improvement in CDMA Systems

We have shown that, in general, the use of adaptive antennas improves the perfor-
mance of a mobile communications system in terms of BER and outage probability.
In this section, we will discuss the performance enhancement brought about by the
use of adaptive antennas in an interference-limited asynchronous CDMA system.

In order to facilitate the following analysis, a number of assumptions have to be
made:

antenna is us

where

On the rever:
¢ of the desit
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Ny active cochannel
; into account all the

)p(Nr) (8.24)
#dy (8.25)

~oky)  (8:26)

(8.27)

(8.28)
(8.29)

P (8.30)

ymnidirectional an-
rate as a function
o the evaluation of
trum efficiency for
siency is 0.7 and a
served that the use
‘he efficiency by as

1proves the perfor-
outage probability.
ught about by the
1s CDMA system.
iptions have to be
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Outoge Probability

Z4 (dB)

Figure 8.3 Outage probability with six cochannel cells. (From [10] ©1990 IEEE.) Note
that Zy for the z-axis label is equivalent to ¢ in the text.

1. The CDMA system operates in an additive white Gaussian noise (AWGN)

channel.
. Perfect power control is achievable.
. Spreading factor is Nj.
. There are K users uniformly distributed in each cell.
The pattern of a beam formed by the array does not vary in the elevation

SIS

plane.
6. A beam formed by the array can be steered in any direction in the azimuth

plane such that the desired mobile is always illuminated by the main beam.

If there is no interference from adjacent cells and an omnidirectional basestation
antenna is used, the BER can be approximated by [15]

BER = Q ( 1?1\-[51) (8.31)

where

1 e 2
Q(x)=ﬁ/x e~ T dy (8.32)

On the reverse link, if a beam with a directional gain G(¢) is formed in the direction
# of the desired signal from a particular user, the signals from the other K —1 users
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EN o
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N
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Figure 8.4 Relative spectral effi

ciency as a function of the number of beamys,
©1990 IEEE.)

(From [10]

are considered to be interference.

The average total interference
respecl to the signal of this particul

ar mobile is given by

A -1
oi=E [ > G(m)af] (8.33)
k=1

where ¢, denotes the direction of the gth
power control, the signals from aJ] the mob

power o? with

interfering mobile signal. With perfect
iles have the same power o2, Thus,

R—-1
ol =0lE [ ) G(m)] (8.34)
k=1

By taking into account the pdf that describes the
mobiles, o7 is found to be [16]

27 e
o= "f(’;‘ S (8.35)
where D represents the array antenna’s directivity given as
27
" T o)d (8.36)

It can be .

Since SIR:

Based on {
adds to th
in a multig

Figure 8.5
antenna, w
D =0 dB.
terms of BI
In order
ference usin
the unlink :
the same ce

as the inter!

as the inter:
expressions,
activity and
probability t
that an inte
user. [? der
that in the ¢
power contro
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It can be shown that the BER can be approximated by [16]

BER = Q (1/3N, X sm) (8.37)

Since SIR= g&i, the BER is therefore given by

I

3N,D
K -1

BER = Q ( (8.38)

Based on the intuition that the additional interference from adjacent cells simply
adds to the interference level, the average probability of error for a particular user
in a multiple-channel-cell environment is given by [16]

3N3Dfr) (8.39)

Figure 8.5 shows the BER performance versus the relative directivity of the array
antenna, with Ny = 64 and K = 63. In the case of the omnidirectional antennas,
D = 0 dB. It can be observed from the figure that considerable improvement in
terms of BER can be obtained when an antenna array is used.

In order to evaluate the outage probability, it is necessary to model the inter-
ference using the appropriate statistics. Let us consider a particular case in which

. (From [10]

wer o2 wit . - . . . . .
1 with the unlink signal from a mobile user is subject to interference from both users in

the same cell as this user and from users in adjacent cells. We can express

(8.33) K
pL= D (8.40)
. k=2
Vith perfect . .
Thus as the interference-to-signal power ratio due to cocell users and
" ’
L K )
(8.34) pa=2_ > oubi, (8.41)
=1 k=1
ition of the as the interference-to-signal power ratio due to adjacent-cell users. In both the

expressions, y is a random variable with a mean of v, representing both the voice
activity and the interfering activity of a particular user. The voice activity is the
(8.35) probability that a user is talking, whereas the interfering activity is the probability
that an interfering user fall into the main beam that is assigned to the desired
user. (32 denotes the attenuation factor due to propagation. It should be noted
that in the case of a cocell, #? is equal to one based on the assumption of perfect

(8.36)

power control. p; is also a random variable, which has a binomial distribution with
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10

107

4 5 6
Directivity (dB)

Figu
Figure 8.5 BER performance as a function of relative directivity; D = 0 dB for an
omnidirectional basestation antenna. Dashed line: f, = 3; solid line: f, = 1.

decre

parameters (K — 1,v). For a large value of K, the random variable p, can be prob

approximated by a Gaussian random variable with a mean of y, K and a variance I
of ¢,K that depend on v, the degree of shadowing, and the number of interfering

not ¢
cells L. The outage probability is the «
Figu
N, SNR

p(vs <p:)=p (,01 +p2 > PRl 7) (8.42) used

where v, denotes the SINR, which is given by 8.4

N,

Y=t (8.43) In tt
Lt pat S uplir
Based on the analysis given in [17], which is after [18], the outage probability can fou
1

be expressed as e
rece]
Rl K -1 e A—k—uK tech:
P <pr) = ( . ) AT~ I selve

k=0 1o, .

is av
where A = % - &\IM—R The improvement in outage probability can be seen from tech:

the fact that as the number of antenna element M increases, the magnitude of Q)
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10"
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Figure 8.6 Uplink outage probability as a function of beamwidth and cell loading. (From
) = 0 dB for an [17) ©1994 IEEE.) .
solid line: f, = 1.

decreases, and hence the outage probability decreases. An example of the outage

"lable P2 can be probability is shown in Figure 8.6.
and a variance In the downlink case, the approximation to the interference statistical model is
er of interfering not as readily found as in the uplink case. Thus, simulations were used to evaluate

the downlink outage probability [17]. A set of simulation results are depicted in
Figure 8.7, which show considerable increase in capacity when an antenna array is
(8.42) used.

8.4 ADAPTIVE BEAMFORMING FOR UPLINK

(8.43) In this section, we will focus our discussion on the use of adaptive antennas in the
uplink or reverse link (i.e., mobile to basestation) case. For years, much research ef-
fort has been devoted to the studies of adaptive beamforming for uplink. There are
a couple of reasons for this. First, adaptive beamforming is traditionally used for
reception in remote sensing, radar, and sonar systems. The adaptive beamforming
Y techniques and algorithms that have been developed for reception readily lend them-
k) (8.44) lves to wireless communications systems. Second, the spatial channel information
selves to wireless Y , p

is available on the uplink, thereby making it much easier to develop beamforming
techniques and algorithms to deal with multipath and cochannel interference.

probability can

m be seen from
gnitude of Q(+)

Exhibit 1023
Page 186 of 315

Ubiquiti Inc. v. XR. Comm.
IPR2024-00148



174 Digital Beamforming in Wireless Communications

by W

Since
contr¢

oy LMS
Tt
signal
g contir

2 ot

g updat
£ proac:
the p1
ol be ap
tional
L y y integr
H N, Number o Mobies per Cal ' - arithr
At
ance 1
Figure 8.7 Downlink outage probability as a function of the number of antenna elements the cc
and cell loading . (From [17] ©1994 IEEE.) vergel
that ¢
8.4.1 Adaptive Criteria forgot
In Chapter 3, we showed that the optimum criteria for beamforming are closely 5 Ve
. ) . . . . S forgot
related to cach other. That is, the uplimum weights using different criteria are all below
given by the Wiener solution. These optimum criteria are as valid jn communica- In
tions as in other applications. In particular, these criteria are directly applicable if a ws
the objective of using an adaptive antenna is to increase the capacity of a mobile _—
communications system. Although different forms of criteria may appear in the ?1121;?
open literature, it can be shown that they all stem from the Wiener-Hopf equation. al /ori1

This is because the Wiener solution provides the upper limit on the theoretical begen
adaptive beamforming steady-state performance. i
the LI
8.4.2 Adaptive Algorithms Sation
The common adaptive algorithms that have been investigated for beamforming in 8.4.3
mobile communications include the LMS algorithm 8,9,19-21), the SMI technique If an
(9,11,19,20,22-24] and RLS algorithm (20,21,25]. The principles of these algorithms used 5
were presented in Chapter 3. Here some implementation issues will be discussed. Explic
The LMS algorithm is simple to implement. However, it has its drawbacks. In referer
addition to its inherent weak characteristics, which were mentioned in Chapter 3, desire:

the dynamic range over which it operates is quite limited. In the example given
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by Winters [8], the permissible dynamic range is only 20 dB for a specific scenario.
Since the recéived signals in a mobile radio system vary by more than 20 dB, power
control is required if the LMS algorithm is to be used. Alternatively, the normalized
LMS algorithm [26] can be used to overcome the dynamic range limitation.

The SMI approach offers a relatively fast convergence rate. In practice, the
signal environment varies with time due to fading. Thus, the basestation must
continually update the weight vector to adapt to the change in the channel. The
updating rate depends on the fading rate of the channel. Although the SMI ap-
proach can be shown, in theory, to converge more rapidly than the LMS algorithm,
the practical difficulties that are associated with the SMI algorithm approach should
be appreciated. There are two major problems of its own: (1) increased computa-
tional complexity that cannot be easily overcome through the use of very-large-scale
integration, and (2) numerical instability resulting from the use of finite-precision
arithmetic and the requirement of inverting a large matrix.

An important feature of the RLS algorithm is that the inversion of the covari-
ance matrix is replaced at each step by a simple scalar division. This feature reduces

na elements the computational complexity while maintaining a similar performance. The con-
vergence rate of the RLS algorithm is typically an order of magnitude faster than
that of the LMS algorithm, provided that the signal-to-noise ratio is high. The
forgotten factor in the formulation of the RLS algorithm presented in Chapter 3
is very dependent on the fading rate of the channel. For a stationary channel, the

are closely

eria are all forgotten factor can be set to be unity. For a fast-fading channel, a value slightly

below unity should be chosen. A value of 0.95 was reported to be reasonable [20].

Jmmunica- . .

splicable if In addition to the above three adaptive algorithms, other adaptive techniques

£ a mobile have also been applied to beamforming in mobile communications. These tech-

ear in the niques include the conjugate gradient method [27], the eigenanlysis algorithm [23],

Pequation. the method based on rotational invariance [25], the linear least squares error (LLSE)

theoretical algorithm [11], and the Hopfield neural network [28,29]. All these methods have
been proposed to either overcome the shortcomings or improve the performance of
the LMS, SMI, or RLS algorithms when used for beamforming in mobile communi-
cations.

orming in 8.4.3 Reference Signals

‘echnique . e —

lgorithms If an explicit reference signal is available in a communications system, it should be

scussed. used as much as possible for less complexity, high accuracy, and fast convergence.

backs. In Explicit reference can be divided into two categories: spatial reference and temporal

‘hapter 3, reference. Spatial reference is mainly referred to as the AOA information of the

ple given desired signal and its multipath components. A temporal reference signal may be a
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| pilot signal that is correlated with the wanted signal, a special sequence in a packet by
carried by the wanted signal, or a known PN code in a CDMA system. bes
Spatial Reference seq

A number of approaches based on AOA information have been proposed for can- EWE
celing cochannel interference [11,25,30,31]. AOA information is usually obtained lri
by applying a particular AOA estimation technique to the received array signals. Cbc
A variety of AOA estimation techniques are available, which include wavenumber it
estimation techniques and parametric estimation techniques. Wavenumber estima- Prc
tion techniques are solely based on the decomposition of a covariance matrix whose e
terms consist of estimates of the correlation between the signals at the elements 8er
of an array antenna. Some examples are the multiple signal classification (MU- tele
SIC) algorithm [32], the modified forward-backward linear prediction (FBLP) algo- o
rithm [33], the Principal Eigenvector Gram-Schmidt (PEGS) algorithm [34], and the o
approach of Estimation of Signal Parameters by Rotational Invariance Techniques tra
(ESPRIT) [35]. However, all of these algorithms are not effective for coherent sig- -
nals. The parametric estimation approach mainly comprises a variety of maximum the
likelihood estimation (MLE) techniques. In the MLE approach, a particular like- of 1
lihood function is formulated for the given radio signals. The MLE estimates of spe
desired parameters, such as angles of arrival, are the ones for which the likelihood
function is maximized. These techniques require a high degree of computational 8.4
complexity. An obvious drawback with AOA-based approaches is the requirement
for array calibration, in addition to the extra processing load required for estimating For
the AOA. has
ten
Temporal Reference wir
1a)
1S-54 is a digital TDMA standard. In IS-54, there are three user slots in a time lcsla}
frame, each of which contains 324 bits, including a 28-bit synchronization sequence. refd
12-bit user identification sequence, and 260 data bits. In [36], it is proposed that
the known 28-bit synchronization sequence is used to generate the reference signal. 55
Although the synchronization sequence for a given time slot is the same for all users. pac
it is different for each of the three time slots in a given frame. Because basestations the
operate synchronously, signals from other cells have a high probability of having dsin
different timing and being uncorrelated with the reference signal for the desired of 1
signal. Furthermore, the 12-bit user identification code can be used to verify that re
the correct user’s signal has been captured. In this way, the basestation in a given terd
cell is able to distinguish the desired user’s signal from users in other cells. There aa

is only one cochannel user in a cell. The capacity of the system can be improved
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:in a packet by reducing the frequency-reuse factor and by increasing the SINR using adaptive
beamforming.

In a GSM system, there is a training sequence in each data burst. This training
sequence can be used to create a reference signal. If the discrete time channel be-
tween the transmitted symbols and received samples is independent of the sampling
timing, one can construct an exact reference signal using a fixed filter [37]. If the
channel varies with the sampling timing, the sampling instant is not synchronized
with the symbol interval. In this case, the modulation and sampling can be ap-

sed for can-
ly obtained
Tay signals.

stenu?ber proximated by a set of discrete time channels, corresponding to different sampling
_— instants within the symbol interval. Therefore, an adaptive filter can be used to
atrix whose

generate the reference signal [24].

hegelements A reference signal scheme has been proposed for a digital European cordless

ti - . .. .
f;f; (]\;IU telephone (DECT) system [22]. In this scheme, a training sequence is implemented
24 )jtgl?_ in each DECT data burst. Each mobile unit uses a dedicated training sequence
) andthe so that the basestation can recognize the users by their training sequences. These
Techniques .. : N
) training sequences can be used as reference signals for beamforming. Gold sequences
oherent sig-

¢ i that are 31 bits long are used as the training sequences, which are implemented in
t,mi‘x”?im the B-field of the DECT frame. The B-field is the second part of the data field
seiar ke of the DECT frame. This scheme leads, of course, to fewer data bits available for

st i
e speech data. As a result, the speech coding rate must be lowered.

e likelihood

tati . )

APt fonal 8.4.4 Adaptive Beamforming for CDMA

‘equirement

“estimating For the past few years, adaptive beamforming for CDMA wireless communications

has been drawing more and more attention from both the communications and an-
tenna communities. There are a couple of reasons. First, CDMA standards for
wireless communications systems are gaining acceptance from the industry, espe-
cially in North America. Second, as discussed in Chapter 3, adaptive beamforming

sin a time is highly suitable for a CDMA system, because the spreading codes can be used as

n sequence.
»posed that
ence signal.
or all users.

references for beamforming.

The approach presented in Section 3.5 has been used in [21,25,28,29]. Results
presented in these works show that a significant increase in performance and ca-
pacity is obtained by using adaptive antennas. For example, without considering
the multipath effects, 100% increase in capacity at BER = 10~2 has been achieved
using a four-element adaptive antenna in a CDMA system with 129 Gold sequences
of length 127 and a 9600 bps transmission rate [25]. In another study [21], a more
realistic channel model was considered, in which both multipath and cochannel in-
terference are included. It was claimed that 15- to 35- dB gain in SIR, depending
on the number of users, was obtained using a eight-element adaptive antenna in a

rasestations
y of having
the desired
verify that
lin a given
ells. There
€ improved
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CDMA system with a 255-chip PN sequence. diff

In the cases where the communications channel has a long profile of delay spread, CM
a joint spatiotemporal process may be effectively used to deal with both multipath [ and
fading and cochannel interference. Of course, the improvement in performance is env

at the expense of high system complexity. A simple and obvious way to carry

out spatiotemporal processing is to cascade an adaptive beamformer with a rake uate
receiver [38]. In the configuration given in [38], a bank of correlators is used for give
code-filtering the array signals before carrying out adaptive beamforming, which is resu

similar to the structure shown in Figure 6.11. The code filters are used to isolate
cochannel user signals. In the approach given in [39], the adaptive beamformer is
cascaded with a bank of digital filters. The digital filters are used both to model the
channels and to cancel cochannel interference. A similar multistage configuration is
given in [40]. Joint optimal processing has been proposed by several authors [41,42],
in which two-dimensional adaptive filter is used to process the code-filtered signals
to maximize the SINR at the output of the two-dimensional adaptive filter. In all
thesc cascs, considerable improvement in performance has been reported.

8.4.5 Blind Adaptive Beamforming

In the case where an explicit reference signal is not available, blind adaptive beam-
forming has to be used. The principles of a number of commonly used blind beam-
forming techniques have been presented in Chapler 5. In what follows, we will
summarize some typical blind beamforming results and performance for wireless

communications.

Constant Modulus Algorithm ‘

The CMA has been investigated for both compensating fading and canceling cochan- Figu
nel interference. It has been applied to advanced mobile phone service (AMPS) and
IS-54 signals [43], GMSK signals [44,45), and 16-QAM signals [46].

The implementation of the CMA in an AMPS system is straightforward, since ‘

AMPS is the existing analog FM standard adopted in North America. When the Deca
SIR is positive in decibels so that the algorithm is able to capture the desired signal, The «
significant improvement in terms of MSE has been reported, especially at low levels a nur
of SIR [43]. it s 1

Although 1S-54 signals are not strictly constant modulus signals, at the center given
of the pulse the modulus is constant due to pulse shaping. In 1S-54, there are three withi
users operating in a time frame, and therefore a beam has to be switched over the 99.99
three time slots. Since the array response to each user is different, an appropriate The i

technique is required to carry out time-multiplexing for tracking the weights for
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different users. The results reported in [43] show improvement in BER when the
CMA is used in a white Gaussian channel with carrier-to-noise ratio between 0
and 8 dB. Considerable improvement in BER was also obtained in a cochannel
environment with SIR between 0 and 10 dB.

Experiments have been carried out by applying CMA to GMSK signals to eval-
uate the performance in a frequency-selective fading environment [45]. Figure 8.8
gives the BER performance of the CMA measured on two different courses. These
results show remarkable improvement in BER when using adaptive antennas,
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Figure 8.8 Comparison of experimental BER performance of a CMA adaptive antenna
and an omnidirectional antenna. (From [45] ©1993 IEEE.)

Decision-Directed Algorithm

The decision-directed beamforming for wireless communications has been studied by
a number of authors [47-49]. This approach can be implemented at low cost, since
it is not computationally intensive and no array calibration is required. In a study
given in [48], it is reported that the approach exhibits fast convergence, typically
within 50 symbols. The algorithm locks on the desired signal with a probability of
99.9% at SIR levels as low as 1 dB. Cochannel rejection is typically more than 20 dB.
The implementation was based on incoherent differential binary phase-shift keying
(DBPSK) demodulation and the LMS algorithm. In another study given in [49]

2
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performance comparison was made between the decision-directed algorithm and the
CMA, as well as the SCORE algorithm. Results show that the decision-directed
algorithm converges much faster than other algorithms, achieving the theoretical
performance limit after 50 symbol decisions.

Cyclostationary Algorithms

A cyclostationary algorithm has been developed for and applied to AMPS sig-
nals [50,51]. AMPS signals exhibit the property of cyclostationarity, which arises
due to the presence of the supervisory audio tone in an AMPS signal. The supervi-
sory audio tone is used to avoid a false supervisory indication caused by cochannel
interference. Three frequencies are allocated for supervisory audio tone signaling:
5970, 6000, and 6030 Hz. The basestation sends out a supervisory audio tone and
the mobile sends back a supervisory audio tone. It the two are the same. the
loop will be connected. If not, the basestation decides that the signal is interfer-
ence. In [43], a spectral correlation technique has been developed to exploit this
particular cyclostationary property of AMPS signals. The results reported in [43]
show considerable improvement in MSE compared to the case of an omnidirectional Fig

antenna. The technique gives one-order improvement in MSE, even when the in-

put SIR is negative in decibels. That is, there is no capturing difficulty, which is
" encountered in the application of the CMA.

We pointed ont in Chapter 4 that the GMSK signals have cyclic frequencies

at {a. = 2Af £ kB:, for k = 0,1,---}. Therefore, cyclic beamforming can be

applied to systems that use GMSK, such as GSM and DECT. The implementation

requirements are that cochannel users must have slightly different carrier frequencies

(e.g., 1-kHz separation). In [52], a study was carried out to investigate the use of

cyclic adaptive beamforming (CAB) in a GSM system, as well as in a DECT system.

Figures 8.9 and 8.10 give the SINR performance for a GSM system and a DECT

system, respectively. In the GSM case, there are nine cochannel user signals, and

eight of them are considered cochannel interference. Each cochannel signal has the

same SNR of 10 dB and the same baud rate of 270.8 kbps. A 13-element linear

array is used in a 120° sector cell. In the DECT case, the setting is similar, except

that a 13-element circular array is used to cover the entire 360° angular range. In

both cases, the capacity is increased by almost ninefolds. This number may be too

optimistic, since the analysis did not include multipath effects.

8.5 ADAPTIVE BEAMFORMING FOR DOWNLINK
Fig

Up to this point, our discussion on the use of adaptive antennas in mobile communi-

cations has been centered on the uplink or reverse link (i.e., mobile to basestation)
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case. In fact, it can be said that most of the research effort has been concentrated
on the uplink case. Only in the last few years, has the difficulty associated with
downlink beamforming been appreciated. This is why less research effort has been
drawn to the downlink case.

As we mentioned earlier, the objective of adaptive beamforming for uplink is to
maximize the SINR of the received desired signal. In the downlink or forward link
(basestation to mobiles) case, the objective remains the same, although the means
to achieve it may be different. That is, using the adaptive antennas, one has both
to maximize the received signal strength at the desired mobile and to minimize the
interference to other mobiles and adjacent basestations, thereby maximizing the
downlink SINR.

If the transfer function of the channel at the downlink frequency is known, the
downlink SINR can be maximized by multiplying the desired signal with a set of
downlink weights. It can be shown that the weights are a scale version of the
uplink weights, provided that the frequency for both the uplink and downlink is the
same and that the channel is relatively static during the time separation between
reception and transmission. Therefore, this concept of weight reuse can be applied
to systems that employ the time-division duplexing (TDD) technique to time-share
a single-frequency channel for transmission and reception in both directions [8]. For
example, TDD is used in the following standards: CT2/CT2+ (Cordless Telephone
2), DECT, PHP (Personal Handy Phone), and DCS 1800.

In other standards such as IS-54, IS-95, and GSM, the frequency-division du-
plexing (FDD) technique is used. The concept of weight reuse is not applicable to
these standards, because the separation between the downlink and uplink frequen-
cies is so large that the corresponding channel transfer function is different to a large
extent. The difference is basically due to the fact that the relative phases of the
signals arrive via multiple paths and vary with changes in frequency. In the analysis
given in [53], the results show that the downlink performance even degrades in a
multipath environment when the uplink weights are used as the downlink weights
for an FDD system. Therefore, techniques must be developed to derive the downlink
weights.

The essence of the problem in downlink beamforming is how to estimate the
channel transfer function. A feedback technique has been suggested by Gerlach and
Paulraj [54]. In this approach, the basestation transmits probing signals at the
downlink frequency. During the probing, normal information transmission is tem-
porally halted. Each mobile in the cell measures its own responses to the probing sig-
nals and reports them back to the basestation. Based on the reported responses, the
downlink channel transfer function is estimated for deriving the downlink weights.
The concept in this approach is simple. However, it requires a complete redesign
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of protocols and signaling. Furthermore, due to the time required for probing, the
approach is only applicable in environments that change slowly.

Instead of using feedback, a mobile in the cell is required to directly transmit
a narrowband testing signal at the downlink frequency so that the basestation is
able to directly estimate the downlink channel transfer function and derive the
downlink weights. With this approach, it is not necessary to interrupt the normal
uplink transmission. However, it still requires a complete redesign of protocols and
signaling. Furthermore, additional hardware is required in the mobile unit.

A number of approaches based on AOA information have been proposed [31,
55,56]. Their premise is that although the transfer function is different at uplink
and downlink frequencies, the AQAs remain relatively unchanged. Based on the
AOA information, the downlink weights are derived by maximizing the SINR. If
the channel is a flat fading channel, the probability that a deep fade occurs at the
desired mobile will be small, even though the transmission of the desired signal may
be via different paths.

An interesting but simple technique is to use fixed multiple beams for both
reception and transmission at the basestation [57]. The strongest beam in uplink will
be used for downlink. The concept can be extended to the use of steerable multiple
beams. On the uplink, the basestation determines the direction of the path on which
the strongest component of the desired signal arrives at the basestation. On the
downlink, the basestation points a beam in the corresponding direction. Although
this approach is not optimal, the SINR level at the mobile can be improved. Since a
narrow beam is pointed, either directly or indirectly, at the mobile, the probability
that the mobileis in a deep fade is extremely small. Furthermore, at the basestation,
power is not a critical resource and a relatively high-power beam can be used to
boost the SINR level if necessary. This is in contrast to the uplink case in which
a mobile transmits using an omnidirectional antenna with very limited power and
therefore the desired signal components arrive via multiple paths at the basestation
and must be used to obtain a desirable SINR level.
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Chapter 9

Adaptive Beamforming in Indoor and Data
Communications

In the preceding chapter, the discussion was centered on adaptive beamforming in
land mobile communications. Although adaptive beamforming in both indoor and
data communications is similar to that in mobile communications in many aspects,
there are also differences. Therefore, a separate chapter is needed to describe adap-
tive beamforming in both indoor and data communications. In the first section
of this chapter, we will discuss the use of adaptive antennas in indoor communi-
cations. In the following section, we will address adaptive beamforming in mobile

data communications.

9.1 INDOOR COMMUNICATIONS

9.1.1 Characteristics of Indoor Communications

Although indoor radio propagation is dominated by the same mechanisms as out-
door (reflection, diffraction, and scattering), an indoor communications channel
differs from a mobile channel in a number of aspects:

1. The characteristics of an indoor channel are greatly dependent on specific
features, such as the layout of the building, the construction materials, and
the building type. For example, the number of multipath components in each
impulse response profile is a random variable and its mean value depends on
the types of building.

2. Path loss in an indoor environment is very severe and also very dynamic,
changing appreciably over a very short distance. Simple path loss rules are
successful in predicting a mobile channel, but not an indoor channel.

3. Generally, an indoor channel is nonstationary in time. Temporal variations
are due to the motion of people and equipment around antennas of both
basestations and portables. For example, the signal levels changes greatly
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when a portable unit moves from a room to a hallway, or when the door of bases

. the room in which the portable unit is located is being open or closed. wave
| 4. The distances covered are relatively small. That is, the cell size for an indoor a res
communications network is much smaller than that for mobile communica- indoc

tions. The relatively small propagation distance makes it difficult to ensure are o

far-field radiation for the entire coverage region. The variability of the envi- The .

ronment is much greater for a small transmission-reception range. Furniture that

such as bookcases, file cabinets, and desks may become large obstacles that Thus

introduce shadowing effects. of sc

5. In a mobile environment, fading is relatively narrowband, with coherence exan

bandwidths on the order of 100 kHz. In contrast, fading occurring in an respc

indoor channel may have a bandwidth as wide as 10 MHz. In this case, a rake in lir

receiver may be completely ineffective. in [3

6. The length of the impulse response, or delay spread for an indoor channel is inter

usually on the order of tens of nanoseconds, which is relatively small compared direc

to that for a mobile channel (on the order of tens of microseconds). the .

diffe

A comprehensive discussion on indoor channels can be found in {1]. In general, the

propagation conditions in an indoor environment are more severe than those in a stror
o

mobile environment. 0° tc

mea

Traditionally, it is adequate to characterize an indoor channel in terms of the
power level and temporal characteristics. However, the spatial characteristics are AO!
equally, if not more, important when beamforming is concerned. To quantify the
spatial characteristics, we can define a number of quantities that are similar to those por‘i
for multipath delay. The power-weighted angular profile as

char

izati
f(e) = Z.B125(¢ — ) (9.1) rect
; com
where 8% denotes the power of the ;th multipath component which arrives at the ray
basestation at an angle of ¢,. The power-weighted average AOA is given by reqt
in a

- E ﬂz¢| H
== 9.2 dire

N =

9.1

and the rms angular spread is given by

2 _3 Jus!
o= 21 (¢‘2 ) (9.3) also
21 /BZ byﬁ

In a mobile channel, the angular spread is relatively small. Multipath is caused nel
mainly by the local scatterers which are the large objects such as houses and build- , diffi
ings surrounding the mobile unit [2]. Because the ratio of the distance between a
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basestation and a mobile (several kilometers) to the radius of scatterers (about 100
wavelengths), the angular sector within which multipath signals arrive is small. As
a result, the angular spread is also small. In contrast, the angular spread in an
indoor channel is relatively large. In an indoor environment, the local scatterers
are objects within a building, such as walls, partitions, doors, desks, and shelves.
The distance between a basestation and a portable unit is small. It is very possible
that a basestation is within the radius of scatterers of a particular portable unit.
Thus, the ratio of the distance between the basestation and a portable to the radius
of scatterers is relatively large, thereby resulting in a large angular spread. For
example, Figure 9.1 shows two sets of indoor AOA measurements [3]. The antenna
responses to the incoming signals at different time intervals, shown as beam patterns
in linear scale, were constructed from the measured data using the process outlined
in [3]. The patterns in the figure were formed over a time period of 250 ns with
intervals of 25 ns. The largest lobe in each figure corresponded to the AOA of the
direct path of the transmitted signal. Other large lobes in the patterns indicated
the AOAs of the multipath components that arrived at the receiving antenna at
different time intervals in a relatively short time frame. It can be observed that
strong multipath components arrived at the receiver in different directions from
0° to 360°, indicating a large angular spread. Furthermore, even though the two
measurements shown in the figure were carried out only 2.5 wavelengths apart, the
AOAs of multipath components were quite different. That is, the received signal
changes greatly even if the change in the distance between the basestation and the
portable is small.

The most significant impact of a large angular spread is that it makes sector-
ization of cells ineffective and perhaps even counterproductive. Therefore, omnidi-
rectional (on the horizontal plane) antennas should be used in an indoor wireless
communications network. If adaptive beamforming is to be used, an antenna ar-
ray that is able to transmit and receive in any direction between 0° and 360° is
required. A circular array is a very good candidate in that it is able to form a beam
in any direction and the shape of the beam does not depend on the beam pointing
direction.

9.1.2 Capacity with Adaptive Beamforming

Just as in the mobile wireless communications network, adaptive beamforming can
also be used to increase the capacity of an indoor wireless communications network
by suppressing cochannel interference so that multiple users can use the same chan-
nel simultaneously within a cell. However, since the propagation environments are
different, the performance of an adaptive antenna in indoor communications will be
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Figure 9.1 Antenna responses to the incoming signals at different time intervals; (a) and value
(b) are the results derived from two measurements were made only omne foot tion ¢
BRRTE each ¢
different than that in mobile communications. Therefore, Winters has carried out For N
an analysis to determine the capacity performance of an indoor system [4]. In what ;eqilr!
follows, a summary of his study is presented. The following scenario is assumed: Fj ; ;
1. Multipath fading is independent Rayleigh. Fo
2. The basestation antenna array consists of M elements. if DC.
3. There are K simultaneous users per channel, all with a BER less than 10-2, To ew:
4. The SNR per antenna element for the desired signal is I'y. simpli
5. The INR per antenna element for the ;th cochannel interferer is T,. user is
6. There are NV frequency channels within a cell. actual
To determine the capacity of a multiple-users-per-channel system, the following Ifs::s];
. u
approach is taken: The bl
1. Determining the probability, P, that a given number of simultaneous users
can use the same frequency channel for a given level of SNR and M antenna
elements;
2. Determining the probability, Pg 11k, that with K simultaneous users, another Figure
user can be added to the channel; with p,
3. Determining the capacity of a system with a 1% blocking probability based with 2
on Pr k- the nu
should
Since it is extremely difficult to analytically determine Py when K > 1, Px has B, the

to be evaluated based on Monte Carlo simulation. Based on a large number of
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simulated cases, Py is calculated as the proportion of cases in which all cochannel
users have a BER less than 107, In [4], it has been observed that the required level
of SNR I'y must be increased as the number of cochannel users, X, increases, and
that for K = M cochannel users with high probability, it is required that I’y bhe
increased by up to 20 dB. Pr 411k can be determined by noting that the BER for

2 o< each of the existing K users can only be increased by adding an additional interferer.
Thus, the cases where BER < 10~3 with K +1 users are a subset of the cases where

50 BER < 1072 with K users. P11k is simply f‘%f. The call blocking probability
for a single channel with capacity K is defined as the probability that the Kth yser

cannot be added to the system; that is, for a one-channel system (N — 1)

?

Py
pe=1— Py = ;+1 (9.4)
K

The capacity is then the maximum number of simultaneous users for a particular
vals; (a) and value of pg and M antenna elements. Figure 9.2 [4] shows the capacity as a func-
mly one foot tion of Ty for pg = 1%. It can be observed that the required increase in I'; for

each additional user becomes smaller as the number of antenna elements increases.

. For example, for five cochannel users with a six-element basestation antenna, it is
Aca.rrled out required that T'y = 17 dB, whereas with a nine-element antenna, 1t is required that
4. In what Iy = 5 dB. It should be noted that for M cochannel users, a substantial increase in
Ty is necessary compared with the single-user case.

For N > 1, the system capacity will normally be increased by N-fold. However,
if DCA is implemented, the capacity can indeed be increased more than N-fold.
than 1073, To evaluate the capacity, let us consider an N-channel system. We assume for

simplicity that all channels must have K users before the (K + l)th additional
" user is added to the system. This is a worst-case assumption, since the capacity is
actually greater if the number of users in each channel is nonuniformly distributed.
If in N —1{ channels there are K users per channel and in / channels there are K +1
users per channel, the total number of users is K x (N=D+(K+1)xl=NK+1.
The blocking probability for the KN + I + 1 user is given by [4]

assumed:

2 following

teous users

M antenna o= (1~ Prepuc)" (1 - Prsan)’ (9.5)

*s, another Figure 9.3 shows the system capacity as a function of I'; for an eight-channel system
with pg = 1%. It can be observed that an M-fold increase in capacity is achievable

lity based with M-element basestation antennas if T'; is increased by as much as 20 dB. As
the number of antenna elements increases, the required increase in Ty decreases. It

1 P b should also be noted that as the number of channels increases for the same value of

y TR Nas

pB, the required T’y decreases.

wmber of
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9.1.3 Voice and Low-Data-Rate Indoor Communications

In a study given in [5], a linear adaptive antenna array with uniformly spaced
elements is used in a TDMA indoor system. In the study, perfect synchronization
and carrier recovery is assumed. Both the Rayleigh flat-fading channel model and
the Racian channel model are considered. Other simulation parameters are listed
in Table 9.1. The LMS algorithm is used to carry out adaptive beamforming. A
training signal, which is a PN sequence, is used as the reference signal. The results
reported in [5] show that there is considerable gain from using adaptive antennas.
For example, using a two-element array over a Rayleigh flat-fading channel and in
the presence of eight equal-power cochannel interferers at an average SIR = 5 dB,
an order of improvement in BER (about 10~2) has been observed compared to the
case of a single antenna (about 1071). It has also been observed that the adaptive
antenna performs better over a Racian channel than a Rayleigh channel. The results
show that two-order improvement in BER has been achieved at a 5-dB ratio of the
power in the line-of-sight component to that in the multipath components.

Table 9.1
Simulation Parameters Used in [5].

Carrier frequency 1.7 GHz

Doppler frequency 6-9 Hz

Average fade duration 3.8 - 7.2 ms at -20 dB

Data rate 800 kbps (400,000 symbols/second)
Sampling rate one sample per symbol

Modulation T-QPSK

In another study presented in [6], an adaptive circular array is used to combat
multipath and cochannel interference in indoor communications, In the simulation
analysis, multipath components are assumed to be discrete rays arriving in different
distinct directions. Other simulation parameters are listed in Table 9.2. The LMS
algorithm is also used in this particular study. A pilot training signal is first used to
derive the beamforming weights. After the algorithm converges to a desired state
(i.e., the array locks on the desired signal), the system is switched to the decision-
directed mode to continue tracking the desired signal. Two cases of performance
evaluation are given in [6). In the first case, it is assumed that there are only

multipath components in the desired signal. A number of observations have been
obtained:
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1. The symbol error rate (SER) decreases as the number of antenna elements
increases.

9. The SER is lower for the case in which there is a dominant member among all
the multipath components than for the case in which all the multipath com-

ponents are equal in power. A dominant component normally has a relatively I
high level of SNR, resulting in a better SER performance. N
3. With a large number of antenna elements, the SER performance is less sensi- S
tive to both the AOA of paths and the power difference between the multipath F
components. g
In the second case, only cochannel interference is considered. In particular, there ci
are a desired signal and a cochannel interference. The results show that even with ir
two-elements, the SER can be improved considerably. For example, an SER of V.
10-2 is achieved using a two-element adaptive antenna at SNR = 8 dB, whereas
the SER is 0.5 using a single antenna. In general, the SER performance is more
sensitive to SIR for a small rather than large number of antenna elements. The
SER performance deteriorates as the angular separation between the desired signal
and the interferer decreases.
Table 9.2
Simulation Parameters Used in [6]
Carrier frequency 1.0 GHz
Doppler frequency maximum 50 Hz
Data rate 200 kbps (100,000 symbols/second)
Sampling rate one sample per symbol
Modulation Z-QPSK
F
The evaluation of adaptive beamforming based on the LMS algorithm in a indoor
communications has been carried out under a condition of imperfect power control
[7]. A number of findings that have been reported from this particular study are be
summarized as follows: It
1. The LMS algorithm performs very well when the SIR is greater than -20 };
dB and log(BER) is nearly inversely proportional to the number of antenna p
elements. p
9. The LMS algorithm is able to track the desired signal even for a low correlation e

between the reference signal and the desired signal.
. The BER densities are well described by a log-gamma density function.
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4. With a frequency-reuse factor of unity, adaptive beamforming is an effective

means of increasing system capacity, and in this particular case, power control
seems unnecessary.

It is interesting to examine the BER distribution. Under time-variant conditions,
the instantaneous BER at the beamformer output fluctuates. Therefore, the BER
distribution may provide more insight into the BER performance of the system.
Figure 9.4 shows the BER distributions for different combinations of the numbers
of cochannel users and the levels of interference-to-signal ratio (ISR, the inverse of
SIR). The results have been obtained using a 16-element array at a -2-dB SNR. It
can be observed that as the number of cochannel users increases or the level of ISR
increases, the BER distribution shifts to the right. It appears that as the mean
value of the BER decreases, the variance of the BER increases.

0.6 ——
- —— BER density (LMS weights)
0.5}
S -gamma density
Los Co-usexs ISR (dB)
041 4 26
-
4 2 26
§ 03 4 10
= 2 10
g 0.2
O1fF
100 107 104 10 104 103 102 10+ 100

Figure 9.4 BER distribution for different combinations of the numbers of cochannel users
and the ISR levels. (From [7] ©1994 Bree.)

In Figure 9.5(a), the BER performance is given as a function of the number of an-
tenna elements. This plot can be used to determine the number of antenna elements
required to achieve a certain level of BER for a given value of SNR. The results
have been obtained under the conditions of a single user moving at a speed of 2 m/s
over a Rayleigh flat-fading channel without cochannel interference. Figure 9.5(b)
presentes, in a different way, the same results as those shown in Figure 9.5(a). The
presentation is given in terms of the number of antennas as a function of SNR. For
example, 10 elements are required to achieve a 10~ BER at a 0-dB SNR.
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Figure 9.5 (a) Average BER as a function of the number of antenna elements for different
levels of SNR; (b) number of antenna elements as a function of SNR for
different values of BER. (From [7] ©1994 Bree.)
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9.1.4 High-Data-Rate Indoor Communications

There are two major factors that limit the performance of a high-data-rate indoor
communications system: the received signal power margin and delay spread. The
received signal power margin is referred to as the difference, in decibels, between
the SNR at the receiver and the SNR required to achieve a given BER.

The SNR at the receiver is a function of a number of parameters:

v

SNR = P, + G + G, +166 ~ 20log f — L, — T, ~ NF — 10log B (dB)  (9.6)

where
1 P, = transmission power
E G: = transmitting antenna gain
s G, = receiving antenna gain
~ f = frequency in GHz
4 L, = propagation loss
T, = system noise temperature
- B = bandwidth
NF = receiver noise figure

Keeping other parameters fixed, a larger value of B results in a lower level of SNR.
Since a given BER requires a certain level of SNR, B and hence the bit rate are

limted. For example, if the following typical values are considered:
for different P, = 16dB
of SNR for G, = 3dB

G, = 3dB
A = 20 GHz
L, = 60dB
T, = 25dB at room temperature
NF = 6dB
the level of SNR at the receiver is (71 — 10log B) dB. If we assume that a BER of
107® is achievable with coding, the required SNR is 8.7 dB for coherent detection
of BPSK, resulting in a signal power margin of (63.3 — 101og) B dB. Therefore, the
maximum data rate would be about 2.0 Mbps.
The delay spread in an indoor environment is on the order of 100 ns [1,8,
9]. Without the use of an equalizer, a digital communications system requires the
magnitude of rms delay spread to be less than 10% of the symbol period to achieve
a BER of less than 10~%. That is, the maximum data rate that can be achieved
with a delay spread on the order of 100 ns is about 1 Mbps.
In order to achieve a data rate on the order of tens to hundreds of Mbps, one
has to increase the SNR at the receiver, to reduce the delay spread, or to carry out
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both together. One may consider increasing the transmission power level. However,
this may not necessarily be a practical solution. For example, achieving a 200-
Mbps data rate requires a 20-dB increase in transmission power; that is, if 1W MI
transmission power is required to achieve 2 Mbps, 100W are needed to achieve 200

in

Mbps! Equalization or multicarrier processing can be used to deal with the delay dai
spread problem. However, these techniques become very complex and expensive for ani
data rates greater than 20 Mbps. qui
A recent study given in [10] presents a feasibility analysis of indoor wireless ad:
communications at a very high data rate. A number of findings reported in the anc
study are summarized as follows: res
doc

1. Neither equalization nor multicarriers can increase the data rate substantially stu
above 20 Mbps.

ant
2. The SNR can be increased by using a high-gain antenna array of M elements. of I
The average gain in SNR is 10log M. If antenna arrays are used in both 16-¢

basestation and remote stations, the average gain in SNR is 10log( M, M, ),
where M, is the number of antenna elements in the basestation and M, is the 9.2
number of antenna elements in the remote station. )

3. For a data rate greater than 20 Mbps, the coverage availability depends on the

Wit
beamwidth. For example, for a 90% coverage availability at a 1-Gbps data imp
rate, 5°beamwidth in both azimuth and elevation is required for coverage tion
within a distance of about four rooms if an antenna array is used only in of s
the basestation. In this case, 1650 antenna elements are needed for the two- rem:
dimensional array. Of course, this number is not very practical with respect tion
to current technology. may

4. Equalization does not significantly reduce the beamwidth requirement at very Cren
high data rates. o
3. Antenna arrays should be used in both basestation and remote stations,
thereby reducing the requirements for beamwidth and hence the number of 9.2.
antenna elements. For example, for a 90% coverage availability at a 1-Gbps
data rate, 25°beamwidth is required for both the transmission and reception Ther
antennas. In this case, less than 50 antenna elements are needed for each whic
array. cellu
6. The beam direction for good reception (with small BER) cannot be deter- are €
mined a priori. In practice, one may have to find the beam direction that Euro
gives the best BER performance; that is, adaptive beamforming must be used. .
A study given in [11] presents an investigation into the use of adaptive beam-
forming in high-bit-rate indoor communications. The experimental system consists Sl
of 2 basestation and a remote station. Omnidirectional antenna elements are used Matg
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level. However, in the basestation array. A single sectored patch antenna is used in the remote
chieving a 200- station. The operating frequency is 18.0 GHz and the channel bandwidth is 60
that is, if 1TW MHz. Using maximum-ratio combining, 15.9-dBm transmission power is required
to achieve 200 in a 100-ft office with a 30-ns rms delay spread to achieve the minimum 30 Mbps
with the delay data rate at a 10~* uncoded BER using a four-element antenna. A six-element
d expensive for antenna at a 10~? outage rate can achieve 51 Mbps. However, only 6 dBm is re-

quired to achieve a similar performance (50 Mbps data rate at 10~5 BER) using
ndoor wireless adaptive beamforming based on the LMS algorithm. The user identification codes
eported in the and a special training sequence are used for generating the reference signal. These

results demonstrate the effectiveness of adaptive beamforming in high-data-rate in-
door communications. This fact is also supported by the results presented in a
study given in [12], which show that the delay spread at the output of the adaptive
antenna can be significantly reduced. In particular, the rms delay spread in terms
of bit duration is reduced from 0.7 with an omnidirectional antenna to 0.1 with a
16-element adaptive circular array.

e substantially

f M elements.
used in both
10log(M; M, ),
and M, is the 9.2 WIRELESS MOBILE DATA COMMUNICATIONS
epends on the
1-Gbps data
for coverage

Wireless data services and systems represent a rapidly growing and increasingly
important segment of the telecommunications industry. Mobile data communica-
tions systems, including both private and public networks, provide a wide variety
of services: electronic mail, enhanced paging, modem and facsimile transmission,
remote access to host computers and office local area networks (LAN), informa-
tion broadcasting, and data services in an intelligent vehicle highway system. One
may anticipate that since the demand in a high system capacity is currently in-

creasing rapidly, adaptive beamforming will play an important role in mobile data
communications.

used only in
| for the two-
with respect

‘ment at very

ote stations,

e number of 9.2.1 Wireless Data Networks

at a 1-Gbps
nd reception There are a number of existing private and public mobile data services networks,
ded for each which include advanced radio data information system (ARDIS), MOBITEX, and
cellular digital packet data (CDPD). Two other mobile data service standards
ot be deter- are currently being planned: mobile data services based on 1S-95 and the Trans-
rection that European Trunked Radio (TETRA).
wst be used.
ARDIS
ptive beam-
lem consists ARDIS is a two-way radio service developed and implemented jointly by IBM and
nts are used Motorola in 1983. The service is suitable for transfers of data files that are less than
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|
|

10K. Remote users access the system from laptop radio terminals, which commu- : 30-k.
nicate with the basestations. The operating frequency band is 800 MHz and the Degr
transmit and receive frequencies are separated by 45 MHz. The RF channel data load
r: rate is 19.2 kbps, which provides a user data rate of 8 kbps. The portable units addir
; operate with 4W radiated power. The modulation technique is FSK, the access CDP
| method is FDMA, and the transmission packet length is 256 bytes. The portables carri
access the network using a random-access method called data sense multiple ac- Sen s
cess (DSMA), which is closely related to the carrier sense multiple access/collision redes
detection (CSMA/CD) access technique. A portable listens to the basestation trans- chare
mitter to determine whether a busy bit is on or off. When the busy bit is off, the
portable will transmit data packets. When two portables transmit at the same : Plan,

time, the data packet will collide. As a result, retransmission of these packets is
required. The characteristics of the ARDIS network are listed in Table 9.3. Because
of the use of overlapping-cell coverage in ARDIS, interference occurs when signals
are transmitted simultaneously from adjacent basestations. The ARDIS network il

The .

great:

deals with this problem by turning off the adjacent transmitters, for 0.5 to 1 sec, tTerr)llsi
when an outbound transmission takes place. This scheme, of course, lowers the able ¢
overall network capacity. ARQ,
are re
MOBITEX I
The MOBITEX system is a nationwide interconnected trunked radio network, which radio
was developed by Ericsson and Swedish Telecom in the mid-1980s. MOBITEX uses interf:
packet-switching techniques, as does ARDIS, to allow multiple users to access the USers i
same channel at the same time. The mobile units transmit at 896 to 901 MHz and modu.
the basestations at 935 to 940 MIIz. The system uses dynamic power setting in ‘I'he ¢
the ranges of 100 mW to 10W for mobile units and 100 mW to 4W for portable the T}
units. The GMSK modulation technique is used, with BT = 0.3 and noncoherent multit
demodulation. The transmission rate is 8 kbps, half-duplex is used in 12.5 kHz and D
channels, and the service is suitable for file transfers up to 20K. In the MOBITEX listed :
system, a proprietary network layout protocol called MPAK is used, which provides
a maximum packet size of 512 bytes and a 24-bit address field. The reservation- 9.2.2
slotted ALOHA (R-S-ALOHA) random-access method is used in the system. The Most o
characteristics of the MOBITEX system are listed in Table 9.3. which
it is we
CDPD
The CDPD system is designed to provide packet data services as an overlay onto 1' fE]

the existing analog cellular telephone network, AMPS. The CDPD system employs

t:
the same 30-kHz channelization as that used in the existing AMPS system. Each
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30-kHz CDPD channel will support channel transmission rates of up to 19.2 kbps.
Degraded radio channel conditions, however, will limit the actual information pay-
load throughput rate to lower levels, typically 5 to 10 kbps, and will introduce
additional time delay due to the error-detection and retransmission protocols. The
CDPD radio link uses GMSK modulation, with BT = 0.5, at the standard cellular
carrier frequencies for both uplink and downlink. The specific value of BT is cho-
sen so that the existing AMPS receiver can easily detect the CDPD format without
redesign. In the CDPD system, the slotted-DSMA (S-DSMA) method is used. The
characteristics of the CDPD system are listed in Table 9.3.

Planned Systems

The IS-95 data services will generally be based on standard data protocols to the
greatest extent possible. At the time of this writing, the standardization is still in
progress. The possible system characteristics of IS-95 data services are also listed in
Table 9.3. It should be pointed out that typical taw channel rates for digital cellular
transmission are measured at approximately a BER of 10-2. However, the accept-
able data transmission usually requires a BER of about 10-¢. Thus, efficient use of
ARQ), error correction codes, and other effective means {e.g., adaptive beamforming)
are required to deal with the error characteristics in the mobile environment,

TETRA is currently developed as a family of standards, which include a set of
radio and network interface standards for trunked voice and data services, and an air
interface standard for both wide-area packet data services for both fixed and mobile
users and for supporting other standardized network access protocols. The proposed
modulation technique is Z differential quadrature phase-shift keying (-DQPSK).
The channel rate is 36 kbps in each 25-kHz channel. It has been reported that
the TETRA standard is currently designed to accommodate two popular forms of
multiuser access, namely, the slotted ALOHA (with and without packet reservation)
and DSMA. The proposed system characteristics of the TETRA system are also
listed in Table 9.3.

9.2.2 Benefits and Performance

Most of the benefits of using adaptive beamforming for land mobile communications,
which were discussed in Section 8.2, are applicable to mobile data services. However,
it is worthwhile to mention a number of specific benefits:

1. Both the ARDIS and MOBITEX systems support portable communications
from inside buildings. High levels of transmission power are required for both
the portables and basestations to overcome the inbuilding signal penetration
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| Table 9.3
Characteristics and Parameters of Mobile Data Service Networks (After [13] and [9].)

ARDIS MOBITEX CDPD 1S-95 Data TETRA

Frequency (MHz)

! Downlink 800 with 935-940 869-894 869-894 400 & 900 bands

Uplink 45 MHz sep. 896-901 824-849 824-849 400 & 900 bands

Channel spacing 25 kHz 12.5 kHz 30 kHz 1.25 MHz 25 kHz
Channel access FDMA FDMA FDMA FDMA FDMA
Multiuser access DSMA S-CSMA S-DSMA/CD CDMA-SS DSMA & S-ALOHA
Modulation FSK, 4-FSK GMSK GMSK 4-PSK/DSSS %-DQPSK
Channel bit rate 19.2 kbps 8.0 kbps 19.2 kbps 9.6 kbps 36 kbps
Spectral efficiency  0.77 064 0.64
Packet length up to 256 bytes up to 512 bytes 24-928 bytes 192 & 384 bytes
Carrier private private public public public
Service coverage major metro. major metro. all AMPS all CDMA trunked radio
Coverage type indoor/mobile indoor/mobile mobile mobile mobile

problem. By using adaptive antennas, the high transmission power require-

ments can be eased to a large extent. Basically, the reduction in transmission

power is about 10log M dB for both portables and basestations, where M is

the number of antenna elements.
2. In the ARDIS network, the basestation transmitters are shut off temporarily

to deal with interference between adjacent basestations, thereby decreasing

the capacity of the network. Alternatively, the interference problem between

adjacent basestations can be overcome by using adaptive antennas in the

basestations. The adaptive antenna used in a basestation steers nulls, for 1

both reception and Lransinission, in the direction of the adjacent basestations, is p1

thereby protecting the basestation against being interfered with by others and As a

preventing from interfering with others. This is accomplished without shutting thro

down the basestations and therefore increases the capacity. use «
3. Using adaptive beamforming, the SNR at the output of the antenna array prok

increases by 10log M dB on average in noise-limited environments, whereas in How

interference-limited environments, the additional improvement in SIR results mun

from interference rejection. That is, the signal quality in a CDPD system or by a

in an IS-95 data system can be improved by using adaptive beamforming. impi
4. With random-multiple-access techniques, such as the slotted ALOHA method, I
only a single packet can be received successfully in a given slot. If there is adag
more than one data packet within the same slot, collision will occur and The;
both packets may not be received correctly. Packet collisions limit channel used
throughput to only 36% for slotted ALOHA. Using adaptive beamforming, subs
the number of packet collisions can be substantially reduced. Furthermore,
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the implementation of a multiple-beam adaptive antenna makes it possible for
a basestation to receive multiple packets in a single slot. Consequently, the

13] and [9].) channel throughput can be increased greatly.

5. Although DSMA is used in some networks to reduce the probability of packet
TRA collisions, these collisions still occur because of propagation delay. Let us
1900 bards consider the following situation. At the beginning of a slot, the basestation
& 900 bands transmitter indicates that it is idle by turning off the busy bit. A portable
;ﬁf seizes the opportunity to transmit a packet. Due to propagation delay, it takes
AA & S-ALOHA a certain time interval for this packet to arrive at the base station. Before
fp]:SK this packet arrives, the busy bit is still off, thereby allowing other portables

to transmit. When they do, packet collisions will certainly happen. Adaptive

& 384 bytes . . . .
je antennas can be used to deal with this problem (i.e., to reduce the probability
ked radio

ile

Wer require-

of packet collisions).

6. In the CSMA scheme, a mobile unit monitors the channel by listening to
others’ transmission carriers. If the channel is idle, then the mobile unit will
transmit a data packet. This approach can greatly reduce the probability of
packet collisions. However, this scheme works effectively only if the mobiles

ransmission . . ) i
where M is are able to hear each other. However, in a practical radio environment, some
mobiles may not be able to sense others’ transmission. As a result, they may
temporarily transmit packets, being convinced that the channel is idle when it is actually
d . busy, thereby causing packet collisions. This problem is called hidden terminal
ecreasing

>m between
mas in the

problem [14]. The adverse effects of this problem can be greatly reduced by
using adaptive beamforming.

s nulls, for In a study given by Ward and Compton in [15], the use of an adaptive antenna
asestations, is proposed to reduce packet collisions in a slotted-ALOHA packet radio network.
others and As a result, the throughput can be greatly improved. Figure 9.6 shows the average
ut shutting throughput as a function of the new-transmission probability with and without the

€nna array

use of adaptive beamforming. For a relatively small value of the new-transmission
probability (~0.007), the system becomes unstable without adaptive beamforming.

whereas in However, with adaptive beamforming, the throughput keeps increasing to the maxi-
SIR results mum of near 0.83. Furthermore, the results show that the average delay experienced
I system or by a new packet is always better with adaptive beamforming than without. The
7°Hning- improvement in average delay is greater as the input traffic is increased.

A method, In another study given by the same authors in [16], the use of a multiple-beam
If there is adaptive antenna is proposed to capture multiple data packets in a single slot.
c.>ccur and They have shown that when an eight-element adaptive antenna (N+1=28)is
ut channel used, up to K = 6 packets can be captured during a single slot, thereby yielding a
’T}forming» substantially high level of throughput. Figure 9.7 shows that average throughput as
rthermore,

a function of the new-transmission probability. For relatively low traffic, the rise in

Exhibit 1023
Page 217 of 315

Ubiquiti Inc. v. XR. Comm.
IPR2024-00148



Exhibit 1023
Page 218 of 315

206  Digital Beamforming in Wireless Communications

0.9
_ o8}
3
% 0.7
i 0.6
E‘ [X]3
ag
Pl
g
£ oaf
H
. 02-

Nel-np AA
L8}
0 " H
0 0.005 001 0.015 0.02 0.025 0.03 0.038 0.04

New ission probability (packeis/slot)

Figure 9.6 Average throughput as a function of the new-transmission probability with
and without the use of adaptive beamforming, where N + 1 is the number of
antenna elements. (From [15] ©1992 IEEE)

average throughput is approximately linear. Essentially, there is no backlog and the
maximum average throughput is nearly achieved. The length of this linear region
increases with the number of heams K until the tota) traffic on average exceeds Lhe
capability of the adaptive antenna. Figure 9.8 shows the maximum throughput as
a function of N, where N +1 is the number of antenna elements. It should be noted
that N is the number of nulls that can be formed per beam. N = 0 corresponds o
the standard S-ALOHA which has the maximum throughput of e~ in theory. A
number of observations can be made from the figure:

1. For a given value of K, there is a minimum value of N above which no further
improvement in throughput can be obtained.

2. As the value of K increases, the value of N should be increased in order to
achieve the maximum throughput.

3. The improvement in throughput is not linearly related to K that is, the
increase in throughput becomes smaller with each additional beam.

Adaptive beamforming has also been proposed to deal with the hidden-terminal
problem in a slotted nonpersistent CSMA system, thereby improving its throughput
performance [17]. In the study, a single-hop packet radio system is considered,
in which a very large number of users are distributed in the area covered by a
basestation. It is assumed that the time needed to detect the carrier of a packet

Figur

Figure
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Figure 9.8 Maximum throughput with optimal weighting as a function of N and K.
(From [16] ©1993 IEEE.)
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and to process the packet is negligible. Each packet with a fixed width requires a bes
certain time interval for transmission, and propagation delay is assumed equal to firs
the slot size. The interarrival time between packets is mutually independent with as
an exponential distribution. The basestation acquires a single packet in a given pai
slot. A number of findings have been obtained [17]: et

to

1. In a high traffic condition, even without the hidden-terminal problem, the

throughput with a four-element adaptive antenna is still better than that the
with a single antenna.

2. With the hidden-terminal problem, the throughput performance with a sin- acc
gle antenna degrades greatly, whereas the throughput performance with the ’Ijh
adaptive antenna degrades only slightly. s

3. In addition to the improvement in throughput, adaptive beamforming can re- da
duce the average number of retransmissions and schedulings with and without a.t'
the hidden-terminal problem. Wl:

abe

Caution should be exercised if one is to use these results for practice, because be

in this study, multipath has not been considered. sar
rea
9.2.3 Acquisition
The major difficulty in the application of adaptive antennas to a wireless packet
data system is the acquisition problem—the problem of forming a beam for the
desired packet and suppressing the others. In practice, a data packet arrives the
basestation at an unknown time and from an unknown direction. The adaptive
antenna must form a desired beam in a very short period, which is a small fraction
of the packet width, so that the system is in time to receive the message portion of
the packet.
In order to deal with the acquisition problem, Ward and Compton proposed
that a special preamble, called acquisition preamble, be added to the beginning
of each packet [15]. The acquisition preamble is divided into two parts. The first
part is to trigger the acquisition process, which is a 13-bit Baker code with a highly
peaked aperiodic autocorrelation function. The second part is used as a reference for
the adaptive antenna to form the desired beam, which is a PN code with multiple
periods. Furthermore, the width of a time slot is made slightly larger than the
packet width by an uncertainty interval. The packet transmission from each user
is then randomized over this uncertainty interval in each slot, so that each packet Fig

arrives at a slightly different time. At the beginning of each time slot, when the
basestation is ready for acquiring a new packet, the antenna weights will be set
or reset to the quiescent pattern; that is, the antenna listens to the signals in all
directions. When a packet arrives at the basestation, the output of the antenna
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beamformer will be passed through the circuit loop described in Section 3.5. The
first part of the acquisition preamble is used to generate a peak pulse, which serves
as a timing spike to trigger the generation of a reference signal using the second
part of the acquisition preamble. Within the duration of the second part of the
acquisition preamble, a number of iterations take place for the weights to converge
to a desired state for an optimal reception of the message portion of the packet. At
the end of the preamble, the converged weights are frozen for the rest of the packet.

The two-part acquisition preamble is suitable for real-time operation, A simpler
acquisition preamble can also be used with additional hardware at the basestation.
The acquisition preamble in each packet consists only of a number of periods of a
single PN sequence [16], thereby reducing the packet width. However, this requires a
data buffer to store the sampled data, as shown in Figure 9.9. When a packet arrives
at the basestation, the acquisition preamble of this particular packet is correlated
with a stored replica of the preamble PN sequence. If the correlation coefficient is
above a certain threshold, weight adaptation begins and the converged weights will
be fixed at the end of the preamble. While this takes place, the array continue to
sample the incoming signals and store the data in the buffer. When the weights are
ready, beamforming is then applied to the message portion of the packet.

Antenna array

U

Buffer )F Acquisition
1]
/ Adaptive
Beamformer \—— processor

L

Multiple outputs
Figure 9.9 Adaptive beamforming configuration for packet radio communications.

To acquire multiple packets in a single slot, a signal processing scheme was
proposed in [16]. Multiple beams are formed for packets arriving in a slot. A bank
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of threshold detectors are used to acquire multiple packets, as shown in F igure 9.10.
When multiple packets arrive within the same slot, the first packet will trigger
threshold detector 1 (TDI1), which will instruct the adaptive processor to start
the weight adaptation for the first packet. TD1, when triggered, will also enable
TD2 immediately. When the second packet arrives, it will trigger TD2, which then
instructs the processor to begin weight computation for the second packet. TD2
will also enable the next threshold detector. A similar process will take place for
the next detector, and so on.

‘Matched ﬁltv::r[I

Threshold | Enable | Threshold
detector | detector 2

. Enable | Threshold
detector K

] Adaptive processor ]

Figure 9.10 Acquisition signal processing scheme for multiple packets per slot.

Since all the data packets use the same preamble, careful timing is required for
successful acquisition of multiple packets. Let us consider two data packets from
two users arriving within the same slot. As long as packets arrive at least one-

bit duration apart, they can be received successfully, provided that the following
conditions are met;

1. Each threshold detector can only be triggered once within a given slot. Even
though later packets arriving within the same slot cause additional timing
spikes, they can only trigger the threshold detectors which have not been
used.

2. The length of the uncertainty interval has to be set just less than one period of
the preamble PN sequence. As a result, the latest packet arriving in a given
slot will be present during the second period of the first packet preamble,
when the weights are still being adapted. Thus, the interference from the
other packets is taken into account as the weight adaptation progresses.

3. When packets are at least one-bit duration apart, their preambles will essen-
tially be uncorrelated with each other. Therefore, they will have a minimal
effect on each other’s weight adaptation process.

Wher
collid
packe
when

be sct
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n Figure 9.10. When two packets arrive in a time interval of less than a one-bit duration, they
't will trigger collide with each other and the system will lose both packets. This is because all
3ssor to start packets have the same preamble, and the system has no way to distinguish them
11 also enable when they arrive within a one-bit duration. Retransmission of these packets must
2, which then be scheduled and carried out.

packet. TD2

;ake place for

slot.

: required for
packets from
at least one-
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Chapter 10

Antenna Elements

The role of antennas in wireless communications systems is to establish a radio
transmission line between radio stations, such as a basestation and a mobile sta-
tion, and a communications satellite and a mobile station. Various types of antenna
elements can be used for wireless communications, depending on the types of appli-
cations. This chapter is intended to give readers technical flavor of some common
antenna elements that can be used in a DBF array. These antenna elements include
linear antenna elements, horn antenna elements, and printed antenna elements. For
more comprehensive descriptions of antennas, readers are referred to a number of
antenna handbooks [1-3].

In general, antennas for wireless communications have been required to be small,
light-weight, and low-profile, and to have a specified radiation pattern. In addition,
antennas must exploit ambient propagation characteristics. With the revolution of
wireless communications systems, antenna technology has also progressed, and the
design concept has changed as well, although the fundamentals essentially remain
the same. Requirements for antennas depend on the types of wireless communica-
tions systems. Among the commonly used antenna elements, monopole and dipole
antennas are popular in terrestrial communications and horn antennas and helical
antennas are considered to be suitable for satellite communications applications.
With the advances in printed antenna technology, printed antennas are finding
more and more applications in wireless communications. In future communications
systems, either terrestrial or spaceborne, they will play an important role because
of their desirable characteristics, such as light weight and small volume.

10.1 LINEAR ANTENNA ELEMENTS

Linear antennas have relatively simple structures. They include dipole and monopole
antennas. Some examples of linear antenna elements are shown in Figure 10.1. The
basic dipole antenna structure is a center-fed linear cylindrical antenna. When the

215

Exhibit 1023
Page 227 of 315

Ubiquiti Inc. v. XR. Comm.
IPR2024-00148



216  Digital Beamforming in Wireless Communications

length of each arm of the dipole approximately equals half a wavelength ( %), its

at
input impedance becomes pure real, and impedance matching can be done using a Zdi
transmission line with a characteristic impedance of 73.13€}. It is also understood plas
that the variation in impedance with frequency of an antenna of a larger diameter 36¢;
is much less than that of an antenna of a smaller diameter. Therefore, an antenna 3d
with a larger diameter supports more broadband operation. The radiation pattern the
of a dipole has a shape like a donut, as shown in Figure 10.2. The cross-section on the
the vertical plane appears to be two symmetrical lobes, whereas on the horizontal be :
plane, it is omnidirectional. It should be pointed out, though, that the principal is §
dipole antenna is practically never used in vertical polarization applications, due to hor
the problem of mounting and feeding while maintaining symmetry. tha
int
ten:
con
moj
b plas
ant
the
SITTIRSSS AN The
ten:

() (®) (c) .
in a
this
Figure 10.1 Linear antenna elements: (a) dipole antenna; (b) monopole antenna; (c) obv
monopole antenna with a load. the
tior
a T¢
doe
des!
app
des
har:
Figure 10.2 Radiation patter of a dipole, which has the shape of a donut. whe
and
Monopole antennas are the most used antennas in mobile communications, but valt
have the simplest structure. The radiation element is mounted on a ground plane. ove:

If the ground plane were infinitely large and were a perfect conductor, the radiation
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Antenna Elements 217

its pattern and bandwidth characteristics of the antenna would be the same as those of
ga a dipole antenna, due to the effect of an image of the element formed by the ground
rod plane. However, the input impedance is only half that of the dipole antenna (e.g.,
ter 366} for a quarter-wavelength monopole antenna). Theoretically, the directivity is
na 3 dB larger than that of the dipole, because the radiation power is radiated only to
putl the upper half space of the ground plane. However, because of the physical size and
on the conductive loss of the real-world ground planes, the practical directivity cannot
tal be improved by this amount. In actual applications, the size of the ground plane
pal is finite, and the direction of maximum radiation tilts somewhat upwards from the
to horizontal plane. Therefore, the effective gain of this antenna is usually lower than

that of a dipole antenna. The length of a commonly used monopole antenna can be
in the range of 1/4-wavelength to 5/8-wavelength. A 1/4-wavelength monopole an-
tenna is the fundamental mobile antenna. A 5/8-wavelength monopole antenna has
comparatively large directivity in the horizontal direction. Thus, a 5/8-wavelength
monopole antenna is often used as a high-gain antenna in combination with a ground
plane. The reason why the gain is higher than that of a 1/4-wavelength monopole
antenna is that its antenna aperture is larger, and the rise radiation beam due to
the finite ground plane is less than that of a 1/4-wavelength monopole antenna.
The antenna’s input impedance is roughly 509.

The omnidirectional pattern on the horizontal plane makes the monopole an-
tenna elements popular in mobile communications. This property is not desirable
in array applications. It is easy to see the problem in the linear array. To illustrate
this, we refer readers back to the array factor of a linear array given by (2.11). It is

(c) obvious that F(G) = F(180° —#@); that is, the array factor is not a unique function in
the range [—7, 7). This ambiguity problem is overcome in practice by using direc-
tion antenna elements. In the case of a linear array of dipole or monopole antennas,
a reflector must be used on one side of the linear array. The ambiguity problem
does not exist in the case of a circular array. One may expect intuitively that it is
desirable to use omnidirectional elements in a circular array. However, in practical
applications, this is not the case. In the circular array shown in Figure 2.3, the
desired array pattern can be broken down into a series of complex Fourier spatial
harmonics; that is, N

F(g)= 3 Crj™Jn(kR)e™® (10.1)

n=-N
ut.

where C,, represents the complex Fourier coefficient for the nth spatial harmonic
and J,(-) denotes the Bessel function. The Bessel function may go to zero for certain
ut value of kR. This means that the array pattern is not stable as frequency changes
1€, over the band of interest. In some cases, the change in the pattern can be significant

even if the change in frequency is small; that is, the bandwidth of the array is very
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narrow. This may pose a severe problem in the use of the circular array in wireless

or ¢
communications, especially in wideband applications. The array pattern can be syIr
stabilized using directional antenna elements, such as horns and printed antennas. pro:
for
10.2 HORN ANTENNA ELEMENTS

A horn antenna can be viewed as a flared-out (or opened-out) waveguide. The 10
horn produces a uniform phase front with a larger aperture than the waveguide and The
thus has a greater directivity [4]. Several types of horn antennas are illustrated in intr
Figure 10.3. dua
eral
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Figure 10.3 Types of rectangular and circular horn antennas. Lie
. . tin
The conventional conical, smooth-walled horn antenna has the simplest struc- conl

ture in the horn-antenna-type family but does not have the best polarization purity
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| wireless or even the highest gain [5]. Multimode and hybrid-mode horns radiate axially
1 can be symmetric patterns with extremely low cross-polarization. Thus, they closely ap-
ntennas. proximate the ideal Huygens source and, for this reason, are widely used as feeds

for reflector antennas [6].

10.2.1 Multimode Horns
de. The

uide and
trated in

The lack of axial pattern symmetry in large conical horns may be overcome by
introducing the TM;; mode along with the dominant TE;; mode in the so-called
dual-mode conical horn, or Potter horn (Figure 10.4) [6]. The TM;; mode is gen-
erated at the step where the horn radius changes abruptly from ao to a; and is
correctly phased at the aperture by proper choice of the length [ of the straight
section that follows the step (see Figure 10.4). The presence of the TM;; mode
has essentially no effect on the H-plane aperture distribution of the horn, nor on
its H-plane radiation pattern. But when properly phased and combined with the
TE,; mode, it exerts a profound effect on the E-plane aperture distribution and
the corresponding radiation pattern. Since the TMy; mode does not radiate axially,
this device has less axial gain than a dominant-mode conical horn with the same
aperture size. Its use, therefore, is not dictated in applications requiring maxi-
mum aperture efficiency. However, most horn applications are more concerned with
pattern circularity and sidelobe performance. The Potter horn is thus a very satis-
factory feed in a Cassegrain system, for example. Similar results can be realized in
a square aperture pyramidal horn by means of a step in the throat region to cause
conversion of dominant TE,q mode energy to a hybrid mixture of TE;; and TM;,
modes [6).

For large reflector antennas, the use of the Potter horn has been largely super-
seded by the wider bandwidth hybrid-mode corrugated horn, but when the weight
is critical and required bandwidth small, the dual-mode smooth-walled horn still
finds applications. In satellite antennas, the dual-mode horn is used more frequently
because of its simplicity and lower cost [5]. The bandwidth limitation is the most
critical restriction of the dual-mode horn.

A good example of analysis and design of a Potter horn by the modal-matching
technique with optimization of the horn’s geometry through the minimax algorithm
is given in [7].

10.2.2 Soft and Hard Horns

Lier and Kildal [8] have introduced the terminology of soft and hard horns to dis-
tinguish between horn antennas with soft and hard boundaries related mostly to the
context of hybrid-mode horns. A soft boundary gives zero field intensity at the wall.

st struc-
n purity
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Figure 10.4 Dual-mode conical, or Potter, horn.

Classical hybrid-mode horns have a soft boundary. A hard boundary corresponds
to a uniform fleld distribution over the horn aperture. In other words, soft and
hard can be recognized as Dirichlet and Neumann types of boundary conditions,
respectively.

Hard boundary conditions give higher directivity and smaller beamwidth due
to the increased efficiency compared to soft conditions. The disadvantage is that
the sidelobe level is much higher. The hard horn has significantly higher directivity
than a soft horn only if it has almost constant phase over the aperture. Such a horn
is also termed narrowband, since it has a frequency-dependent beamwidth.

10.2.3 Corrugated Horns

Corrugated horns (Figure 10.5) are hybrid-mode horns, These horns were devel-
oped to improve antenna efficiency and provide reduced spillover in large reflector
antennas [6]. Corrugated horns can provide reduced edge diffraction, improved pat-
tern symmetry and very low levels of cross-polarization. The very low levels of
cross-polarization radiated by corrugated horns are essential for dual-polarization
operation or frequency reuse. Compared to smooth-walled circular horns that have
peak cross-polar levels of about -19 dB, the impedance properties of the corrugated
horn push this peak level at the design frequency well below -30 dB, the actual peak
level being limited by secondary design and manufacturing factors [9).

The effect of the circumferential slots or corrugations is to force Hy to vanish
along with Ey4 at the horn wall. As a result, the boundary conditions for TE and
TM waves are identical and the natural propagating modes are linear combinations
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Figure 10.5 Corrugated horn.

onds
and
e, of the two, and are referred to as hybrid modes [6]. Since corrugated horns are
characterized by zero field intensity at the horn wall, which gives a low radiated
4T sidelobe level, they can be referred to as soft horns [8]. Additionally, since the very
that low cross-polarization means that the fields in the aperture are essentially scalar, the
ivity corrugated horns are also called scalar horns, but this property has most significance
horn for long horns or for wide-flare-angle horns.
Corrugated horns do not have the bandwidth limitation of the dual-mode horns.
The bandwidth of corrugated horns is quite large and is not usually a limiting factor
in their use. Corrugated horns can be analyzed using several methods ranging
from a simple first-order qualitative assessment of performance to the very accurate
evel- modal-matching technique, which is also computationally intensive [9].
:ctor Corrugated horns have to be accurately made in order to work in the desired
pat- manner; therefore, it is an inherently expensive horn to produce, partly because of
15‘ of the corrugated surface and partly because it should be precisely fabricated in order
tion to produce the potentially high quality radiation pattern. There are two main
have methods for manufacturing corrugated horns. One method is to machine them on
ated a high-quality, numerically controlled lathe. The other method is electroforming.
seak This second method is a particularly useful technique at millimeter waves. Another
. disadvantage of corrugated horns is their relatively high mass and volume, though
ms: most microwave horns are made out of aluminum in order to save mass.
an

The conical corrugated horns are by far the most common type. It is also possi-

. ble to make rectangular and elliptical cross-section corrugated horns. Rectangular
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and elliptical horns have the attribute of different beamwidths in orthogonal planes
as well as potentially low cross-polarization. However, they are difficult to design ac-
curately and very expensive to manufacture, so they are not often used. A preferred
solution when unequal beamwidths are required from a reflector antenna would be
to use a conical corrugated horn and a shaped reflector.
We can distinguish three versions of the corrugated horn [9]: T

1. Narrow-flare-angle corrugated horn;
2. Wide-flare-angle corrugated horn;
3. Compact or profiled corrugated horn.

The design of the compact or profiled corrugated horn requires extra care and is
more sensitive to the geometry along the horn, but it has a number of advantages:

1. The horn can be about two-thirds as long as the equivalent constant-flare-
angle horn while maintaining the low level of cross-polarization.

2. The flare angle at the aperture is zero, so the horn radiates as an open-ended
waveguide, which gives the highest gain and efficiency for a given diameter.

3. The phase center, or point at which the energy radiates, is near the aperture
and does not move as the frequency changes.

4. The small flare angle at the throat is ideal for achieving a good impedance
match to the input waveguide.

F
10.2.4 Dielectric-Loaded Horns
Dielectric-loaded horns are also hybrid-mode type horns. There are several types .
of horns that fall into the category of dielectric-loaded horns. Common to all these ai
is the fact that the interior of the horn is partly loaded with a dielectric material. =
Among the various dielectric-loaded horns we can distinguish: o
1. Dielectric core (dielcore) horns comprising a dielectric core inside the horn sp-
separated from the metal wall by a dielectric layer (which may be air) with a de
lower dielectric permittivity than the core material [10-14].
2. Horns with a lossy dielectric lining on the horn wall [15,16]. to
3. Strip-loaded horns using circumferentially or transversely oriented conducting by
strips on dielectrically lined smooth-walled horns [17-19]. of
4. Horns with corrugated dielectric lining on the wall [20]. ap
The dielectric core (Figure 10.6) horn has similar electrical properties as those :f;
of the corrugated horn. The advantages of dielcore horns compared to corrugated
horns are:

wk
1. Simpler design (lower price);
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lanes 2. Simpler design criteria;

nac- 3. Low cross-polarization over a wider bandwidth than the equivalent corrugated
erred horn;

id be 4. Achieving the desired phase front by shaping the front surface of the core.

The disadvantages of the dielectric core horns are:

1. Dielectric gain loss;
2. Higher effective noise temperature;
3. Lower maximum available power.

nd is
ages:
lare-
1ded
ser.
ture
ance
Figure 10.6 Dielectric core (dielcore) horn.

Ipes The dielectric core horns have been analyzed using the plane wall and the circular
hz,se cylindrical waveguide model [10] and the modal-matching technique [11]. They are
;ﬁial an interesting alternative to existing horn antennas. They have a very simple design

' and it may also be applied in antenna systems where hybrid-mode horns are not

normally used due to their high prices [10]. More effort is required to develop

1orn space-qualified dielectric material with low weight and sufficient uniformity, and to
th a develop low-loss dielectric material for high-power applications [14].

Horns with a lossy dielectric lining on the horn wall have characteristics similar

to those of the corrugated horns but over a larger bandwidth [15]. Dielectric loading

ing by dielectric lining on the horn wall has also been combined with the technique

of multimode generation of higher mode by a step discontinuity to improve the

aperture efficiency of pyramidal and sectoral horns [21,22]. These horns have high

ose aperture efficiency (on-axis gain), low sidelobe levels, and low cross-polar radiation,
ted similar to corrugated horns.

The strip-loaded horn (Figure 10.7) consists of a hollow dielectric waveguide

whose outer surface is coated with circumferentially oriented conducting strips with

a periodic variation along the horn [17]. This horn exhibits a low sidelobe radiation
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Figure 10.7 Circumferentially strip-loaded horn.

pattern similar to that of the corrugated horn over an even larger bandwidth and a
low cross-polar bandwidth.

Limitations of this type of horn are mainly due to the lack of proper dielectric
core material with sufficiently low losses and sufficient homogeneity. This horn has
the potential of very low weight. It may also be cheaper to manufacture than the
corrugated horn by using a combination of photolithography and etching processes.
A rectangular strip-loaded horn was developed using such techniques [19] and was
called a simulated corrugated hor, siuce conducting strip gratings with a metallic

ground plane on a dielectric substrate are similar to metallic corrugated plates. The
advantages of the strip-loaded horn are:

. Possible substitute for a metallic corrugated horn;
. High gain;

. Low cross-polarization; ;
. Low sidelobes;

. Low cost; 1
. Light weight;

. Possibility of mass production with simpler methods.

N U WON

t

The circumferentially strip-loaded horn can be referred to as a soft horn. Hard 8

horns can be realized by corrugating the conducting wall of a smooth horn with &

longitudinal rectangular grooves filled with dielectric material or, in another way, by s
employing longitudinal conducting strips on a dielectric-loaded smooth conducting

wall, the second configuration being cheaper to manufacture and lighter. Ideal l

hard horns are of little interest for practical applications because of the unwanted ¢
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cross-polar radiation from the dielectric wall region and limited bandwidth. These
limitations have been considered in the modified hard horn, which has a slightly
tapered aperture distribution.

An array of hard horns would yield high directivity for limited scan applications
and reduced spillover loss in cluster feeds. Lier et al. [14] even suggest that hard horn
elements might be considered in the mobile link space antenna of the future land
mobile satellite system in Europe. But hard horns are not yet well characterized.
They need to be studied in more detail to see if the expected performance can be
obtained in practice [23]. For example, the bandwidth potential of hard horns would
require further investigation, particularly the excitation of higher order modes [14].

Circumferential corrugations at regular interval of the dielectric lining on the
horn wall are said to be able to sustain a lower cross-polar level over a wider band-
width relative to the continuously, dielectrically lined horn [20].

10.3 PRINTED ANTENNA ELEMENTS

nd a
When the number of array elements is large, the printed element approach is a
ctric natural choice [24], but the increased length and complexity of the feed structure
has reduces the advantage of the printed array concept substantially and makes it less
the interesting unless distributed transmit/receive (T/R) modules are used [25].
3s€s. The generic microstrip patch is an area of metallization supported above a
was ground plane and fed against the ground at an appropriate point or points, as shown
allic in Figure 10.8 [3]. The two most common shapes are the rectangular patch and the
The circular patch. The antenna element radiates a relatively broad beam broadside to
the plane of the substrate. It has a very low profile so it can be made conformable.
It can also be fabricated using printed circuit (photolithographic) techniques and
hence at potentially low cost. Other advantages include simplicity, light weight,
easy fabrication into linear or planar arrays, and easy integration with microwave
integrated circuits (MIC) [25]. Easy integration with MICs means that printed an-
tenna technology allows a great level of integration with feed and control circuitry,
leading to a monolithic array antenna.
The original printed antenna configuration had some disadvantages: narrow
bandwidth, spurious feed radiation, poor polarization purity, limited power capacity,
lard and tolerance problems. Much of the development work in printed antennas has
vith gone into trying to overcome these problems in order to satisfy increasingly stringent
, by system requirements.
ting Microstrip antennas operate best when the substrate is electrically thick with a
ieal low dielectric constant. On the other hand, a thin substrate with a high dielectric

constant is preferred for microstrip transmission lines and microwave circuitry. Some
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Figure 10.8 Generic microstrip patch antenna. P
st
compromise has thus to be made between good antenna performance and good ic
circuit performance [25]. l'a
Losses in a microstrip antenna occur in three ways [25]: (1) conductor loss, (2) tu
dielectric loss, and (3) surface wave excitation. Except for extremely thin substrates, !
conductor and dielectric losses for a microstrip element are quite small, usually th
accounting for no more than a few percent loss in radiation efficiency. Surface waves
bound to the dielectric substrate can be excited by the antenna, and since it does
not contribute to the primary radiation pattern of the antenna, surface wave power
is generally considered as a loss mechanism. Surface wave can also diffract from
substrate edges or other discontinuities to degrade the antenna radiation pattern
or polarization characteristics. Surface wave power generated by a single element
increases with substrate thickness and is another reason for preferring a substrate
with a low dielectric constant. Besides these inherent antenna element losses, the
effect of losses due to feed lines and associated feed circuitry must also be considered
often. These can be the dominating loss contributions in a large array.
E
10.3.1 Feed Methods
There are two groups of feeding structures for microstrip antennas, which can be la
further divided into subgroups [25]: st
1. Direct contacting feed: , hi
(a) Microstrip line feed; i
w
(b) Coaxial probe feed. be
2. Noncontacting feed: b1
(a) Proximity feed (often referred to as electromagnetic couplin); -

1
(b) Aperture coupling.
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The two direct feeding method structures shown in Figure 10.9 are very similar
in operation and offer essentially one degree of freedom (for a fixed patch size and
substrate) in the design of the antenna element through the positioning of the feed
point to adjust the input impedance level. Direct contacting feed is relatively sim-
ple, but it has several disadvantages. A direct-fed printed antenna suffers from a
bandwidth/feed radiation trade-off in which an increase in substrate thickness for
the purpose of increasing bandwidth leads to an increase in spurious feed radiation,
increased surface wave power, and possibly increased feed inductance. In practice,
these antenna elements are limited in bandwidth to about 2% to 5%. In a coaxial
probe feed, the patch element is fed through the ground plane from a parallel feed
substrate, but in an array having thousands of elements such a large number of
solder joints makes fabrication difficult and lowers reliability (an especially impor-
tant consideration in space applications). Finally, although probe and microstrip
s, (2) line feeds excite the dominant mode of the patch element, the inherent asymme-
try of these feeds generates some higher-order modes that produce cross-polarized
radiation.

lered . ®
Figure 10.9 Direct feeding structures: (a) microstrip line; (b) coaxial probe.

The proximity feed structure, shown in Figure 10.10(a), consists of two substrate
layers. A microstrip line is printed on the lower layer, which is terminated in an open
stub below the patch, which is printed on the upper substrate. Proximity coupling
has the advantage of allowing the patch to exist on a relatively thick substrate
for improved bandwidth, while the feed line sees an effectively thinner substrate,
which reduces spurious radiation and coupling. Fabrication is a bit more difficult
because of the requirement for reasonably accurate alignment between substrates,
but there is no soldering. The proximity-coupled patch has at least two degrees
of freedom: the length of the feeding stub and the patch-width-to-line-width ratio.
13% bandwidth has been achieved with this configuration.

n be
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tech
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Figure 10.10 Noncontacting feeding structures: (a) proximity feeding; (b) aperture cou-
pling.
The other type of noncontacting feed, aperture coupling, uses two parallel sub- Figt
strates separated by a ground plane as shown in Figure 10.10(b). A microstrip feed
line on the bottom substrate is coupled through a small aperture (typically a narrow
rectangular slot) in the ground plane to a microstrip patch on the top substrate.
This arrangement allows a thin, high dielectric constant substrate to be used for
the feed, and a thick, low dielectric constant for the antenna element, thus allowing
impedance optimization of both the feed and the radiation functions. In addition, ]
the ground plane prevents spurious radiation from the feed from interfering with EO
the antenna pattern or polarization purity. The
The geometry of the aperture-coupled patch has at least four degrees of freedom: tion
the slot size, its position, the feed substrate parameters, and the feed line width. mat
Impedance matching is performed by adjusting the size (length) of the coupling slot ofte
together with the width of the feed line, which is usually terminated in an open- i
circuited tuning stub. The maximum coupling occurs when the aperture is centered ath
below the patch. In this case the excitation of the patch is symmetric, and this riou
reduces the excitation of higher-order modes and leads to very good polarization of tl
purity. The aperture-coupled patch with a centered feed has no cross-polarization wid
in the principle planes. poss
In all the above feeding structures, there is only a single feed point to generate to 1
linear polarization. It is possible to produce circular polarization with a single feed, line
but such techniques are usually very narrowband. It is more common to generate elen
circular polarization by using two feed points to excite two orthogonal modes on ante

the patch, with a 90° phase difference between their excitations (Figure 10.11(a)). ]
This technique can be used with all the above feeding methods. An alternative
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technique used for small subarrays is to sequentially phase the excitations of an
array of patches that radiate orthogonal sets of linear (or circular) polarization
(Figure 10.11(b)).

/r
. lwg
—_—
HYBRID
/ P "l’npu-r

Iy Ix
0

ou- Hybed

(@) (®)

1b- Figure 10.11 Techniques for obtaining circular polarization: (a) using two feed points for

red exciting two orthogonal modes on the patch with a 90° phase difference;
ow (b) using a subarray of orthogonally polarized elements with sequential
te. phase rotations (the phasings at the four patches are 0°, 90°, 180°, and
for 270°).

ng

n,

th 10.3.2 Bandwidth Improvements

The techniques used to overcome the narrow bandwidth (2% to 5%) of the tradi-

m: tional microstrip antenna element can be classified as either using an impedance-
h. matching network or parasitic elements [25]. In both cases a double-tuning effect is
ot often exploited.
n- A direct method of increasing the bandwidth of the microstrip element is to use
ed a thick, low dielectric constant substrate. This inevitably leads to unacceptable spu-
lis rious feed radiation, surface wave generation, or feed inductance. The bandwidth
on of the element is usually dominated by the impedance variation (the pattern band-
n width is generally much better than the impedance bandwidth). Thus, it is often
possible to design a planar impedance-matching network to increase bandwidth. Up
te to 15% bandwidth has been obtained in this manner for probe-fed and microstrip
d, line-fed elements. A bandwidth of 13% was achieved for a proximity-coupled patch
te element with a stub tuning network. If the matching network is coplanar with the
n antenna element, spurious radiation from the matching network may be a concern.
). By using more complicated element geometry, increased bandwidth can be ob-

ve tained by using parasitically coupled elements to produce a double-tuned resonance.

One of the best ways to do this is with two stacked patches (Figure 10.12). The
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top patch is proximity-coupled to the bottom patch, which can be fed by one of the
methods discussed earlier. 10% to 20% bandwidth has been achieved with probe-fed

stacked patches, and 18% to 23% bandwidth has been achieved for aperture coupled
stacked patches.

Parasitic
Paich

F
Coax Feed
Ground Plane
Figure 10.12 Bandwidth enhancement using stacked patches.
Double tuning can also be obtained with a single aperture-coupled microstrip
patch by lengthening the coupling slot so that it is near resonance. This simplifies
construction relative to using stacked patches, but the larger coupling slot may
result in a higher back lobe level. Bandwidths in excess of 20% have been achieved
for single elements and arrays using this technique.
It is also possible to use parasitic elements coplanar with a driven element to
produce double tuning. This configuration can be a disadvantage iu array applica-
tions because the lateral extent of such an element usually requires array spacings
greater than A/2. In addition, the phase center of this element will not be fixed
over its operating bandwidth. Fig
Other than using the bandwidth improvement techniques described above, there
are some printed antenna elements that provide a very wide bandwidth (26]. For
example, the printed circuit balun-fed dipole antenna, which is commonly used in
brick-type array constructions, operates over up to 40% bandwidth with good scan- R
ning characteristics (Figure 10.13). Other examples are the flared notch and “Vi- por
valdi” elements which can provide over two octaves of bandwidth (Figure 10.14(a) Sl}l.
and (b), respectively). bfh
die
10.3.3 Power-Handling Capability :::r(
The power-handling capability of microstrip antenna elements for transmit appli- wh
cations is seldom mentioned in any references on such antenna elements. Here, we poy

extend the considerations of the power-handling capability of microstrip lines [27,28]
to the microstrip antenna elements, since they share the same technology.
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Figure 10.13 Dipole/balun radiating element.
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Eings (@ )
fixed
Figure 10.14 Printed antenna elements: (a) flared notch strip elément; (b) flared “Vi-
there valdi” slotline element.
. For
ed in Microstrip antenna elements (or microstrip lines) are not as well suited to high
— power applications such as horns (or waveguides), but they can be used for medium-
“Yi. power applications. As an example, a 50Q microstrip line on a thin polystyrene
14(a) substrate can handle a few hundred watts at 2 GHz. The power-handling capa-
bility of a microstrip antenna element, like that of a microstrip line or any other
dielectric-filled transmission line, is limited by heating caused because of ohmic
and dielectric losses and by dielectric breakdown. Increase in temperature due to
conductor and dielectric losses limits the average power of the microstrip element,
wppli- while the breakdown between the conductor patch and ground plane limits the peak
&, we power.
7,28] The average power-handling capability of microstrip elements is determined by

the temperature rise of the conductor patch and feed and the supporting substrate.
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The parameters that play major roles in the de

termination of average power capa-
bility are:

- Conductor losses;
. Thermal conductivity of the substrate material;
Surface area of the conductor patch and feed;

- Ambient temperature (temperature of the mediu
element).

msurrounding the microstrip

Therefore, a dielectric substrate with low loss tangent and large thermal conductiv-
ity will increase the average power-handlin
the maximum average power-handlin
with frequency.

A thick layer of substrate can support higher voltages (for the same breakdown
field). Hence, microstrip elements on thick substrates have higher peak power han-
dling capability. The sharp edges of the conductor serve as field concentrators. The
electric field tends to a large value at the sharp edges of the conductor if it js flat
and decreases as the edge of the conductor is rounded off more and more. Therefore,
a thick and round conductor will increase breakdown voltage.

g capability of microstrip elements. Also,
g capability of microstrip elements decreases

10.3.4 Examples

A printed sleeve antenna, as shown in Figure 10.15, was designed and fabricated for
mobile communications applications [29]. This antenna can be used as
in a DBF antenna array for a basestation. The length of this sleeve antenna is
similar to that of a dipole antenna, but with the matching at the end rather than
at the center. The substrate used for the antenna has a dielectric constant e, = 3.0,
with the dimensions of W x [ x H = 0.08) x 0.4\ x 0.01\. The antenna was
designed to work at 900 Mhz. The gain of the antenna is 5.2 dBi with a 25% input
impedance bandwidth. The radiation pattern is maximum in the elevation angle of
30° to 70°.

A lightweight, dual circularly polarized microstrip antenna for use in a commu-
nications satellite array-fed reflector was designed and fabricated [30]. The radiator
is intended as a one-to-one replacement for existing waveguide feeds and is designed
to operate at C-band. It consists of a four-element patch array fed by two microstrip
polarizing networks. The radiator is considerably lighter and more compact than
waveguide feeds having similar gain and radiation patterns. The entire assembly is
space-qualified and designed to withstand launch conditions. The rad
of the compact radiator is composed of electromagnetically coupled p
The measured on-axis axial ratio for the right-hand and left-hand circular polariza-
tions that can be achieved from this radiator is about 0.3 dB across the band of

an element

iating portion
atch elements.
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Figure 10.15 Printed sleeve antenna element.
icated for interest. Good axial ratio is also maintained in the principal axes of the element.
1 element The drawback to this approach is that, at C-band, a small penalty in additional
ntenna is insertion loss may be paid. At Ku-band, the additional loss can be prohibitive [31].
ther than This effect can be mitigated by the integration of the amplifiers directly into the
ver = 3.0, radiating elements structure.
enna was Another example of an array of microstrip patch radiators is a lightweight Ka-
5% input band 32 x 32 element array that uses sequentially switched scanning [32]. This highly
o angle of integrated system contains three major subassemblies: a microstrip patch radiator
antenna array, a transceiver, and control electronics. The microstrip elements are

a[commiu; in a 32 x 32 grid within an area of 9 in?, Polyrod directors are placed at every
e radiator clement. These directors enhance the gain and beamwidth of the microstrip patch
i designed antennas. The microstrip antenna element has a typical return loss of 27 dB. The
nicrostrip entire array operates on 20W of dc power, weighs less than 5 lbs, and measures
pact than 10 x 10 x 5 in.
ssembly is
1g portion
elements.
' polariza-

e band of
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Chapter 11

DBPF Transceiver Technology

The performance of a DBF array is, in a large measure, determined by the capa-
bilities of the transceivers that are used at the antenna elements. The transceivers
perform the functions of frequency conversion, filtering, and amplification of the
signal to a power level that is commensurate with the input requirements of the
ADCs or with the output power requirements. Since the elemental transceivers are
a significant factor in determining the cost of a DBF antenna, it is important when
designing transceivers to adopt an architecture that leads to transceivers that are
low in cost and yet meet performance requirements. In this chapter, we will discuss
the architectures of transceivers, RF components, and ADC technology. We will

also include some examples of DBF systems.

11.1 ELEMENTAL TRANSCEIVER ARCHITECTURES

11.1.1 Single-Down-Conversion Receiver

A single-down-conversion receiver, shown in Figure 11.1, has the simplest architec-
ture. The bandpass filter is required to eliminate out-of-band interference. The
bandpass filter can be placed before or after the LNA with different consequences.
By putting the filter before the LNA, one may obtain the highest dynamic range,
whereas by placing the filter after the LNA, one can obtain the maximum receiver
sensitivity.

The simplicity of this particular architecture is offset by significant deficiencies
in its performance. When the synchronous detector LO frequency is changed to
tune the receiver over the operating band, the de levels in the synchronous detector
as well as the balance between the in-phase and quadrature components may be
expected to change. The output from the synchronous detector outputs may require
compensation at each operating frequency because of phase and amplitude changes
that occur in the mixers due to the change in the LO frequency.
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Figure 11.1 Single-down-conversion elemental receiver.

The phase and amplitude relationship between the in-phase (1) and quadrature-
phase (Q) outputs of the synchronous detector is also determined by the match
between the two lowpass filters following the synchronous detectors. The lowpass
filters normally determine the signal bandwidth. Stringent phase- and amplitude-
matching requirements across the signal bandwidth make the filters difficult to build
and hence expensive.

Since only two amplifiers are used, it is difficult to realize a large dynamic
range, low noise figure and stable transfer characteristics. Within the bounds of
technical feasibility, it is a design requirement that the LNA and video amplifiers
have sufficient gain to offset all receiver losses and raise the receiver’s noise level
to the quantization level of the ADCs. There can be a number of adverse factors
that result from having a large gain in the LNA and video amplifiers. The dynamic
range of the synchronous detectors limits the gain that can be placed in the TLNA
before receiver dynamic range is adversely impacted. If one opts to use high-gain
video amplifiers, one runs the risk of incurring large variations in the dc imbalance
of the receiver. High-gain video amplifiers usually have a poor noise figure. It is
therefore undesirable to have large gain in the video amplifier. Accordingly, even
though single-down-conversion receivers are attractive from a cost point of view,
their poor technical performance may make them unsuitable for high-performance
DBF system applications.

11.1.2 Double-Down-Conversion Receiver

In a double-down-conversion receiver shown in Figure 11.2, a fixed LO is used
to supply the reference signal to the synchronous detector. The synchronous de-
tector balance and compensation are therefore independent of the agile operating
frequency.
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Figure 11.2 Double-down-conversion elemental receiver.

" The first LO frequency is chosen such that the IF frequency of the output from
ures the first mixer must be sufficiently high in order for the bandpass filter to reject

B the image frequency components resulting from the first mixer, as shown in Fig-
&= ure 11.3. The second LO frequency is required to be agile so that the receiver can
tu(.ie— select the desired operating frequency channel. With an additional IF amplifier
S in the double-down-conversion receiver, one can achieve greater flexibility in dis-
. tributing gain throughout the receiver. The three amplifiers in the receiver can
= be configured so that the overall performance is optimized to achieve an optimal
C_ls o balance between high dynamic range and low noise figure. Although the match be-
e tween receiver channels is improved by going to a double-down-conversion receiver,
Cl:::;] there is still significant difficulty in attaining, using hardware circuits, the channel
. matching needed for high-performance beamforming, such as beams with low side-
i;l: lobes. However, the channel imbalance can be reduced by manipulating the digital
. signals using software.
-gain
h;:(;: 11.1.3 Triple-Down-Conversion Receiver
even An additional mixer can be added to the previous receiver architecture, forming
view, a triple-down-conversion receiver, shown in Figure 11.4. This architecture allows
lance the frequencies of the IF stages to be optimized for specific functions. The second
IF frequency can be made sufficiently low so that a bandpass filter, such as a sur-
face acoustic wave (SAW) filter, can be used to define the signal bandwidth. Since
a SAW filter is a finite impulse response (FIR) filter, it has very low phase and
used amplitude distortion. SAW filters can be built to be closely matched, yielding ele-
s de- mental receiver responses that are highly correlated. The lower operating frequency
ating for the synchronous detector makes the detector less sensitive to variations in the

LO distribution. The minimum operating frequency of the synchronous detector
is defined by the signal bandwidth and the performance of the low-pass filters in
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Figure 11.4 Triple-down-conversion elemental receiver. extrer
in an
sampl
Since the filter bandwidth and center frequencies of the IF stages are all interre- This
lated, compromises may be required in the choice of the parameters. The bandwidth two A
of the first IF stage is a major factor in determining the parameters of the next IF additi
stage. The IF frequencies should be selected to meet the image rejection require- Si
ments for the filters. If one starts with a high frequency for the first IF stage. it is conve
relatively easy to design the first bandpass filter to meet the image rejection require- chann
ments, but it makes it relatively difficult to design the bandpass filter in the second Tt
IF stage to meet the image rejection requirements. The bandwidth of the second and d
bandpass filter is required to be narrow enough to suppress noise appearing in the pling
image response of the second IF mixer. Therefore, the frequency for the second IF comp:
stage should be high enough for the bandpass filter to be realized in practice. least 1
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The triple-down-conversion receiver is flexible to be configured to have large
dynamic range, low noise figure, and relatively stable transfer characteristics. It
would therefore appear to be the preferred receiver structure for DBF communica-
tions systems. For space applications, however, the triple-down-conversion receiver
may present a number of problems. Due to the need for additional components,
the weight of the payload may increase, and because of the lower efficiency of the
receivers, power consumption may also increase.

11.1.4 Direct Sampling Receiver

The three receivers discussed previously have a number of deficiencies in common.

The shortcomings all stem from a common root; that is, the fact that the baseband
lixer. I and Q signals are all derived from mixing the last IF signal with a reference LO.

This means that the overall bandwidth in the receiver is defined by either the last IF

bandpass filter or alternatively by the lowpass filters in the I/Q base band signals.
fthe Because of the way in which the I and Q signals are derived, they may suffer from
pass the following performance limitations:

1. There may be a poor match between the characteristics of the I and Q signals
over the received bandwidth.
. 2. The I and Q channels may not maintain phase quadrature over the receiver
bandwidth.

3. The I and Q channels may have separate dc offsets.

5o 4. Nonlinearities of the components used in the I and Q channels may produce
spurious noise.

The amplitude matching and the phase orthogonality of the I and Q) channels are
extremely critical and tend to be a major source of error. This has created interest
in an alternative conversion technique (Figure 11.5), in which the signal is directly
sampled and digitized at IF and the complex video signal is generated digitally.

e This approach eliminates the analog lowpass filters, analog video amplifiers, and
idth two ADCs in the previous receivers at the expense of one faster ADC and some
tIF additional digital circuitry.

%u.e— Since the I and Q outputs are formed using a digital filter in the direct IF
l_t 1s conversion receiver, I and Q matching problems are effectively eliminated from the
lre- channel.

ond There are two methods for carrying out the direct sampling: Nyquist sampling
ond and down-sampling (also called direct down-conversion). The general Nyquist sam-
:?; pling theorem for sampling a bandpass analog signal (a signal having no frequency

components above a certain frequency fmax) requires that the sampling rate be at
least two times the highest frequency component of the analog signal (i.e., 2fmax)-
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Figure 11.5 Direct sampling receiver, t
I
For an IF signal with a bandwidth B centered at fip, the sampling rate must ¢
then be 2(fip + £). A digital down-converter (DDC) is required to carry out the 1
coherent phase detection necessary for generating the digital I and Q signals. A ¢
DDC contains a synthesizer, a quadrature pair of digital multipliers (which act as i

mixers in the digital domain), and some clever filters that implement both low-pass
and decimation. The device extracts a narrowband signal from a wideband digital
input and decimates it to a reduced data rate. Since the new data rate is now
proportional to the bandwidth, all of the information in the digital signal has been
captured without superfluous bandwidth being carried by the digital signal. The
first benefit derived from the reduced data rate is that the digital signal processor
is better able to cope with it. Figure 11.6 shows a block diagram of a DDC. As
a matter of fact, in this approach, the down-conversion process is carried out in
digital domain instead of the analog one. Of course, this approach requires very
fast ADCs and digital multipliers.

It is possible to use sampling at rates lower than 2fnay and still get an exact
reconstruction of the information contained in the analog signal in the bandpass
signal case. This approach is referred to as direct down-conversion. For a bandpass
signal, the minimum sampling rate that allows for extraction of the information
carried by the signal is two times the bandwidth B. In order to ensure that spectral
overlap does not occur, the sampling frequency f, must satisfy (1]

2(fip + B/2) 2(fip — B/2)
E E=1

<fi < (11.1)

where k is restricted to integer values that satisfy

. 2
o<k < BT B/2 (11.2) :
B
and B < Fip — B/2. Bandpass sampling holds promise for DBF applications £
when the desired input signals are bandpass signals. It allows ADCs with slower ¢

sampling rates to be used in applications where performance, power consumption,
P )
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and cost are critical. An important practical limitation, however, is that the ADC
must still be able to effectively operate on the highest frequency component in the
signal. This specification is usually given as the analog input bandwidth for the
ADC. Conventional ADCs are designed to operate on signals having maximum fre-
quencies of one-half the sampling rate. Performance of the ADC typically degrades
with increasing input frequency. When ADCs are used in bandpass sampling ap-
plications, the specifications of the converter must be examined to determine the
behavior at higher frequency input. In addition, with bandpass sampling, stringent
requirements for analog bandpass filters (e.g., steep rolloffs) are needed to prevent
- must distortion of the desired signal from strong, unwanted adjacent frequency compo-
out the nents. Furthermore, the sampling jitter requirements of the sampler are high to
sals. A ensure that the carrier frequency is accurately sampled to recover the signal phase

1t as information.

oWw-pass

digital IF Input
8 ADC FIR(LPF) vy I
18 now

as been
3. The FIR(LPF) ¢ ¢ Q

‘0Cessor
Programmable

DC. As . Decimators
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Sample Clock Falter Coefficients

n exact

wdpass o ) i

Figure 11.6 Digital coherent phase detection to generate 1/Q signals.

wndpass

‘mation

spectral .
11.1.5 Software Receiver

The advantages of the direct sampling receiver stem from the fact that digital
(11.1) coherent phase detection is used to generate 1/Q signals. In fact, this approach
follows the philosophy that ADCs should be used as close to the antenna as possible,
with as much radio functionality as possible defined in software. The natural step
forward from direct sampling will be placing the ADC right after the RF frontend,

(11.2) as shown in Figure 11.7. The other radio functions such as IF, baseband, and
bit stream are carried out using digital programmable processors. The resulting

cations software-defined receiver, which is the key component of a software radio system [2],
slower extends the evolution of programmable hardware, increasing flexibility via the total
nption, programmability of RF bands, channel access modes, and channel modulation. The
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underlying flexibility allows for multiband and multimode operation, which is very
necessary for the seamless integration of PCS, land mobile, and satellite mobile

services. Furthermore, for the same reason, it also allows the maximum possible
DBF performance.

Antenna

(34

| RF Wideband Programmable !
frontend ADC processor

== q

Figure 11.7 Software-defined receiver.

There are, however, a number of technological challenges that must be addressed.
The critical one is the availability of affordable wideband ADCs, which will be
discussed in the next section. In addition, it is difficult to accurately estimate the
processing demand of applications and processing capacity of programmable DSP
configurations. That is, an open architecture standard for high-capacity wideband
signal buses has yet to emerge. High-performance digital signal processors are also
essential in the development of practical software receivers.

11.1.6 Transmitter

The function of a transmitter is to amplify an RF carrier modulated with the .
desired signal, adding minimal distortion to the encoded information. A typical Fig:
transmitter functional block diagram is shown in Figure 11.8. The lowpass filter is
used to eliminate harmonics of the transmitted signal. Since dynamic range and

sensitivity are not considerations in transmitter design, usually one stage of up- Hd
conversion is required; that is, the I and Q baseband signals are directly mixed with Inter
the RF LO carrier. Instead, the considerations in transmitter design are a different Q co
set of parameters: ordes
the i

1. Power output is the basic requirement of a communications system and is de- &o0p
fined as the rms power in a PM or FM system and as the peak envelope power meas

in 2 AM system. The power output depends largely on the characteristics of and t

the power amplifier. the b

2. Spurious outputs consist mostly of harmonics of the carrier. Spurious outputs mist
are usually 70 to 90 dB below the carrier. the i

3. SNR of the transmitted signal is the quality measure of the transmitted sig- trans
nal. Noise components usually result from thermal noise in the transmitter the b
circuits, power supply hum, noise pickup, and nonlinearities in the transmitter calibs

circuitry.
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very 4. Transmitter turn-on time is defined as the time for power output to reach 90%
wobile of its specified power level. For digital communications systems, especially
ssible TDD systems, transmitter turn-on time is an important factor. It must be

sufficiently short to meet the throughput requirement, but not so short to
cause transient interference to adjacent channels.

5. Adjacent channel interference is caused by a number of sources, such as the
single-sideband (SSB) phase noise of the LO, the modulation process, and a
short transmitter turn-on time.

In addition to the above considerations, the balance between transmitter channels
must be taken into account in DBF applications.

ssed.
1 be DAC |e—
s the
DSP
»and D— I?’n\;- HPA Lo
ilter
also 72
DAC |&—
the . .
iea Figure 11.8 A typical transmitter.
T is
and . .
o 11.1.7 Internal Calibration Loop
vith Internal calibration loops are used to measure the imbalance between the I and
‘ent Q components of a transceiver and the imbalance between transceiver channels in
order to eliminate these imbalances using digital signal processing. To measure
de. the imbalances in the receiving channels, identical test signals are injected via the
wer couplers to the individual receivers periodically, as shown in Figure 11.9. The
measured values of the I and Q components are compared with the desired values
3 of o o . . s . ] )
and their discrepancies will be compensated for by adjusting the receiving weights in
uts the beamforming process. The SNR of the test signals at the outputs of the receivers
must be high enough to allow an accurate estimation of the imbalances. To measure
ig- the imbalances in the transmitter channels, I and Q test signals are input to the
ter transmitters and the transmitted signal will be captured by the couplers and fed via
ter the bypass circuits to the receivers. This requires, of course, that the receivers be

calibrated first. The measured values of the I and Q components will be analyzed to
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determine the discrepancies with respect to the desired values. The signal processor
will adjust the transmission weights that minimize the discrepancies.

foll
. 3 I
Couplers 1ransm1tter“_ Q
D— Switch gy P . —= |
Receiver
\_b Q
_’ Bypass des
Attenuator bac
Test signal (.)f
ins
of 1
Figure 11.9 Internal calibration circuit. 5K
por
cot
11.2 RF COMPONENTS AND MODULES all
The RF components play a significant role in the performance of the complete
DBF antenna array. In this section, we present the state of the art of these RF
components in terms of their characteristics and performance, which may be helpful
in designing a DBF system. However, due to the limited scope of this text, we do
not intend to discuss these components at the circuit level.
11.2.1 Power Amplifiers
An MMIC power amplifier makes use of integrated metal semiconductor field-effect
transistors (MESFET) in the output stage, which are configured to handle large
voltage and current swings. The gate length and layer parameters needed to achieve
large-signal capability are normally very different from those required for achieving
low noise and high gain.
Of all the different types of monolithic components, the power amplifier is one as
of the most important, but also most difficult to fabricate. The difficulties arise be-
cause of the high-thermal impedance of the semi-insulating substrate used in their 11
devices. Therefore, the design challenge is to develop a suitable thermal manage- )
ment scheme. LN
In order to increase the output power, one may consider using a large-gate Be
periphery device. This in turn may result in low input and output impedance. rec
The transforming networks that are then required to achieve 50 Q matches may be gai

implemented on-chip or off-chip [3].
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:essor Broadband MMIC power amplifiers are customarily designed using one of the
following three formats [4]:

1. Single-ended units that are applied as balanced stages using Lange couplers
to provide acceptable levels of I/0 impedance match;

2. Distributed amplifiers that can be applied as single-ended gain blocks;

3. Feedback amplifiers that can also be used in single-ended configuration.

It is currently common practice to use single-ended units as power-driver-stage
devices, distributed amplifiers as either power-driver or low-noise devices, and feed-
back amplifiers as small-signal units. Single-ended designs provide a bandwidth
of 1 to 1.5 octaves, while distributed and feedback designs have demonstrated an
instantaneous bandwidth of up to a decade in frequency. Table 11.1 compares some
of the features of single-ended and distributed MMIC power amplifiers. When one
is deciding on the design of devices to be used for a particular application, it is im-
portant to consider the cost and gain advantages that result from the use of Lange
couplers. These can be used to turn single-ended stages into balanced stages, with

all of the attending advantages.

plete
P RF Table 11.1
lp](fiul Comparison of Single-Ended and Distributed Amplifiers
e do
Single-Ended  Distributed
Chip size small large
Efficiency moderate low
fFect Matching circuits complex simple
arge 1/0 standi.ng wave ratio (SWR)  typically 2 '1.5 (max)
ieve Configuration balanced  single-ended
ving
one GaAs MMIC power amplifiers are currently being considered for systems such
be. as DECT and PHP. A few examples of power amplifiers are given in Table 11.2.
heir . .
age- 11.2.2 Low Noise Amplifiers
LNAs also benefit from monolithic integration. Excellent results have been reported.
Zate Because LNAs are used as receiver preamplifiers, low-noise performance is the first
nce, requirement. In addition, an LNA is also required to exhibit a flat, well-controlled
7 be gain response, good phase linearity, and good terminal voltage standing wave ratios

(VSWR) over a broad bandwidth.
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Table 11.2
Examples of GaAs MMIC Power Amplifiers

Maker Output Power Frequency Application
M/A-COM 14W 14 to 14.5 GHz VSAT
Celeritek 33 dBm 1.95 GHz PCS
Pacific Monolithic 30 dBm 1.9 GHz PCS

Three generic types of technologies can be considered to fulfill these require-
ments, namely, reactively matched [5], shunt feedback [6], or traveling-wave {7]
amplifier circuits. When reactively matched circuit elements are used the design of
a system, it is usually found that system performance is sensitive to the values of the
passive components and variations in FET parameters. Furthermore, the matching :
networks used at the input and output of multisection stages, as well as those used
between stages, make gain flatness very difficult to achieve and also consume large
area of GaAs. In contrast, a design based on shunt feedback often provides opti-
mum performance trade-offs for small- and medium-signal level amplifiers of 1 to 2
octave bandwidths. The merits of using feedback in circuit design are excellent gain *
flatness, amplifier stability, and good matches at input and output, all within a rel-
atively small areas of GaAs. Considering the advantages of attractive technologies,
the initial choice should be weighted in favor of shunt feedback topology because it
offers the best solution for meet the requirements for high-quality LNAs.
The characteristics of the FET gate periphery used the design of the LNAs is
quite important in determining their ultimate performance. Several factors must be
taken into consideration, including noise figure and associated gain, circuit stability,
dc power consumption, input and output impedance, sensitivity to mismatches, and
output power capabilities. A few examples of LNAs are given in Table 11.3. 11.

11.2.3 Mixers

des

The development of broadband MMIC-based mixers represents a significant chal- san
lenge. Single-ended as well as balanced and double balanced mixers can be designed 18 ¢
using dual-gate FETs. Dual-gate devices offer several advantages over conventional Th
devices such as ease of LO injection, improved isolation, and added gain. ans
Typical performances of mixer chips reported recently are as follows: out

1. Coplanar waveguides, slotlines, and coplanar strips are combined to realize anc

an MMIC double-double balanced mixer (DDBM) [8]. The DDBM exhibits
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Table 11.3
Examples of Low-Noise Amplifiers

Maker Gain Frequency Noise Figure
M/A-COM 20 dB 1.7 to 2 GHz 2 dB
AML Communications -6 to 16 dB 824 to 851 MHz <3.0 dB
TriQuint Semiconductor 25 dB 500 to 2500 MHz 1.3dB

MITEQ 40 dB 1to 2 GHz 1.4 to 2 dB
1y
i RF, LO and an IF bandwidth of 6 to 20 GHz, 8 to 18 GHz and 2 to 7 GHz,
of respectively, with conversion loss ranging between 6.2 and 9.8 dB, and RF to
he IF, LO, to IF and LO to RF isolation all greater than 20 dB.
g 2. An integrated W-band down-converter was fabricated using a 0.15 ym T-gate
>d lattice-matched InGaAs/InP high-electron-mobility transistor (HEMT) [9].
ge The mixer showed a 2.4-dB conversion gain and 7.3-dB noise figure at 94
- GHz. The complete down-converter exhibited a 3.6-dB noise figure and 17.8-
2 dB conversion gain at the waveguide input.
in 3. Recently, a Si down-converter IC was developed. Using a novel 0.6-ym Si
)]- bipolar process, called DNP-III for an f, of 20 GHz, more than 10 dB of
s, gain was claimed in the 1- to 2-GHz frequency range [10]. Typically, power
it dissipation was measured to be 125 mW.

4. A low noise block down-converter chip designed for direct broadcast satellite
is (DBS) receivers was reported [11], which operated from 11.7 to 12.2 GHz. It
>e costs less than 10 dollars. The chip is housed in a hermetic package and must
v, be used in conjunction with a dielectric resonator to be fully functional.
ud

11.2.4 Oscillators

Microwave oscillator design is similar to microwave amplifier design. The oscillator

design may have the same dc-biasing circuits and the same active device with the
J- same set of S parameters used for amplifier design. For example, negative resistance
:d is commonly used for amplifier design, and it is also used for oscillator design [12].
al There are also other techniques in MMIC oscillator design, such as single-ended [13]

and push-pull {14] techniques. It can be found that a buffer amplifier at the oscillator
output can usually provide better load isolation and power output stability.

It is well known that MMIC-based oscillators have very high noise power density
and that the stability is rather poor [15]. A common solution to this problem is
ts to utilize a resonator external to the MMIC. There are a number of choices for the
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external resonator, such as a dielectric resonator oscillator (DRO) [16], a crystal

yttrium iron garnet (YIG) oscillator, or a phase-locked loop (PLL) with an external
oscillator [15].

Typical performance characteristics of recently developed oscillator chips are as

follows:

1. A Ku-band MMIC voltage-controlled oscillator (VCO) was reported in (15].
The oscillator is tunable over the frequency range 14 to 18 GHz with a mini-
mum output power of 18 dBm and a phase noise of -88 dBc/Hz at a 100-kHz
offset from the carrier over the temperature range 0 to 65°C.

2. A wideband MMIC oscillator chip was described by [16], which was designed
for fast-switching DRO and VCO applications. Its frequency settles within

0.6 MHz of the final frequency in only 0.5 us. As a VCO, the frequency range
of this device varies from 10 to 14 GHz.

11.2.5 Switches

Broadband switches represent serious problems for the designer because of the
wideband requirements for these devices. The designers attempt to incorporate as
many devices as possible with characteristics that are highly insensitive to frequency
changes. We demonstrate that acceptable solutions are available by describing some
representative devices and listing their performance.

The broadband switches that are used in switching circuits all currently use

FETs employed in a “resistive” switch mode. The virtues of the concept are that
the switch consumes negligible switching or “hold” power, and switching specds
are typically less than Ins. In addition, the FET switches are entirely compatible
with the fabrication processes used to form amplifiers and are consequently highly
integrable. On the negative side, when compared to PIN switches, the FETs provide
relatively high insertion loss. When they are used as input or lower power T/R
switches, the insertion loss penalty is not important unless a premium is being
placed on noise figure. When they are used as output switches, where switching
operations have been demonstrated with power levels of a few watts, the typical
insertion loss encountered, 0.7 to 0.8 dB, imposes a heavy tax on delivered power.

Table 11.4 gives the performance data for a number of GaAs MMIC switches,
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crystal
xternal Table 11.4
Typical Performance of MMIC Switches
3 are as
Freq. Range (GHz) Isolation (dB) Insertion Loss (dB) Input VSWR
) 2-18 80 (min) 2.3 (max) 1.6:1 (max)
m [15] dc-20 35 (min) 1.6 (max) 1.5:1 (max)
el 30-40 32 (min) 0.7 (max) 1.5:1 (max)
00-kHz
ssigned 11.2.6 T/R Modules
within
7 range Multichip T/R Modules
The advantages of GaAs MMICs over the traditional hybrid-circuits approach are
well established. However, two obstacles stand in the way of widespread use of
MMICs in wireless systems. They are high MMIC development costs and the long
of the development cycle. GaAs macrocells offer a quick, low-cost and low-risk approach
cate as to new MMIC system design. The crux of the macrocell-based design methodology
juency is the use of precharacterized component cells (e.g., amplifiers, mixers, switches,
g some phase shifters) to form system-functional building blocks. These building blocks
are integrated into larger GaAs ICs to form a single-chip subsystem, which can, in
ly use turn, be combined to build complete microwave systems [22].
‘e that A typical block diagram of the T/R module is given in Figure 11.10. To realize a
speeds complete MMIC T/R module, certain critical problems must first be solved. One is
yatible the elimination of the requirement for narrowband filters in the system design. An
highly MMIC filter occupies a large area and limits the usable frequency range. The use
rovide of a filter fails to exploit the MMIC’s distinctive features. Since the RF amplifier
r T/R has a broadband response, undesired signals or noise signals corresponding to the
being image frequency may inevitably be amplified and converted along with the wanted
tching signal. To reduce the undesired image noise, without resorting to filters, one will
ypical find that an image rejection mixer is indispensable.
ower. Another problem faced by the design of a MMIC T/R module is the suppression
itches, of MMIC oscillator noise. An MMIC oscillator has a fairly noisy output spectrum

and its monolithic resonator has low-Q characteristics. Oscillator noise consists of
phase noise near the carrier, as well as noise removal from the carrier frequency. The
phase noise problem is solved by employing a high-speed PLL. Since phase noise
is the result of rapid fluctuations in the oscillator frequency, it can be significantly
suppressed by expanding the loop bandwidth of the PLL circuit. The following are
some examples of typical multichip MMIC transmitter or receiver modules and the
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Receive D— == Oul

PLL

Transmu( D'—

Figure 11.10 Configuration of an MMIC T/R module.

values of their operational parameters:

1. A 30-GHz MMIC for satellite transponder receiver was implemented using
seven MMIC modules plus a crystal oscillator and a loop circuit (NTT, Japan,
1990, [23]). Some of its operational parameters are listed in Table 11.5.

Table 11.5
Operation Parameters of a 30-GHz MMIC Receiver by NTT [23]

Values Units
Receiving freq. 29.25 to 31.0 GHz
Small signal gain 98 (min) dB
Noise figure 8.2 (max) dB
Limiting range 27 (min) dB
IF 1.045 0.1  GHz '
IF output level 10 £0.7 dBm 1
Image ratio 18 (min) dB k
AM/PM conversion 1 (max) deg /dB {
Local oscillator -80 (max)  dBc/Hz €
Spurious responses 50 (min) dB r
Power consumption 5.2 w S
Operation temperature  -10 to 40 °C ¢

2. An S-band receiver frontend incorporates five MMIC chips, including low-
noise amplifier, in-phase signal splitter, quadrature local oscillator splitter,
passive routing chip and dual-channel mixer (Plessey, U.S., 1985, [24]). The
receiver system has a gain of 36 dB and operates in the band 2.7 to 3.1 GHz.
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The maximum noise figure is 8 dB and the IF output level at 60 MHz is 11
dBm.

3. An L-band MMIC receiver was developed by ANADIGICS, Inc. [25]. The
front end of the receiver was comprosed of a single-pole double-throw switch,
which was used for antenna selection, followed by RF amplification, double
balanced mixer, and buffer amplifier (for the local oscillator). The first IF
amplifier, which is preceded by a SAW filter, is followed by another filter and
a second high-gain limiting amplifier. The receiver operates between 0.8 to
1.2 GHz and has a gain of 100 dB. The IF is at 300 MHz.

4. A receiver system composed of two LNAs, a Schottky diode mixer, and a
buffer amplifier, which was fabricated using 0.25-um PMHFET technology
has been integrated in a package with K connectors [26]. A conversion gain
of 24 dB along with a double-side-band noise figure of under 4 dB has been

sing measured at 38 GHz. The system has a dynamic range of 25 dB and has an
pan, output level of 20 dBm at the 1-dB compression.

5. An X-band T/R module for space applications has been designed and fab-
ricated by Alenia Research Center [27]. This module, which was developed
based on the multichip module approach, was integrated in a single package.
the package incorporates thin-film interconnections and bias, as well as driver
and switching circuits. A relatively small number of MMIC was used in the
module. The RF and dc interconnections along with the Si integrated circuits
for signal control was realized using a highly integrated form of thin-film de-
position on aluminum. The whole ceramic package is hermetically sealed and
it has feedthrough ports for RF, dc and control signals.

Fully Monolithic T/R Modules

Fully integrated MMIC T/R modules improve system reliability and reduce assem-
bly and tuning time because of the reduction in parts count and interconnections.
Unit-to-unit phase and gain tracking is also improved for the same reasons. These
attributes make MMICs an excellent choice for applications where repeatable and
reliable performance is required. The fully integrated MMIC system chip is, no
doubt, the best choice of the available options for wireless communications, espe-
cially for satellite communications. There are a number of fully integrated MMIC
T/R modules, that have been reported in the literature, such as:

low- 1. A fully integrated GaAs microwave receiver was developed for DBS applica-
tter, tions at 12 GHz. The receiver comprised an LNA, filter, mixer, LO, and IF
The amplifier on a single GaAs chip. The LO was a common-source FET oscil-

lator, configured with series capacitive feedback circuits, which were used for
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stabilization. It also incorporated an off-chip dielectric resonator. The tech- 1

nology wa based on self-aligned FETs with a 0.7-um gate length [28]. Its
operational parameters are listed in Table 11.6. A
.
ju
Table 11.6 d
Operational Parameters of a GaAs Fully Integrated Microwave Receiver al
li
Values Units ar
RF 11.7t0 125 GHz a
IF 0.95 to 1.75 GHz de

Reject image band 9.0-9.8 GHz

Gain 2543 dB at
NF 4.5 dB né
Chip size 25x25 mm? re
ke
fo
2. Finally, we describe a single chip Ka-band transceiver for FM-continuous wave A
(CW) radar applications. The transceiver consists of seven active micro- m
cells: VCO, buffer amplifier, power amplifier, LNA, single balanced mixer, of
voltage-controlled phase shifter, and attenuator. The technology is based on for
single-process InGaAs HEMT [29]. Its operational paramelers are listed in re:
Table 11.7. nu
co
by
Table 11.7 th

Operational Parameters of a Single-Chip Ka-Band Transceiver

fol
Values Units as;
RF 37to 40 GHz Ete
IF 10 to 100 MHz
Conversion loss 0 dB 1
NF 9 dB
Transmitted output power +12 dBm Th
Chip size 4.35*7.0 mm? rar
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tech- 11.3 ANALOG-TO-DIGITAL CONVERTERS

. Its
l As mentioned earlier, the ADC is a major component of a digital beamforming

system, which makes the attending signal-processing operations possible. At this
junction, a review of the state of the art in ADC technology and projected future
development are appropriate to the discussion of DBF. Although essentially there
are only two kinds of ADCs (i.e., linear and nonlinear), the focus here will be on
linear ADCs. A variety of architectures are available for today’s ADCs. We will
avoid going deeply into the architectures of various types of ADCs in order to give
a clear picture of the state of the art in ADC technology and its possible future
development.

Many parameters can be used to characterize the performance of an ADC; these
are resolution, speed, linearity, dynamic range, and power consumption, just to
name just a few. Usually, different applications will place different weights on the
relative importance of the ADC parameters. For example, linearity may be the
key specification for ADCs in a wide-bandwidth spectral signal analysis, whereas
for an airborne radar application, a high dynamic range is more important [30].

wave As a matter of fact, as ADCs become more and more application-specific, many
aicro- more new parameters are introduced to characterize ADC performance, and many
nixer, of these parameters are often interrelated. After all, a designer’s first consideration
ed on for an ADC is to ensure that the converter can provide data with the required
ed in resolution and throughput. An ADC’s throughput is defined here as the maximum

number of conversions per second that the ADC can perform. Analog-to-digital
conversion used to be carried out by a sample and hold amplifier (SHA) followed
by an ADC. Nowadays, ADCs usually have their own internal SHA. This makes
the SHA’s sampling rate an indicator of a ADC’s throughput ability. In what
follows, we will use sampling rates and resolution as the two prime parameters in
assessing various ADCs. Of course, an ADC is used in a data acquisition system,
other parameters concerning a ADC’s dc and dynamic performance should always
be considered along with these two prime parameters.

11.3.1 The State of the Art

The sampling rates and resolutions provided by present-day ADCs cover a wide
range of values, with typical resolution values varying from 8 to 24 bits, and sampling
rates ranging from a few kHz to several GHz. Invariably, ADC designers must aim
for a balance between, these two parameters because it is very difficult to achieve
both a high sampling rate and a high resolution.

Table 11.8 lists some representative examples of high-performance ADCs, each
with its own resolution and sampling rate, that represent the state-of-the-art ADC
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tc
Table 11.8 G
Performance of State-of-the Art ADCs Reported in Literature. e
Designer Resolution (bits) Sampling Rate Fabrication Technology 1
HP Co. 8 4 GHz Hybrid circuits p
T. Ducourant et al. 4 3 GHz GaAs
F. G. Weiss 8 1 GHz GaAs T
Philips Research Labs 8 650 MHz Bipolar a
Kimura, Hiroshi 10 300 MHz Bipolar
Signal Processing Tech 12 30 MHz Bipolar :E
Karanicolas et al. 15 1 MHz BiCMOS
Y. G. Ming et al. 16 320 kHz &=
Crystal Semiconductor 20 256 kHz 3pum CMOS ]:
technology [31-38]. It should be pointed out that of the ADCs listed in the table, pe
only the one from Signal Processing Technologies Co. is commercially available, P
The reason is that there is a big gap now between the technology-based ADC po
research being carried out at various research laboratories in the world and those O}fl
technologies being adopted by semiconductor companies. As Frank Goodenough :w(

pointed out in [39], most commercially available ADCs are now the producl of o]
market demand rather than technology push.

Despite this diversity of ADCs, they can be divided into two main categories:

silicon-based and GaAs-base, with the silicon-based being dominant. Silicon-based iZ;
ADCs usually incorporate bipolar technology, complementary metal oxide semicon- rec
ductor (CMOS) technology, or the combination of the two. of

The dominance of silicon-based ADCs is based on economical nature rather cat

than technological considerations. Experiments that have been carried out on both one
silicon and GaAs devices have demonstrated that GaAs devices have the following B

. rec
advantages over silicon devices: sili-

1. GaAs devices switch at faster rates; therefore, they pass signals more rapidly. in

2. GaAs devices consume less power at high speeds. cor

3. GaAs devices operate over a wider temperature range.

4. GaAs devices are intrinsically more radiation-resistant (hard) than silicon de- ]
vices, because greater energy is required to ionize the material. tor

5. GaAs devices have lower noise thresholds, dey

Although the unusual properties of GaAs have been recognized by users of high- pat

speed digital and analog devices for many years, its development was slow due
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to the difficulties and the high costs involved in the fabrication of GaAs devices.
GaAs hybrid microwave integrated circuits (HMIC) and GaAs MMICs are the only
exception to this rule because of their strategic importance to the defense industry.

ology 11.3.2 Future Trends

S Predicting the trend for a rapidly moving field such as microelectronics is difficult.
The history of the development of microelectronics has shown that precise long-term
prediction is virtually impossible.

Although many high-speed heterostructure devices, called second-wave devices
such as quantum electron devices, InP-based transistors, and high-frequency resonant-
tunneling devices, have been under investigation, there is little possibility that these
devices could be incorporated into the design of ADCs in the near future [40]. It
is expected that silicon and GaAs will still be the two dominant technologies for

_ ADCs.
While both silicon and GaAs technologies will continue to evolve, GaAs is ex-
e pected to play an increasingly dominant role in the ADC industry. Today’s high-
)lej speed ADCs still have a number of unsolved problems, primarily with respect to
DC power consumption, dynamic range, and cost, This is the main reason why much
ose of the current research in ADC technology is largely focused on overcoming these
- shortcomings. It is expected that future ADC development will be channeled into
two directions: (1) improvements in speed and resolution, and (2) improvements in
of other areas, such as power consumption, to make ADCs easier to use.
- In general, the current GaAs technology is used to extend to capabilities of
]:es(i low-speed silicon based systems, thereby allowing for interfaces to be made to GHz
:on- logic and microwave systems [41]. This indeed applies directly to ADCs that are
’ required for directly sampling RF signals in a software receiver. As well, because
her of the rapid progress being made in fields such as signal processing, fiber optics,
oth satellite communications, and radar, ADCs are required to perform at a much higher
ing speed and resolution while at the same time consuming less power. In applications

requiring high-speed and low power consumption, GaAs may eventually replace
silicon. It may also be able to perform the functions that are currently not available
dly. in silicon. For low-speed applications, on the other hand, cost considerations may
continue to tilt the balance in the direction of silicon.

It is almost certain that in a few years there will be a wide array of devices,
centered on low power consumption (low supply voltage), high resolution, satisfac-
tory dynamic range available to the design engineers. The sampling rate for these
devices will be as high as 4-GHz. As for the range above 4 GHz, we could antici-
pate practical ADCs making their appearance in the commercial marketplacein due

de-
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course. Eventually, these ADCs will be priced low enough for them to be adopted

into practical systems.

11.3.3 ADC Technology and Digital Beamforming 1
Here we consider the ADC technology that is most likely to be used for digital beam- A
forming. Base on the estimate made above and considering the unique requirements
of digital beamforming, we can easily say that GaAs ADCs are the most promising. ?I
This is based on the following considerations [39,42,43]: o
1. GaAs ADCs can deliver the high speeds required by digital beamforming o)
with low power consumption. Although it is likely that some silicon-based P
ADCs may satisfy the speed requirements, power consumption will continue e
to be a severe drawback for silicon-based ADCs. This is due to the higher G
intrinsic power consumption of silicon devices. For example, in the 8-bit, 4- el
GHz silicon-based ADC listed in Table 11.8, which consists of one sampler i
chip, four ADC chips, and four FISO chips, the power consumption of the ke
sampler chip alone is 5.5W. Although we can expect the power consumption fr
of silicon-based ADCs to decrease with time, whether or not they will attain
rates as high as a few GHz while at the same time drawing low levels of power 9l
is very much in doubt. g
2. GaAs ADCs can operate in more adverse environmental conditions than silicon- of
based ADCs. They can withstand greater temperaturc ranges, they exhibit S)
greater radiation hardness, and they have small noise figure. Radiation hard- .
ness or radiation resistance is a very important consideration in the design of b
satellite-based systems. Therefore, in the application of digital beamforming A
to future satellites it would be expected that GaAs will be the technology of s
choice for ADCs. D
3. Since GaAs technology has now reached a reasonable level of maturity, it is
expected that there will be steady growth in the number and selection of de
MMICs that will available to design engineers. Although it is still technically
impossible to integrate an ADC and an MMIC onto a single monolithic IC, fo
because the fabrication processes for the two devices are somewhat different, D
it is expected that with future developments in GaAs fabrication technologies, st
the two will eventually be integrated. The advantages of a monolithic ADC .
and MMIC chips are obvious: 2
a. Improved circuit reliability, brought about by a reduction in the number I();(
of wires and interconnections; -

b. Promise of cost reductions due to batch processing;

Exhibit 1023
Page 270 of 315

Ubiquiti Inc. v. XR. Comm.
IPR2024-00148



DBF Transceiver Technology 259

adopted c. Smaller package sizes, resulting from the use of monolithic IC technolo-
gies.

11.4 SOME EXAMPLES OF DBF SYSTEMS

al beam- A sampled aperture radar system with 32 10-dB standard gain horns at X band,
irer.nt.ants a double-conversion transceiver, and analog I and Q channels was reported in [44].
OMmISINg. The receivers are coherent, with frequency stability to 107'2, accuracy of 0.1 dB
and 1°, 0.1-Hz Doppler resolution, and 1-Hz to 2-kHz sampling rate. The trans-
forming mitter radiates at two frequencies simultaneously, using either horizontal or vertical
= BEsed polarization. The power of the transmitter is 100 mW. The radiating face of the
~ontine antenna consists of a linear array, composed of 32 elements (22-dB horns) and an
> higher aperture of 1.82m. An interelement spacing of 0.05715m was used for the antenna
3-bit, 4- elements. The antenna was constructed with a very high level of precision. For
sampler example, a tolerance of 0.1 mm was used for matching the face of the array. While
1 of the keeping one of the frequencies constant, the array has the ability to vary the other
umption frequency in small steps (e.g., 30 MHz), from 8.0 to 12.4 GHz.
1 attain A 76-element DBF receiver system was reported in [45]. This system was devel-
f power oped by General Electric for Army Missile Command. The system specifications are
given in Table 11.9. The stringent image rejection requirements led to the choice
1silicon- of triple down-conversion bandpass sampling. Further, the receivers used digital
exhibit synchronous phase detectors rather than the more conventional analog detectors in
1 hard- order to produce high-quality I and Q signals. That is, the I and Q signals were both
ssign of balanced and highly linear. This choice was made with the objective of keeping to
‘orming minimum the deleterious effects of the residual image components and third-order
slogy of intermodulation product on the extensive signal processing that takes place in a
DBF system.
by, it is General Electric developed still another digital beam steering antenna [46]. The
tion of detailed specifications for this system are given in Table 11.10.
mmically Chujo et al. [47,48] carried out a design study on the use of a DBF antenna
hic IC, for mobile satellite communications. They discussed the configurations that the
flerent, DBF antennas would take if they were used for both receiving and transmitting
slogies, signals in a digital communications system. A design for an experimental system
c ADC was presented, consisting of a two-dimensional array with elements arranged in a
2x 4 grid pattern. The interelement spacing was a half-wavelength and the antenna
amb polarization was right-hand circular. The system operated at a frequency of 1.54
3 er

GHz and used CW signals for both transmit and receive. The calibration of the
whole system, except for antenna array, was carried out in the digital domain.
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Table 11.9
DBF Receiver Module Characteristics for The System Reported in [45]

Operating freq. 5.25 to 5.85 GHz
Noise figure 6.0 to 7.5 dB
Signal bandwidth 400 KHz
ADC resolution 12 bit
Image rejection 50 dB
Dynamic range 72 dB
Intermodulation products -50 dB

An eight-element transmit/receive array operating at 1.85 to 1.97 GHz is cur-
rently under development at the Communications Research Laboratory, McMaster
University, Canada. This DBF system, together with two additional transceivers
that act as mobile handsets, will be used to implement a complete two-way digital
wireless communications system. Beamforming will be carried out on both transmit
and receive. The transceiver will support time-domain duplexing with the option
of frequency duplexing as a future upgrade. The receivers are designed for a 4-dB
system noise figure, high dynamic range, and 50 dB of gain control. Baseband
quadrature outputs with a bandwidth of up to 5 MIlz are provided, as well as a
second IF output for direct sampling. The maximum transmit power is 25 dBm
per element. Data acquisition and processing are handled by a VME/VSB-based
gystem, which consists of an ADC board and a DSP board lLosted by a Sparc 1T
class workstation. The acquisition board, an ICS-150, provides four ADC channels,
each with a maximum sampling rate of 20 MHz at a 12-bit resolution. Likewise,
four 20-MHz D/A channels are available for arbitrary waveform (modulation) gen-
eration. Data are buffered at full speed by a large onboard first-in first-out (FIFO)
buffer. The acquisition board supports direct-memory-access (DMA) transfer via
both VME and VSB buses. A high-speed analog multiplexer will be used to take
these signals sampled at the antenna’s eight elements and direct them to the signal
processor. A high-performance CSIP SC-3 array processor is being used to carry out
the DSP functions. This is an i860-based board providing up to 100 MFLOPs. The
array processor is programmable in C or FORTRAN and has an extensive vector
library. High-speed data transfer in and out of the DSP board is accomplished via
both the VME and VSB buses. Digital beamforming and digital receiver functions
are handled by the DSP board.
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Table 11.10
Parameters for DBF System Reported in [46].

Array Parameters

Frequency band

Array type

Array element type
Broadside azimuth HPBW
Elevation HPBW
Azimuth scan capability

5.2 to 5.7 GHz

32-element linear array

8 dipole column +2 dummies
4.2° (35-dB sidelobe taper)
7.9° (uniform taper)

+55°

Receiver Parameters

iil:Za(;:;r Receiver type triple-conversion, frequency-agile
— Image rejection 50 dB
7 gl Frequency tuning 26 frequencies across band
transmit Short-term stability 10-°
8 Ggition Instantaneous signal bandwidth 500 kHz
2 4-dB Noise figure 4.5 dB
3aseband Dynamic range 42 dB
well as a ADCs 10-bit I and Q
95 dBm Sampling rate 0.5 MHz
SB-based ADC operating point RMS noise to quantizing bit = 2
Sparc 11 Phase mismatch 2° rms (max)
chantels, dc offset 1/4 LSB
iiers, I and Q delay mismatch 20 ns (max)
cipnjjgen: Calibration method se.lf-calibrating bilateral loop
t (FIFO) including synchronous detectors
ansfer via
«d to take
the signal
carry out
OPs. The
ive vector
lished via

functions
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Chapter 12

soks,
Digital Signal Processing Technology
ctive,
west As mentioned, DBF offers many advantages over its analog counterpart. However,

its implementation requires a great deal of raw DSP power. That is, high speed
mpo- digital processors are needed for operations such as analog-to-digital conversion, ad-
dition, multiplication. Therefore, the question that needs to be asked and answered:

G does DSP technology advance to the point to allow for the cost-effective implemen-
_ tation of DBF in wireless communications systems? To answer this question, we
';I:Slz need to first assess the DSP technology in a number of aspects. DSP systems have

progressed remarkably in the past decade, especially in the last few years. Advances
sl in circuit technology, architectures and algorithms have led to rapid advances in the
mron capacity of DSP chips, which in turn has led to major improvement in the capabili-

ties of communications systems. The advances are so rapid that they are described
in terms of weeks and months. Thus, the assessment provided here is by no means
complete and thorough. We are only able to focus our attention on a limited number
of issues, which will, we hope, reflect and exemplify the progress of DSP technology.
Based on the rough assessment, we will then try our best to evaluate the feasi-
bility of DSP technology to DBF in different wireless communications systems.

12.1 DSP PROCESSOR ARCHITECTURES

Although in principle all digital signal processing algorithms can be implemented
by programming a general purpose digital computer, in many cases it is found that
this is not an effective solution.The architectures of general purpose computers are
found to be less than optimal when it comes to real time implementation of DSP
algorithms. Therefore, the architectures of DSP processors have been developed to
have distinct features that distinguish them from general computing systems. One
of the major differences between computers and signal processors is the unbalanced
distribution of processing operations provided by the latter. This in response to the
fact that most signal processing algorithms require a very large number of repeated

265
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arithmetic operations of a relatively simple nature, combined with a small number
of input/output operations. Furthermore, if real-time operation are desirable, even
a modest signal processing need would require a computational rate found only in
very large computers, and yet on the other hand, only a small fraction of the so-
phisticated operating functions that such systems offer would be used. Due to these
factors, considerable effort has been invested in the design and implementation of
various digital signal processors. Considering the different design methodologies
and application environments, DSP processors are usually classified into two main
categories: general-purpose processors and special-purpose processors. A general-
ized structure of a general purpose DSP processor is shown in Figure 12.1. Despite
of the wide variety of algorithms used in signal processing, DSP processors usu-
ally share a number of common architectural features. This is true for both the
general purpose and special purpose DSP processors. The main features of DSP
architectures usually consist of fast arithmetic units, multiple functional units, par-
allel computation, pipelined functional units, localized data communication buses,
and high bandwidth buses, etc. In what follows, we

common features of DSP processors.

will present some of the most
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bus interface

el I
RAM

Program address bus
Data address bus

Program
08 Address RAM
- X data Y data
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1 or ata
cache Data for X data
P m i
rg'i-a X data bus
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Figure 12.1 Architecture of general purpose digital signal processor.
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Wl number 12.1.1 Specialized Arithmetic Hardware
abig even The most fundamental characteristic of DSP processors is their incorporation and
:d only in integration of high performance multipliers and adders. Many processors are capable
Of_ £ie &5 of performing multiply-accumulate operation in a single instruction cycle. Typical
N to.these multiply-accumulate times can range from 10ns to 100ns.
nta.tlon.of DSP processors can be categorized by the methods used for arithmetic storage
meIOg]?S and manipulation: i.e. fixed-point or floating-point. Although fixed-point systems
S mEn are simpler to design, they suffer from inherent difficulties when it comes to scaling.
A generle- As the number of adds and multiplies increases, the calculation result will tend to
-+ Despite exceed the limitations of the fixed-point scheme. Thus, the results must be scaled
b il to prevent the overflow. In contrast, floating-point systems avoid these limitations
both the because the number is represented by a mantissa and an exponent. However, the
e .Of DSP disadvantage of floating-point systems is the cost and complexity to support the
LIS DBt mantissa-exponent representation.
.on buses,
the most .
12.1.2 Multiple Buses
There are many ways to enhance the system throughput by increasing the rate of
data access. A common approach is to use multiple memories and corresponding
buses for parallel memory access. In general, DSP problems are often easily parti-
tioned into two or more distinct address spaces. For example, when implementing a
digital filter, the coefficients, the input and output delay variables, and the program
are all distinct entities. By providing three separate address spaces, all three data
types can be accessed in parallel. The number and type of multiple buses used in
DSP processors varies from device to device. For instance, early processors incor-
porated a basic Harvard architecture [1], where instructions and data are stored
separately in distinct address spaces. Most recently, the architectures of processors
bus have been extended by either providing more than two address spaces, providing
, a program cache, or a combination of both. For instance, the Motorola DSP96002
us

provides three address spaces that can be accessed concurrently [2].

Several DSP processors have dual internal data memories and access to an exter-
nal memory. The ADSP2100 chip from Analog Devices Inc. has a 16-word program
cache which allows access to two external data words in a single cycle. The Texas
Instrument TMS320C25 chip has a repeat facility [1], which means that a single in-
struction can be repeated a specific number of times with one single fetch from the
external program memory. Moreover, Texas Instrument’s TMS320C30 chip is con-
figured with a 64-word program cache and includes a direct memory access (DMA)
arrangement which transfers blocks of data from an external memory into the ALU.

Exhibit 1023
Page 279 of 315

Ubiquiti Inc. v. XR. Comm.
IPR2024-00148



268 Digital Beamforming in Wireless Communications

12.1.3 Parallelism and Pipelining 3

The need for parallel processing in DSP systems is becoming increasingly evident.
Non-parallel or sequential processors are quickly approaching the upper limit of
their computational potential. This potential performance envelope is dictated by
the speed of light, which restricts the maximum signal transmission speed in sil-
icon to 3x10” m/s. Thus, a chip with a 3 cm diameter requires of the order of

107 s. to propagate a signal, thereby restricting the speed of such a chip to at I
most 1000 MFLOPS. Although other technologies such as gallium arsenide (GaAs) mod
provide a shorter signal propagation time than silicon, they represent only a minor gran
delay to the inevitable saturation of the speed performance of chips. Thus, sequen- gle i:
tial processors are quickly approaching their upper bound, thereby making parallel a pe.
computing the wave of the future [3]. Today, many parallel processors incorporate
a control-driven or von Neumann form of execution. In this approach, two or more 12.2
conventional uniprocessors are connected together and concurrently execute tradi-
tional fetch-and-execute instructions. In general, there are three types of parallel Gene
architectures: single instruction stream with multiple data stream (SIMD), multiple to ge
instruction stream with single data stream (MISD), and multiple instruction stream rithn
with multiple data stream (MIMD). The SIMD and MIMD have been proved Lo be to re
the most important control-driven parallel architectures, while MISD has received as cc
much less attention and has been challenged as being impractical 4]. tion,
The performance of DSP processors is considerably enhanced by considering The .
pipelining with parallel processing. The techniques used by DSP Processors can comt
be divided into three categories: interlocking, time-stationary coding, and data- form:
stationary coding. Each is characterized in terms of how the programmer pipelines have
the parallel execution of instructions [5, 6]. has t
recen
1. When using the interlocking approach, the programmer does not consider Ic

the details of the pipelining. That is, the programmer writes code without

roce

knowing whether or not the executions of the previous instructions has been gerfo:
completed. If a conflict occurs, such as an instruction requiring results of must

a previous instruction, the control hardware interlocks the execution of the Some
instruction. cializ

2. In the time-stationary coding approach, the programmer is given more ex- real 1

plicit control over the stages of the pipeline. This is accomplished by having of fiel
each instruction specify all operations that occur simultaneously in a single

few. 1
instruction cycle. When a conflict in access appears, such as a register being pace i
used as the destination of an operand fetch and as a source for a multiply- techn:
accumulate operation, the source value is taken as that resulting from the mon °

earlier instruction making demands on that register.
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3. The data-stationary coding approach incorporates instructions that specify
all operations to be performed on a single set of operands from memory. In-

ent. stead of specifying what happens to the hardware at a particular time, in this
t of approach instructions specify what happens to the data throughout its pro-
1 l:)y cessing cycle. Thus, the results of each instruction are often not immediately
Sll; available for use by subsequent instructions.
ro
> at For instance, Motorola’s DSP96002 processor uses the time-stationary coding
As) model of pipelined parallel instruction execution [2]. Under this model, the pro-
inor grammer is given explicit control over instructions that occur concurrently in a sin-
1en- gle instruction cycle and the associated pipeline stages. This processor can achieve
allel a peak performance of 60 MFLOPS with a 40 MHz clock frequency.
rate
1ore 12.2 GENERAL AND SPECIAL DSP PROCESSORS
adi-
alel Generally, signal processing is performed using basic mathematical tools in order
iple to get the information of interest into a desired form or representation. The algo-
sam rithms may appear to be different , but manipulations of the actual signals tend
» be to rely on a relatively small set of fundamental signal processing operations, such
ved as convolution, correlation or difference equation calculations for filtering opera-
tion, DFT/FFT coefficient calculation, vector or matrix arithmetic operations, etc.
[ing The actual problem at hand simply specifies the way in which these operations are
can combined to accomplish the required processing and to realize the minimum per-
wta- formance requirements. It is for this reason that general purpose DSP processors
ines have emerged as a major solution to most DSP problems. This is true today as it
has been in the past. Table 12.1 are given some of the main features of the most
recent commercial DSP processors.
der In many applications, only a limited number of highly specialized digital signal
out processing functions need be implemented. Furthermore, the functions must be
een performed in real time, and the approach adopted for carrying out the processing
s of must be cost effective and competitive with alternative analog implementations.
the Sometimes it is found that general purpose DSP processors cannot meet these spe-
cialized requirements, while at the same time being cost effective and running in
?X' real time. In these instances, special purpose processors arise in a variety
ng of fields, such as telecommunications, radar and sonar processing, to mention only a
1.gle few. In actual fact, special purpose DSP processors are being developed at a rapid
ng pace as a result in great advances in application specific integrated circuit (ASIC)
1]}? . technology. In general, special purpose DSP processors have lot of features in com-
e

mon with most general purpose processors. The techniques discussed earlier for
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Conv(
Table 12.1 C
Performance characteristics of commercial DSPs. be ca
systo
Part Maker Speed  and On- Data wedth  Dedicated 1/0 residi
clock chip memory atten
ADSP21062  Analog 40 32 K words 32bfloat  Fast [/O port 240 an 1
SHARC Device MFLOPS RAM Mb/s Six link ports paral
120 MIPS 40 Mb/s each Two addit
40 MHz 40 MHz bidirectional te
serial ports SIEPR
TMS320C32 TI 40 512  words 32 b float Two 10 MHz serial that
MFLOPS RAM ports T
20 MIPS 40 and
MHz :
TMS320C40 TI 50 2 K words 32bfixed Six link ports (20 basec
MFLOPS RAM Mb/s) tradi
25 MIPS 50 RNS
MHz
TMS320C80 TI theoretical 12 K words 32b Crossbar  1/0 400 fioes
peak 2 Mb/s in M
GOPS techn
DSP96002 Motorola 60 2 K words 32b float None specific (two T
MFLOPS program external bus ports,
20 MIPS 40 2x512 words used for data and advar
MHz data RAM program as well as T
L O,) filters
DSP32C AT&T 25 1.5 K words 32b Serial port, general-
MFLOPS RAM purpose buses filter
125 MIPS high-
50 MHz Mitre
has
have
achieving high throughput and speed are also employed in the architectures of spe- T
cial purpose DSP processors. Special purpose DSP processors may be programmed syste
in a very narrow sense such as changing the coefficients used in the computation of detec
the algorithm, but they cannot be programmed to solve a completely new problem. but it
In addition, special purpose DSP processors have many architectural features that R e
differ from those of a general purpose DSP. For instance, bus structures may not ok
be, i.e. they may consist of many multiple and non-uniform buses; memories may becat
have multiple ports and may not conform to standard sizes. delet
To date, a number of special purpose DSPs have been developed, based on the opera
residue number system (RNS) (7, 8] as well as on systolic array technology [9]. The ing is

main functions performed by these DSPs include FFTs, inverse FFTs, FIR filtering, of tw:
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convolution, correlation, and vector multiplication [10, 11, 12].
Complex multiplication, which is one of the most fundamental operations, can
be carried out using either a residue number system (RNS) arithmetic multiplier or a
systolic array multiplier. The multipliers can be realized using an ASIC design. The
o residue number system, which is 1700-years-old, has been attracting a great deal of
attention recently. Digital systems structured into residue arithmetic units may play
an important role in ultra-speed, dedicated, real-time systems that support pure

ort 240

Wk ports parallel processing of integer-valued data. It is a “carry-free” system that performs
ch 'TWO addition, subtraction, and multiplication as concurrent (parallel) operations, side-
sestional stepping one of the principal arithmetic delays — that of managing information

that must be carried forward.

The microelectronics revolution has brought low-cost, high-performance RAM
and ROM to replace the expensive and slow core that was once used for RNS
sts (20 based systems. Modern semiconductor memory can be programmed to replace
traditional arithmetic algorithms by means of a simple table-lookup. Therefore,
RNS arithmetic can be performed as a table-lookup mapping, provided the process
does not exceed the address space of available memory. Today, RNSs are being built

[z serial

/

o in MOS, TTL, and ECL, and other researchers are exploring novel electro-optical
. technologies for implementing the RNS [13], but optical implementation is, at best,
;c pf)tr‘;vso a wave of the future. Today the semiconductor technology largely decides what
sta and advances that are possible in communications.

well as The RNS is now finding its way into many application areas involving digital
Slters and mathematical transforms. For example, a two-dimensional, RNS matched
filter capable of 20M operations per second was built and tested at Lockheed [14]. A
high-speed FFT based on RNS was developed at Martin-Marietta [15]. A group at
Mitre has developed error-correction machines using RNS [16]. An RNS comb filter
has been reported in [17], while RNS systems implemented using VLSI hardware
have been discussed in the open literature [10].

sispe: The RNS is potentially very fast even though the advantages of the fixed radix

general-
8

:E:;Zi system do not carry over. Algebraic comparison is difficult, as is overflow and sign
coblem detection, and division is awkward. An apparent asset of the RNS is its exactness,
’ but it turns out to be a shortcoming. In a weighted-number system, imprecision is
Slthat induced during truncation or rounding operations—simple operations in a weighted-
}ay not number system, that are needed to manage potential register overflows. However,
68 may because each digit in the RNS is of equal significance, none of the digits can be
deleted as can those of a weighted number system. Instead, inefficient RNS division

on Fhe operations must be used for scaling (rounding/ truncating) and dynamic-range scal-
9. F_Fhe ing is required in most RNS applications which involve multiplication. The product
ltering, of two RNS integers belonging to Zys is defined in Z3%. This geometric increase in

Exhibit 1023
Page 283 of 315

Ubiquiti Inc. v. XR. Comm.
IPR2024-00148



272 Digital Beamforming in Wireless Communications D

dynamic range can rapidly fill any practical dynamic range limit.

12.
The RNS multiplier requires less hardware compared to direct conventional
arithmetic. However, it has several drawbacks. 12.
L. To use RNS arithmetic, all inputs must be converted into an RNS representa- S.”.l(
tion. The overhead associated with this conversion is approximately equivalent silic
to a conventional multiply operation. Similarly, conversion of final outputs is dorr
required to get these quantities back into a conventional binary representa- ogy
tion. The associated overhead of which is of the order of three conventional .dls_s
operations. ISl
2. Operations in RNS arithmetic are integer operations. Therefore, cascading of ECI
multiplies results in a rapid growth of the output dynamic range. Bikig
3. The gain in efficiency using the RNS arithmetic requires that many opera- Ll
tions be executed in the RNS system for each associated input and output -
conversion. Thus, the RNS arithmetic is advantageous only when a hard- .
ware intensive implementation is needed for an algorithm that requires many as t
noncascaded multiply operations before an output is obtained. ;(I)I\:vu‘
The systolic multiplier is a distributed-pipelining operation in the direct binary used
format. Bits in a word are parallelly distributed to separate multipliers and the low
multiplication is carried out in a pipeline mode. It is interesting in several as- It cc
pects. First, they are large circuits, where the effect of circuit design as well as the biniz
properties of the interconnects affect the circuit performance. Second, they can be with
implemented by regular structures. Therefore, automatic synthesis techniques can or C
be used. In addition, the interconnect delay can be related directly to the circuit catic
size and shape [18]. fabri
Two’s-complement systolic array multipliers [19] are very well suited for use in drivi
the design of other systolic array structures utilized in DSP applications such as MO¢
DBF, where multiplication of complex data is required. Because there is no for- lower
mat conversion required, they require less overhead. The multiplication must be lem |
implemented using successive additions and the timing between operations are cum- rema
bersome. Although this scheme may present the highest permissible clock rate, its being
implementation becomes increasingly unwieldy as word widths increase. In addition, nolog
developing and testing such a time skewed data system can become a formidable mant
task. com.
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12.3 IMPLEMENTATION OF DSP

ventional
12.3.1 Semiconductors
Jresenta- Since the introduction of integrated circuits in the early 1960s, and before 1980s,
il silicon bipolar technology, particularly emitter-coupled logic (ECL) has been the
atputs is dominant technology used in the areas of fast computing. Although ECL technol-
—— ogy can provide high-speed devices, ECL circuits are characterized by high power
rentional dissipation and a low level of integration. Moreover, since the desirable character-
istics of ECL circuits are directly related to the level at which they consume power,
e ECL cannot benefit from device miniaturization [20, 21] However, the driving capa-
bilities of ECL can be improved by using active pull-down circuit technique {20, 22].
5 opETe: The cost that must be sustained is a significant increase in the number of compo-
1 output nents. . .
2 hard- During the 1980s, complementary metal-oxide-semiconductor (CMOS) emerged
& 10ET, as the dominant technology for integrated circuit applications. This trend has con-
tinued into the 1990s. The characteristics features of CMOS circuits are low cost,
low power dissipation and high level of integration. Simple scaling laws have been
't binary used for reducing FET dimensions [23]. The weakness of CMOS is its relatively
and the low driving capability. In the 1990s, a new technology called BiCMOS emerged.
veral as- It combines bipolar and CMOS transistors in a single integrated circuit. By com-
Al as the bining the strengths of both bipolar and CMOS, BiCMOS is able to achieve 1Cs
y can be with speed-power-density performance previously unattainable with either bipolar
ques can or CMOS technologies individually. Due to the increased complexity of the fabri-
e circuit cation process, BICMOS circuits suffer the disadvantages of higher costs and longer
fabrication time. BiCMOS technology has been used effectively for improving the
T use in driving capability, especially at 5 V power supply. However, the advantage of BiC-
such as MOS is being evaded with the introduction of supply voltages that are considerably
s no for- lower than 5 V [24]. Various schemes have been proposed to cope with this prob-
must be lem [25, 26].Simplification of the circuit structures is one of the answers, but much
are cum- remains to be done in this area. Recently, GaAs technology is now increasingly
rate, its being incorporated into high speed digital and analog system design. GaAs tech-
wddition, nology has been around for more than 25 years, but due to certain difficulties in its
‘midable manufacturing process, the development of GaAs has lagged behind that of the sili-

con. GaAs devices have many advantages over silicon devices, and this is especially
obvious when it comes to high speed applications. GaAs devices are now considered
by many system designers as next generation’s high speed system components. We
will elaborate on GaAs technology later on.
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12.3.2 ASIC Implementation custe
In recent years, a great deal of attention has been drawn to ASIC (application appr
specific integrated circuit) technology. Emerging as the mainstream of VLSI de- 1.

sign, ASIC technology is revolutionizing the design, manufacturing, and marketing

practices of electronics-related industries. The essence of this revolution is that in 9
pre-ASIC era, system engineers based their designs on components consisting

of microprocessors and standard integrated circuits, a process of building systems R
from chips; whereas in ASIC design, the designer now imports and integrates the field-
system into chips. The advantages of using ASICs include:

1.

1. Normally, the per gate price of an ASIC circuit is less than the equivalent gate 2

price of standard ICs using either small scale integration (SSI) or medium size 3.
integration (MSI). Thus, ASIC parts can reduce semiconductor component

costs and overall system costs. I

9. Smaller system size is a significant benefit. Compared to using SSI/MSI, _Of ar

ASICs can replace 100 or more parts with a single package and operate with ize d

less power. This also leads to reduced cooling costs. MP(

3. The ASIC approach can lead to a better systems performance. Because of the nect

application specific orientation, many system overhead functions associated @uc

with conventional microprocessors can be eliminated. Thus, the possibility of diffe

achieving very high performance is greatly enhanced. Besides, the intercon- !
nection delay on circuit boards and backboards can be substantially reduced

using ASIC chips.

4. The ASIC approach can offer higher systems reliability. Mechanical connec-
tions, such as wire bonds and cables, are a major source of reliability problems.

ASIC circuits can reduce mechanical connections by a ratio of 10:1, or more. 9
Although the full-custom design provides a circuit with optimized performance
and density, the semi-custom design has a considerable advantage. The reason is
that the semi-custom design can reduce design costs, minimize development times,
and increase the probability of success. Traditionally, ASIC designs are implemented
using two kinds of semi-custom approaches: standard cells and mask programmable

gate arrays. Standards cells are basic logic components designed as a customized tot

cells, where all the processing levels are unique. Circuit designers can pick standard thre

cells from the standard cell libraries and pack them together in rows or columns, and

much like variable-height or variable-width building blocks, and then interconnect the

them to create a high level semi-custom component. On the other hand, the mask gree

programmable gate array (MPGA) consists of a standard array of many gate circuits per

diffused into a chip. Circuit designers provide the manufacturer with a pattern for con

the interconnecting metallization which will convert the basic gates into functional gies
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custom circuits. However, the two main drawbacks of standard cell and MPGA
approaches are that:

oplication

VLSI de- 1. It takes several months to make a prototype after a layout is sent to the

narketing factory;

is that in 2. It is expensive to make small quantities of chips.

sonsisting

g systems Recently, there has been increasing interest in implementing ASIC design using

grates the field-programmable gate arrays (FPGA). The main advantages of FPGA include[27]:
1. It takes only minutes to make a prototype;

alent gate 2. It is cheap to produce small quantities of chips;

dium size 3. It offers low inventory costs and low probability of making mistakes.

ymponent

In general, the architecture of a FPGA is similar to that of a MPGA, consisting
3S1/MSI of an array of logic blocks, where the interconnections can be programmable to real-
, ize different designs. The major difference between FPGAs and MPGAs is that a

rate with
MPGA is programmed using integrated circuit fabrication to form metal intercon-
SeTofthe nections while a FPGA is programmed through electrically programmable switches
ssociated much like the traditional programmable logic device (PLD). However, FPGAs are
sibility of different from PLDs in the following aspects:
,liizr:::(; 1. The PLD routing architectures are very simple, but use highly inefficient
crossbar-like structures in which every output is directly connected to every
| connec- input through one switch. The FPGA routing architectures provide a more
roblems. efficient MPGA-like routing where each connection typically passes through
S several switches.
2. In PLD, logic is implemented using predominately two-level AND-OR logic
‘ormance with wide input AND gates. In FPGA, logic is implemented using multi-
reason is ple levels of lower fan-in gates, which is often more compact than two-level
nt times, implementations.
lemented
immable Thus, FPGAs can achieve much higher levels of integration than PLDs due
stomized to their more complex routing architectures and logic implementations. There are
standard three types of programmable switch technologies used in FPGAs: SRAM, antifuse
columns, and EPROM [27]. By choosing the appropriate granularity and functionality of
rconnect the logic block, and by designing the routing architecture to achieve a high de-
;he mask gree of routability while minimizing the number of switches, both the density and
> circuits performance of FPGA can be optimized [28]. In Tables 12.2 and 12.3, we provide
ttern for commercially derived assessments of trends in CMOS and ECL gate array technolo-
inctional gies. These were obtained from information released LSI Logic and Motorola.

Exhibit 1023
Page 287 of 315

Ubiquiti Inc. v. XR. Comm.
IPR2024-00148



Digital Beamforming in Wireless Communications Digii

whick
Table 12.2 to 32
Commercial CMOS gate array technology from LSI Logic. perfo.
In
1986 1988 1995 2000 attrik

Process technology (um) 2 1.5 0.35 0.1
Max. no. of usable gates 8,000 50,000 500,000 3,000,000 L.

Gate delay (ns) 1.4 0.57 0.13 0.05
Power (pW /gate/MHz) 20 15 3.6 2 N
12.4.
Table 12.3 The
Commercial ECL gate array technology from Motorola. has ¢

1987 1991 1995 2000
comg
Process technology (p#m) 1.5 1 0.7 0.3 _—
Max. no. of usable gates 10,000 70,000 300,000 900,000 input
Gate delay (ps) 100 40 18 6 -
Power/gate (mW) 2 1.2 0.6 0.2 vectc
adde
and {
12.4 MAJOR FUTURE TRENDS IN DSP 2 sig:
12.4.1 Performance f”’pe
in th
DSP processor performance will continiie to increase geometrically. This means know
that its performance growth will parallel the historical growth that has occurred form
in the capacities of general purpose computers. For example, throughout the g
past decades, Intel has consistently delivered processors with a 4-fold increase in other
capabilities every three years. Processors based on Hewlett-Packard’s precision- nonli
architecture reduced-instruction-set-computer (PA-RISC) architecture has averaged I
performance improvement of 65% per year over the last ten years [29]. By 1996, cent
the microprocessor performance will be nearly 1000 MFLOPS [29]. According to proce
Lewis [30], the perforinance of processors will surpass the 800-SPECmark ncar the from
year 2000, that is, the performance of processors will undergo a tenfold increase in tics
less than a decade. (Note: the 800-SPECmark is a benchmark established by the the 1
SPEC consortium of vendors that more or less measures Unix performance under funct
simulated conditions.) Moreover, multiprocessing and parallel processing can offer a trans
further increase in the performance of DSP processors. For instance, the Exemplar In ac

Scaleable Parallel Processor, introduced in March 1994 by Convex Computer Corp.,
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which employed as many as 128 HP’s CMOS-based PA-RISC processors, with up
to 32 Gbits of globally shared physical memory, can attain up to 25000 MFLOPS
performance [31].

In the near future, an enormous increase in DSP processor performance may be

attributed to:

1. Wide ranging applications of multiprocessing, parallel processing and pipelin-
ing in DSP computing;

2. Employment of high speed SRAM cache between the DSP processor and main
memory in order to build a well-balanced system [29].

12.4.2 Signal Processing Techniques

The introduction of neural networks is one of most notable recent advances that
has occurred in the area of signal processing techniques [32]. Neural networks are
composed of parallel, connected processing elements called neurons, which have a
large number of inputs but only one output. A weight is stored in each of the
inputs. Individual inputs can be thought of as components of a vector, which we
may call the input vector. Similarly, the weights can be thought of as a weight
vector. Each input is multiplied by its associated weight, and the products are
added. This operation is equivalent to taking the inner product of the input vector
and the stored weight vector. The result is then made nonlinear by mapping onto
a sigmoid function. If the inner product of the input and the weight vector exceeds
a specified threshold, the neuron’s output moves toa high state; otherwise it remains
in the low state. The region around the threshold has a positive slope and is also

means known as the sigmoid’s gain. Many neurons are clustered together and interact to
scurred form a network.

ut the The main advantage of a neural network is that it can learn from experience. The
ease In other advantages are its parallel computing ability and its capability of handling
2cision- nonlinear computations.

reraged Interest in using neural networks for signal processing has grown rapidly in re-
y‘1996, cent years, bringing about the first IEEE Workshop in Neural Networks for signal
ding to processing in 1991. The most notable features that distinguish neural networks
ear the from conventional signal processing techniques are (1) the nonlinear characteris-
‘ease in tics of artificial neurons, and (2) the learning algorithms that are used to derive
by the the weight vectors. A typical neural network can calculate dot products, the same
2 under function that is used in different areas of signal processing, such as discrete Fourier
1offer a transforms(DFTs) and finite and infinite impulse response filters (FIRs and IIRs).
-emplar In addition, the neural network can perform certain functions that cannot be per-
: Corp., formed by linear signal processing systems.
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Many DSP algorithms can proceed in a straightforward manner on a neural

a:
network combined with a tapped delay line. Adding a tapped delay line to a neural
network and eliminating its nonlinear transfer function produce a formal equivalent in
of a FIR filter. on

When using a neural network in a signal processing application, designers need di
to take advantage of the large body of signal processing knowledge that already hi,
exists. For instance, if a low-pass filter function is required, it will be more efficient
to use the well-known equations for a FIR filter than to try to train a neural network 12
with a tapped delay line to behave like a low-pass filter.

Tt
12.4.3 GaAs Technology ca
GaAs devices have a history of more than 25 years, however, it is not until recently 12
that they have gained the strong interest of both IC manufacturing and the system’s
designer communities (33, 34]. As DSP technology is currently developing quickly in Sa
the areas high speed and low power consumption, GaAs devices, with their intrinsic ing
characteristics, have great advantages over the now widely used bipolar, CMOS. or Al
BiCMOS technologies. en:

Transistors in GaAs VLSI switch very swiftly; logic gates based on the GaAs col
devices impose much less delay on signals than do their silicon counterparts. For syt
example, the shortest silicon CMOS gate delay nowadays is about 150ps versus 70ps
for GaAs, both based on 0.5um technology. If we compare the GaAs chips, which rag
are currently available, with silicon chips of comparable functionality, we find that be
the former are usually a higher performance version of the latter. In other words, ati
the silicon in these chips has been replaced by GaAs in order to take advantage of an:
GaAs’s six-fold increase in electron mobility. Still to come in the future are truly lar
novel chips, which will break free of the silicon cage. These will incorporate devices dox
like optical emitters or microwave amplifiers that can only be built using GaAs lev
components.

Another attracting feature of GaAs devices is their low power consumption at ent
high speed. CMOS devices consume very little power at low speed because their me
static power consumption is very low due to complementary nature of their on-chip usi
structures. But when it comes to high speed, one finds that their dynawic power dia
consumption will increase rapidly and soon become the major component of the
device’s power consumption. On the other hand, in the case of GaAs devices, the phe
power consumption is almost the same regardless of the operating speed. Of course. red
it should be noted that GaAs devices only consume less power than CMOS devices vol
at very high frequencies. At lower frequencies, the reverse is usually the case. This tra
is especially true in a system consisting of many ICs, because at any particular time, the

bet
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a neural a fair number of the ICs are idle.
a neural Today’s GaAs technology still needs much improvement, both in processes used
juivalent in the manufacturing of these devices, as well as those used in their design. But

one idea seems to be gaining a stronger foothold amongst designers of high speed

ers need digital systems, is that GaAs will eventually develop to be the main technology for
already high speed digital systems. This also holds true for the future of DSP technology.
efficient

network 12.5 SPACE APPLICATION REQUIREMENTS

This section reviews the two major requirements arise from the special space appli-
cation: radiation hardness and power requirements.

r;:;::}; 12.5.1 Radiation Hardness Requirements in Space Applications
3
uickly in Satellites and other space systems operate in a high-radiation environment, result-
intrinsic ing from trapped particle associated with planetary magnetic fields (e.g. the Van
MOS. or Allen belts which affect earth-orbiting satellites), deep space cosmic rays or high-
energy protons from solar flares. This makes radiation hardness one of the major
1e GaAs considerations when selecting electronic devices for mobile satellite communication
rts. For systems [35, 36].
sus 70ps In a low earth orbit, an integrated circuit may be exposed to a few kilorads of
s, which radiation over its useful lifetime, whereas at orbits in the middle of the Van Allen
ind that belts, exposure levels may increase to several hundred kilorads or more. The radi-
r words, ation level to which a satellite is exposed varies according to its orbital inclination
ntage of and altitude. A substantial difference also occurs during different periods of so-
re truly lar flare activity. Generally speaking, integrated circuits need to withstand a total
" devices dosage of at least 20 kilorads when deployed in a communication satellite. Hardness
g GaAs levels of 100 kilorad or above are preferred.

For integrated circuits to work in such high levels of radiation, radiation hard-
ption at ened technology is required in addition to the conventional method of using shielding
se their material such as aluminum. Radiation hardened integrated circuits are fabricated
on-chip using specialized processes and designs that increase their tolerance to ionizing ra-
¢ power diation levels by several orders of magnitude.

t of the The major radiation threats to ICs are total ionizing dosage and single event
ces, the phenomena. Ionizing radiation creates bulk-oxide and interface-trap charge that
" course, reduces transistor gain and shifts the IC’s operating properties, such as the threshold
devices voltage, etc. The total accumulated dose will cause a device to fail if (1) the
se. This transistor threshold voltage shifts far enough to cause a circuit malfunction, (2)
ar time, the device fails to operate at the required frequency, and/or (3) electrical isolation

between devices is lost. Single-event phenomena (SEP) occur when a cosmic ray
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of very high-energy particle impinges on a device. The particle generates a dense
track of electron-hole pairs as it passes through the semiconductor, with the free
carriers being collected at junctions. The net effect is that circuit is perturbed and

silie

o
may lose data. Increasingly, SEP are becoming of concern to the satellite community, ing y:
because of the decreasing line widths being used for fabricating ICs, which in turn to
leads to a corresponding reduction in the cross-sectional areas of transistors, as well req
as a reduction in the charge stored on the circuit nodes. kra

car
Radiation Hardened Technology for ICs spa

con

The mainstream semiconductor technologies that are being used nowadays fall into ‘
three categories: Bipolar (including ECL etc.), MOS (mainly CMOS), and GaAs. Or]
Some of the radiation hardening procedures that are being used by the industry are tec

common to all of these technologies. An example of such a technique is the avoidance fmd
of dynamic circuits. On the other hand, other techniques must be tailored to the inte
particular technology under consideration. C(,)SW
Until recently, most of the research into radiation hardening has been devoted hig]
to the CMOS. There are a number of reasons for the focus on CMOS. Historically, s
bipolar circuits have been very tolerant to total ionization dosage. But with the Eﬁz
decrease in critical dimension, bipolar circuits become highly susceptible to SEP.
Although bipolar technology offers speed advantages over CMOS technology ., its SPe‘
relatively high power consumption makes it less desirable then CMOS technology for Sblz;
most space applications. GaAs technology is now considered to be the technology ‘
of choice for high speed, high performance, terrestrial-based computer and digital g
systems. Compared to both bipolar and CMOS technologies, GaAs technology offers The
low power consumption and high speed performance. GaAs devices are intrinsically
more radiation resistant than silicon devices. Researchers have shown that GaAs ICs The
suffer only minor permanent damage from exposure to high total doses of radiation of 1
[37]. However, just as the GaAs technology itself needs a lot of improvement, so deri
does the technology for radiation hardening of GaAs ICs. The most common GaAs
circuits structures that are being currently used are either dynamic or very sensitive mal
to SEP in high-radiation environments [38]. Gas
CMOS ICs are generally the least sensitive to SEP due to the presence of ac- fute
tive devices which restore the original voltage level of a node following a voltage will
transient induced by a heavy-ion strike. Combined with their low power require-
ments and high densities, CMOS ICs are often the technology of choice for space hare
applications. In the case of CMOS ICs, the conventional techniques are: (1) thin- will
ning gate oxide layers, (2) annealing the gate oxide at a lower temperature, (3) mic

increasing resistance of channel stopper, (3) adopting silicon-on-sapphire ( SOS) or
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s a dense silicon-on-insulator(SOT) manufacturing processes [39].

1 the free Recently, there has been increased interest in adopting commercial 1C technol-
irbed and ogy for space applications [39, 40, 41]. There are many reasons for doing this. First,
mmunity, in some space missions, e.g. satellites in a low earth orbit , the spacecraft is exposed
:h'in turn to less radiation during its lifetime. As an example, Space Station Freedom may
:s, as well require integrated circuits with hardening requirements ranging from a few to 20

krads(si) depending on platform location [40]. In these applications, shielding and
careful screening of hardening technologies (to take advantage of annealing in the
space environment) enables one to use some commercial products. Although most
commercial ICs have a radiation hardness of less than 10 krad which is insufficient

[sldfag;‘it: for a space environment, it is possible }?y employing certain radiation hardening
lustry are techniques to reduce commercial ICs, which are capable of operating in space. Sec-
) ondly, and also the most importantly, the merger of commercial and space/military

woidance . . . . . N

ed to the integrated circuit technologies will offer a number of advantages, including lower
cost, reduced development time and procurement time, extensive software support,

| devoted higher density and performance. Tr.aditionally, radiation }.1ardened .ICs are manu-

storically factured using separate processes w1t.h different technologies and different quality

with the7 control measures. The market for radiation hardened ICs is minuscule compared to

. to SEP. the total commercial market. This — and the time and effort required to produce

1565, itF specialized radiation-hardened ICs — causes these components to be very expen-

- sive; therefore, they freqlller?tly lag behind the state-of-the-art in capability. It has

Ehidiofs been estimated that radiation hard CMOS technology development lags about 3

o E years behind that of the mainstream CMOS technology in general [40, 39].

1ud digital

ogy offers Y

s The Future of Radiation Hardened Technology

rinsically

GaAs ICs The future of radiation hardened technology will depend largely on the development

radiation of IC manufacturing technology, as most of the radiation hardened technologies

>ment, so derive from the unique characteristics of the different IC technologies.

1on GaAs Just as GaAs ICs are now becoming recognized as a major choice for high perfor-

sensitive mance terrestrial-based computer and digital systems, we can see radiation hardened
GaAs ICs becoming the main choice for high performance space application. In the

1ce of ac- future, it is expected that improvements to GaAs radiation hardening technology

a voltage will overcome this technology’s susceptibility to SEP.

* require- As radiation hardening technology progresses, we increasingly will see radiation

for space hardened ICs derived from their commercially available ancestors. This

(1) thin- will be especially popular with sophisticated, long-development-time 1Cs such as

wture, (3) microprocessors [41].

. S0S) or
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12.5.2 Power dissipation

w)
Designers are currently able to squeeze more memory and logic onto single chips. to
However, a major concern has re-emerged, namely, that of power dissipation. This
is especially true when it comes to space applications. Processors with 4 to 7 sy
million transistors, using 0.5um CMOS and operating at clock speeds of several fo
hundred MHz, will consume as much as 35 W even with power supply of 3.3 V. uf
The multiple on-chip parallel operations can drive up the power dissipation to 40 te
W. IC manufacturers envisage that by the end of this decade processors will have re
near-zero power dissipation with a power supply voltage of under 1 V. N
Because power dissipation is proportional to the square of the supply voltage, co
the supply voltage must be cut dramatically if there is to be a major reduction in o=
power consumption. For instance, if the supply voltage goes down from 3 Vto 1 V, Le
the power dissipation will be reduced by a factor of about 10.
GaAs ICs are able to compete effectively against BiICMOS and CMOS based
devices, not only in terms of speed but also integration and overall power dissipation. Le
Due to small logic swings of GaAs and the lower intrinsic capacitance, a GaAs direct- T
coupled FET logic (DCFL) gate has a lower delay-power product than an equivalent o
CMOS gate. The DCFL’s logic structure is similar to that of NMOS and dissipates kr
static power. However, unlike CMOS, DCFL power dissipation is independent of th
logic state or operating frequency. Therefore, at high frequencies, GaAs DCFL will th
dissipate less power than an equivalent CMOS circuit with at the same switching
frequency. Besides, GaAs DCFL does not suffer from a reduction in performance
at lower voltage levels. Power dissipation can be cut 50% without a corresponding )
reduction in the technology’s performance [42]. Si
According to Vitesse Semiconductor, the speed-power product of GaAs is much M
better than that of CMOS. Low-power GaAs chips with around 500,000 devices pr
can be fabricated and these chips can be operated at speeds well beyond those of
CMOS devices. The cost premium of GaAs chips will eventually become a non-issue T
because other benefits of GaAs, such as simple chip architectures that are easier to fm
implement and fewer process steps in manufacturing, may make the use of GaAs 18
more cost-effective [42].
wl
12.6 DSP TECHNOLOGY AND DBF as:
nu

From the preceding sections, we have seen that a single commercially available DSP
processor for general purposes offers up to 60 MFLOPS and 120 MIPS. The per-
formance of a microprocessor nearly doubles every year. By 1996, a microprocessor
may offer nearly 1000 MFLOPS. A special purposed DSP processor based on ASIC or
technology can deliver even higher performance. In what follows, we will determine on
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whether it is feasible to implement real-time DBF in a communications system using

le chips today’s DSP technology.

on. This As we have learned from the early chapters, there are two functions in a DBF

system that require high computational power: computation of weights and beam-

l :e\:rz:l forming. Computation of weights involves the use of an adaptive algorithm to
£3.3 V. update the beamforming weights. Therefore, the computational complexity is de-
on to 40 termined by the complexity of the algorithm. For example, the LMS algorithm
vill have requites 2N complex multiples or 8N real multiplies per update per beam, where
N is the number of antenna elements. The RLS algorithm requires 4N? + 4N + 2
voltage, complex multiples or 16 N? + 16 N + 8 real multiplies per update per beam per chan-
ction in nel. If the update rate is 7, updates per second, the total number of real multiplies
Tto 1V, required in the RLS case is
N.=r, (16N2 + 16N + 8) per beam per channel (12.1)
S based
sipation. Let us consider a simple mobile case where there are N = 16 antenna elements.
s direct- The weights are to be updated every ms (r, = 1000 updates/s), which is equivalent
uivalent to an update for each wavelength (1 GHz) that a mobile travels at a speed of 100
issipates km/hr. Such a high update rate may be unnecessary in practice, but we use it for
adent of the “worst” case estimation. If there are eight co-channel users (i.e., eight beams),
°FL will the total number of required real multiplies per channel is
witching
ST N, =8 x 1000 (16 x 167 + 16 x 16 + 8) = 3.488 x 107 /s (12.2)
ponding .
Since a real multiply is approximately equivalent to a floating point operation, 35
- MFLOPS is required in this case, which can be easily handled by a commercial DSP
devices PTOCEssor.
those of Beamforming involves the multiplication of the sampled signals by the weights.
onlissE The required complex multiples per beam per channel is the same as the number of
sasieralo antenna elements at the sampling rate. In terms of real multiplies, the total number
of GaAs is given by
Ny, =4 x r;N per beam per channel (12.3)
where r, denotes the sampling rate. Let us consider the same case as above and
assume that a sampling rate of 3 MHz is used for a 1.5 MHz channel. the total
number of real multiplies is
ble DSP
Che per- N, = 4 x 3000000 x 16 = 1.92 x 10%/s per beam per channel (12.4)
rocessor
m ASIC or 192 MFLOPS per beam per channel. This number seems large at first. However,

one should realize that the beamforming operation is actually the operation of the

termine
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inner product of two vectors. Therefore, an ASIC can be designed to deliver the

required computational performance.

From the above examples, we can see that there should be no major obstacles

in the implementation of DBF in land mobile communications systems, voice and

low data rate indoor communications systems, and mobile data communications

systems. In satellite communications, however, one may anticipate implementation

challenges because of the following two reasons:

1. The number of antenna elements is relatively large, thereby increasing the

required number of computation;

2. The microprocessor technology for space applications is normally three years

behind that for surface applications due to the strict requirements for radiation

hardness and power dissipation.

In high data rate communications, one may face similar challenges since the required

sampling rate must be relatively high to accommodate the wide bandwidth of the

channels.
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1-D
2-D

ABF
ADC
AMPS
AOA
ARDIS
ASIC
AWGN

BER
BFSK
bps
BPSK
BW

CAB
cdf
CDM
CDMA
CDPD
CIR
CM
CMA
CMOS
CSMA
CW
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Glossary

one-dimensional
two-dimensional

adaptive beamforming

analog-to-digital converter

advanced mobile phone service

angle of arrival

advanced radio data information system
application specific integrated circuit
additive white Gaussian noise

bit error rate

binary frequency-shift keying
bits per second

binary phase-shift keying
beamwidth

cyclic adaptive beamforming

cumulative density function

code-division multiplex

code division multiple access

cellular digital packet data
carrier-to-interference ratio

constant modulus

constant modulus algorithm
complementary metal oxide semiconductor
carrier sense multiple access

continuous wave
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D
DAC digital-to-analog converter
DAMA demanded-assigned multiple access
DBPSK differential binary phase-shift keying
DBF digital beamforming
DBS direct broadcast satellite
de direct current
DCA dynamic channel assignment
DCFL direct-coupled FET logic
DDBM double-double balanced mixer
DDC digital down-converter
DECT digital European cordless telephone
DFT discrete Fourier transform
DMA direct memory access
DQPSK differential quadrature phase-shift keying
DRA directly radiating array
DRAF dual-reflector array-fed
DRAM dynamic random-access memory ;
DRO dielectric resonator oscillator ]
DSB-AM double sideband amplitude modulation ]
DSMA data sense multiple access I
DSp digital signal processing
DSSS direct-sequence spread spectrum 1
E
ECL emitter-coupled logic
EIRP effective isotropic radiation power L
ESPRIT Estimation of Signal Parameters by Rotational Invariance Technique L
L
F L
FBLP forward-backward linear prediction L
FDD frequency-division duplexing L:
FDM frequency-division multiplex Lt
FDMA frequency-division multiple access
FET field-effect transistor M
FFT fast Fourier transform M
FIFOQ first-in first-out M
finite impulse response M
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:chnique

FM
FPGA

GEO
GMSK
GPS
GSM

G/T

HEMT
HMIC
HPA
HPBW

IC
IF
[IR
INR
ISI
ISR

kbps

LAN
LEO
LLSE
LMS
LNA
LO

M
MCPC
MEO
MESFET
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frequency modulation
field programmable gate array

geo-synchronous orbit

Gaussian minimum shift keying

Gobal Positioning System

Gobal System for mobile communications

gain-to-noise-temperature ratio

high-electron-mobility transfer
hybrid microwave integrated circuit
high power amplifier

half-power beamwidth

integrated circuit
intermediate frequency
infinite impulse response
interference-to-noise ratio
intersymbol interference
interference-to-signal ratio

kilobits per second

local area networks

low earth orbit

linear least square error
least mean squares
low-noise amplifier
local oscillator

multichannel per carrier
medium-altitude earth orbit
metal semiconductor field-effect transistor
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MFLOPS million floating point operations per second n
MIC microwave integrated circuit R
MIMD multiple-instruction stream with multiple-data stream R
MIPS million instructions per second

MISD multiple-instruction stream with single-data stream S
MLE maximum likelihood estimation S
MLM maximum likelihood method St
MMIC monolithic microwave integrated circuit S
MPGA mask programmable gate array St
MSAT mobile satellite S
MSE mean-square error S]
MSI medium-size integration Sl
MUSIC multiple signal classification Sl
MVDR minimum variance distortionless response SI
SI

N SI
NCC network control center SI
Sh

P S?
PA-RISC precision-architecture reduced-instruction-set computer SC
PCM pulse code modulation SF
PCS personal communications services Sk
pdf probability density function St
PEGS principal eigenvector Gram-Schmidt SS
PHP personal handy phone S8
PLD programmable logic device S5
PLL phase-locked loop Sv
PM phase modulation T
PSK phase shift keying TC
TL
Q TL
QAM quadrature amplitude modulation TC
QPSK quadrature phase-shift keying TC
TE
R TE
RAM random-access memory TE
RF radio frequency TV
RISC reduced-instruction-set computer ™

recursive least squares
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rms
ROM
RNS

SAW
SCORE
SCM
SCPC
SDMA
SEP
SER
SHA
SIMD
SINR
SIR
SLC
SMI
SNR
SQNR
SRFF
SRHT
SUPB
SS

SSI
SSPA
SWR

TCM
TD
TDD
TDMA
TbM
TE
TEM
TETRA
™
TWTA
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root mean square
read-only memory
residue number system

surface acoustic wave

spectral self-coherence restoral
sample covariance matrix
single-channel-per-carrier

space division multiple access
single-event phenomena

symbol error rate

sample and hold amplifier
single-instruction stream with multiple-data stream
signal-to-interference-plus-noise ratio
signal-to-interference ratio

sidelobe canceler

sample-matrix inversion
signal-to-noise ratio
signal-to-quantization-noise ratio
single-reflector focal-fed
single-reflector with hybrid transform
single user per beam
satellite-switched

small-size integration

solid-state power amplifier

standing wave ratio

trellis-coded modulation
threshold detector
time-division duplexing
time-division multiple access
time-division multiplex
transverse electric

total equivalent mass
Trans-European Trunked Radio
transverse magnetic
travling-wave-tube amplifier
transmitter/receiver
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16-QAM 178
1-dB compression point 82

800-SPECmark 276

adaptive algorithm
LMS 42, 174
neural network 46
RLS 45, 174
SMI 43, 174
adaptive beamforming 9, 30
CDMA 177
downlink 180
indoor 189
high data rate 199
voice and low data rate 195
mobile data 201
uplink 173
ADC 255
Agee 105
AMPS 178, 180
analog beamforming 22
angular spread 190
antenna efficiency 14
antenna gain 15
aperture blockage 137
aperture efficiency 15
Applebaum 35
array factor 14
circular array 18
hexagon array 22
linear array 16
rectangular array 21
array propagation vector 17
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Index

Artemis 154

Barker code 208

beam squinting 137

beam-space beamforming 31

beamforming network 23, 24
beam-space 117
element-space 115

beamforming 22

beamwidth 14

benefits of adaptive beamforming 158
access technology 160
capacity 159
coverage 158
handover 160
power control 160
signal quality 159
transmit power 161

BER
CDMA 171
indoor 197
with fading 162

Bessel function 217

bit error rate 161

blind adaptive beamforming 103, 104

178

CMA 104, 178
cyclostationary algorithm 108, 180
decision-directed algorithm 106
decision-directed algorithm 179

block probability 193

blockage probability 165
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Bussgang 107

Index 298

dipole antenna 215 Hec
Butler matrix 6, 25, 117, 137, 138, 143 directivity gain 15 He
directivity 15 ho
Dirichlet 220
calibration 9, 245 diversity
capacity equal-gain 96
indoor 191 maximum-ratio combining 97
Capon 35, 41 selective 94 Hc
Cassegrain 219 switched 94 H
CDMA 3 downlink 115
circular array 17, 217 DRA system 142 im
cochannel interference reduction 163 DRATF system 138 Ty
Compton 205 In:
conjugate correlation 108 effective aperture 15 IN
conversion loss 81 effective isotropic radiation power 15 in
cophase 97 eigenvalue spread 36 int
feedback circuit 97 EIRP 147 IR
feedforward circuit 97 element failure 143 IS
cophase 97 element spacing 144 1S
criteria element-space beamforming 30
maximum SIR 40 Ki
minimum mean square error 38 Erlang 165 Ki
minimum variance 41
relationship 41 FDD 182 La
CT2 182 FDMA 3 LF
cycle frequency 108 focal point 137 Li
cyclic autocorrelation 108 forward-link 115 lin
cyclostationarity 108 lin
GEO 143 L
DBF antenna 7 Gerlach 182 1o¢
DBF with CDMA 126 GLOBALSTAR 2 lov
DBF with FDMA 120 GMSK 178 Ly
DBF with TDMA 123 Godard 104, 106
DBPSK 179 Gold sequence 177 M.
DCS 1800 182 GPS 134 M
DECT 177, 180, 182 grating lobe 16, 140, 143 mi
degree of freedom 50, 118 GSM 125, 177, 180 M
delay spread 190, 199 mi
digital beamforming 28 hexagon array 21 me
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Hoff 35

Hopfield 46

horn antenna elements 218
corrugated horn 220
dielectric-loaded horn 222
multimode horn 219
soft and hard horns 219

Howells 35

Huygens source 219

improvement in CDMA 168
indoor channel 189
Inmarsat-3 154
INMARSAT 2, 154

internal calibration loop 245
intersymbol interference 106
IRIDIUM 2

IS-54 176

1S-95 203

Kildal 219
Kiselev 157

Lagrange 41

LEO 144

Lier 219, 225

linear antenna elements 215
linear array 16

LMS 105

locus of feed 138

low noise amplifier 247
Lyapunov 47

Ma 19

MAGSS-14 152

main lobe 14

MEO 152

mixer 248

monopole antenna 215
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L-band system 144
Ka-band system 147
multichannel per carrier 132
mutual coupling 143

Neumann 220
nonlinearities 74
model 74
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nonlinearity effects
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fixed beamforming 82

optimum combining 94
origination probability 167
orthogonal beam 25, 32, 117
oscillator 249
outage probability

CDMA 172
outage probability 94, 162, 168
outgoing channel usage efficiency 165

partial adaptivity 50, 118
beam space 51
beam-space 52
element space 51
element-space 52
strategy 51

pattern multiplication 19

Paulraj 182

phased array 27
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Potter horn 219
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power amplifier 246
power dissipation 281
power margin 199

power-weighted angular profile 190

power-weighted AOA 190

printed antenna elements 225

bandwidth 229
feed method 226

power-handling capacity 230

printed sleeve antenna 232
propagation vector 38

quantization error
complex signal 60
beamforming 64

radiation hardness 279
radiation pattern 14
radio capacity 100
rake receiver 190
random error effects 68
element failure 73
on main-beam gain 70
on pointing error 70
on sidelobe 73
receiver
direct sampling 241

double down-conversion 238
single down-conversion 237

software 243

triple down-conversion 239

rectangular array 20

redundancy 143

Reed 36

reference signal 39, 53, 175
satellite 133
spatial reference 53, 176
spreading code 54

temporal reference 53, 176

wireless data 208
Reudink 157
reverse-link 115
RNS 270

SCORE 108

SDMA 3, 99
beamforming-based 101
cell-based 99

sidelobe conceller 35

sidelobe 14, 19

signal-to-quantization-noise ratio 65

single-channel-per-carrier 132
single-event phenomena 279
smart antenna 9

software radio 243

spatial efficiency 102

spatial filtering 23

spatial harmonic 217

SRFF multiple-beam system 136

steepest-descent method 105
switches 250

systolic array 270

T/R module
fully monolithic 253
multichip 251
TDD 182
TDMA 3
total equivalent mass 154
transmitter 244
Treichler 105
trellis coded modulation 145
triplet cluster 137

two-dimensional beamforming 33
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