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Abstract

Noise Shaping for Antenna Beamforming

Shahin Sheikh, Ph.D.
Concordia University, 2022

This thesisis an exhaustive investigation of a wiklown signal processing approach called
noise shapingor beamforming We adpted thenoiseshaping approach for phaealy and
amplitudephase synthesis for the first time. To do thaD Bnd 2D, real and complex
coefficient, minimuraphase digital finite impulse response filters are designed based on the
discrete Hilbert transform metH. It is shown for the first time that by pushing the error out of the
so-called visible region, the decrease of antenna directivity due to the quantization can be
compensated to some extent, which provideadvantage over the uniform distribution ofagr
In some cases, pushing the error out of the visible region might be impossible. For such cases, we
proposed using the spaerdtches filter. Moreover, it has been shown that the method is o
maximum efficacy when botthe phase and amplitude dfe excitation signal are controllable.

Thus, complexalued noise shaping can be exploited for the phagditude synthesis of the
phased array, showing quite promising performance. Furthermore, the superiority of noise shaping
over conventional random methoftsr null restoration is brought to attention with several
examples for the first time.

Also, the method is implemented the subarray layer.A concept study based on the noise
shaping approach addressing the quantization ertbeatubarray layer ipresented for the first
time. The noise shaping might be used for the last layer since it typically has enough elements. In

this case, the noise shaping is exploited to push the distortion to where other layargaypub



factors have enough attenuatiamich is supposed to alleviate theantization lobéevel to some
extent. To do that, a novel approach is proposed in which tharsaypfactor, or composite sub
array factor, should be tiled with the periodicity tfe ultimatelayer array factqr and
subsequently, a contribution of all tiles yields the digital filter layout.

Moreover, we have investigated the quantization issue incurred by the practical pixel in
reflectarray. The quantization error has been treated by using signal statistics amskthleapng
approach, which is used for spded antennas for the first time. For the spiekantenna, we
used realalued noise shaping to address the quantization issue. Nevertiétestisown that the
local periodicity assumption is an importaimitation since increasing the depth of the stopband
filter for noise shaping inserts a considerable portion of noise into the phase arrangement on the
reflective surface, which is problematic for antenna performance. Also, the filter stopband should
be deigned for all extreme beams, limiting nes®aping effectiveness for mechanical steering.
Then, a resonant type element based on the delay line is chosen for better control of phase delay
arrangement. Two prototypes are fabricated, one based on conaéd#sign and the other based
on spectrally shaped noise. The performance of the two antsrs@spared with each other. It

is concluded that the noise shaping can somewhat relagftbetarraysidelobe level.

Keywords: Noise shaping, dither, digltafilter, phased array, reflectarray, mditical
reflectarray, digital phase shifter, digital attenuator, quantizatiorasaly, analog beamforming,

hybrid beamforming, digital beamforming, quantization lobe, visible/invisible region.
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Chapter 1. Introduction

Chapter 1
Introduction

1.1 issue

Antenna arrays capable of electronic steering are called phased @Ay Typically, PA
includes several transmit/receive (T/R) modules terminated by radiators. Each T/R module
includes several devicessuch as a higpower and/or Ilownoise amplifier,
channelizer/synthesizeetc There are several approaches for PA beamforming. One is analog
beamforming (ABF), in which the complex beamforming wesg8BWSs) areimplemented in the
analog domain, usually in radio frequency (RF) or local oscillator (LO) signal path. Due to some
reasons, e.g., fewer down/up converter mixers, it is more commommpéernent the
phase/amplitude control circuit (PABC) in the RF signal path. Besides, the digital control
mechanism is conventionally preferred for FE& in which the digital attenuator (DA) H3]
and digital phase shifter (DPS) {|&] are recruited. Hwever, one should consider that the DPSs
and DAs are complex, expensjead powethungry devices. This problem shows itself in multiple
simultaneous beam applications, such as massive miitmlé multipleoutput (MIMO), since
several sets of DPSs aftAs are needed. To decrease the costs, there are some solutions, for
example,the design ofan array with large element spacing, contiguous-auhy, and using
smaller bis number for DPSs and DAs.

Nevertheless, discretization of the signal domain, sagyhnd signal range, quantization, are
integrated with corresponding distortiondheTspatial discretization is implicit with the antenna
array; thereby, the spatial aliasing depends on the lattice specifications, including the pitch
(element spacing) anthe lattice fashion, such as square or hexagonal lattice. Violating from
Nyquist design of array leads to wavenumber aliasing. This happens when the visible region radius

1



Chapter 1. Introduction

is larger than the fundamental period of the array factor. Thereby, grating lotag(s)ppear for

some steered array factors. On the other hand, quantization error typically shows itself as a
harmonic distortion in the Fourier domain since the error is a deterministic function of the input.
The CBW quantization due tbe limited bits rumber of DAs and DPSs can cause quantization
lobes (QLs), gain loss, and beam point deviation. The QLs imitate the main beam shape due to the

coherency of error. The DA, DPS8d RF beamforming ICs are introduced in Chapter 2.

The other possibility of beaforming is after converting intermediate frequency (IF) or
baseband signals to digital ones, called digital beamforming (DBF). This approach provides a list
of advantages over ABF. Nevertheless, DBF usually increases hardware complexity aid cost b
dedicding one RF chain per radiator. Moreover, it is much more computationally intensive than
ABF. That can prohibitively increase by increasing the sample rate, aperture size/element spacing,
and the number of independent beams. In DBF, the inner produa géttors amounts to a sum
of-products, which can be performedafully parallel multiply-andadd configuratiopwhich can
be implemented in the FPGA hardware or sequentially using complex muatiplynulators
(CMAC), whichshould be implemented by tBxSP. Although in many practical cases, designers
use DSP for beamforming, the FPGA might be more efficient for this purpose in terms of speed,
chip area and power consumption. This is because the FPGA is a hardware citbaitry
contributes t@ fasterbinary multiplier.

The number of partial products depends on the number of bits quantifying the multipieand
multiplier and the scheme used. For sure, the greater the number of partial products, the more time
delay and more circuit area to comptte multiplication. To show this, 8 by 4 bits and 8 by 8 bits
booth multipliers are implemented and compared. The schemgtiexyintheszedgate level and

waveforms are shown in Fig.1.1.
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Fig. 1.1 Scheméc of synthesized booth algorithm (a) for 8 bits multiplicand and 4 bits multiplier, (b) the associated
postsynthesis timing simulation. (c) Schematic of synthesized booth algorithm for 8 bits multiplicand and 8 bits
multiplier, (d) the associated pestnthesis timing simulation.

The result of Fig. 1.1(a) includes 167 cells,12 1/O pamsl 271 nets, whereas the schematic of
Fig. 1.1(c) comprise823 cells, 32 1/0O post and551 nets Comparing the two wave forms, one
realizes the latter has about 2mere delay. Moreover, one should note that four multiplications

are required per radiator and beam in DBF-.
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Accordingly, the major difficulty in DBF based on FP&A the gate propagation delay, which
is more affected by multiplications. It should be ndteat the number dhdependent beams can
prohibitively increase the number of multiplicattonThis can be problematic for those
applications needing multiple beams and high data reteluding radar, massive MIMCand
satellite communication (SatCormyplemented based on the DBF.

An alternate approach is Hybrid beamforming (HBF}[[3}], in which the array aperture is
divided into some suhrrays. Each output signal from safyvay combining is subsequently
introduced to the digital platform after goitigough the RF chains and data converters; thus, the
DBF is carried out on the array of analog sutays. The lattice of the ultimate layer is usually
much sparser than the filstyer latticeon which the radiators are located. Hence, the number of
RF and digital chains becomes dramatically less thahahradiatorssothe antenna can become
cheaperandsizable data can be realized for DSP. However, the problem of multiples betra
digital domain carstill be drastically increased by increasing sample rate, aperture siaad
thenumber of beams.

Another cheap solution i@ spacefed antenna such as reflectors and lenses. The discretized
versions of spaeted antennas, such as transmitarray (TA) and reflectarray (RA), offer some
further advantges, comprising better control owbeaperture phase [15], cheap PCB fabrication,
and lightweight, which makes them highly deployable. However, the cost is usually some inferior
radiation characteristics such as narrower bandwidth, higher minor lohealed&wer maximum
gain. TheRA and TA antennas also suffer from phase quantization. This is because the practical
pixel providesa specific range of phases which can lead to coarse quantization at high frequency

and for highly miniaturized pixel and ratfigurable types.

! Also, theapplicationspecific integrated circuit (ASIC).
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As stated, the quantization results in a sigiegglendent error that manifests itself as a harmonic
distortion inside the signal spectra. Strictly speaking, this statement, howewegrigect. The
guantization error is not a sigrdpendent artifact if the input signal complies with some
statistical specifications. In [16], the statistical condition of the (real) signal for the quantizer is
provided with white quantization error and uniformly distributed. Although most practicalsign
do not comply with such a condition, it is possible to manipulate the original signal by adding an
independent signal before the quantization process, satisfying the conditions provided in [16].
Such a signal is called dither [17]. It is typically ot necessarily, a random signal with specific
statistical properties.The dithered quantization method is extensively utilized in many
applications, such as audio signal processing, communication, control systems, and digital image

halftoning [18}[21].

The antenna community is familiar with the benefits of the dithered quantization. Several
researchers have addressed the quantization issue in PA antenf80]22] majority of such
efforts are randomizatiebased methods (dithéased methods). It seengt earlier than all, it
was Miller, in 1964, who tried to address the issue due to the quantization error periodicity of the
PA [31]. Miller found the benefits of quadratic phase shift required for compensating the path
length between the feed and elenseina spacefed antennaln [24], one of the earliest ones, a
random phasing approacs proposed to break up the quantization error coherency in PA antenna,
which is a dithering approach. There are, nevertheless, some problems with the ditheraily, Actu
the inserted noise deteriorates the antenna gain and is not dptii@&! level suppression. Also,
the generated beam is not repeatable since, in general, the dither is a random signal. Moreover, for
those applicatios, the null is embedded ithe antenna pattern to cancel the interfering signal

random dither is ineffective since it contributes to a flat nimaesimply fills up the nulls.
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1.2 Motivation

As stated abovet iwas long believed that the error across the array aperture should be
independent of the original signal with a uniform distribution, though there is no solid reason for
the uniform distributiof In fact, that might be a stdptimal solution, which is also proved in
other applicationsFor example, the human visual system wismates between the spatial
frequencies; therefore, it is more interesting to shape the noise and suppress it in those areas of the
spectrum where the eye is more sensitive to them.

It is possible to control and shape the error signal spectra by uliteyg g0 a feedback circuit
of the quantizer system. This method is called noise shaping,-&ve@lh and widely appreciated
signal processing method. One of the earliest works back to Spang and Schultheiss [32]. Besides,
earlier than all, Floyd and Stdderg exploited the benefits of noise shaping in digital image
processing [33], although the method was used in audio signal processing a long time before that.
Error diffusion is a popular name for noise shaping in the image processing commuwdd6).[34
The method is also famous & + modulator/converter [37]. In Fig. 1.2, an image is quantized
to 3 bits andthe performance of different schemes are compared. One can see the superiority of
noise shaping over simple quantization &RDFdithering. FloydSteinberg digital filter is used
in Fig. 1.2(d).Therefore, it might be tempting to investigate whether noise shaping can be used to
suppress the distortion due to the quantization in antenna design and what would be the challenges

and possilities. These are the prime motivations of the current research.

2 Actually, there is a reasoand that is for uniform distribution of phase error, the beam point deviation is zero.
However, sich a concern can also be addressed by spectrally shaped one.



Chapter 1. Introduction

Fig. 1.2 A photo with different quantization schemes. (a) Original picture,-{) 8mple uniform quantization, (c)
RPDF ditherig responseand(d) spectrally shaped noise response.

1.3. Thesis contributions

We have proposed that the noise shaping can be recruited in ABF to address the distortion of
antenna radiation patteyrmaused due to the limited number of bits of the DAs BR®&s. In
contrast to dither, the spectrally shapiétier, which is the noise shaping approach, contributes to
arepeatable solution. Moreover, the null retrieval problem can be conveniently treated with the
spectrally shaped dither. We proposed for tts fime that the jamming nulls (JNs) embedded in
the radiation pattern should be addressed in the digital filter design; thus, the quantization error

can be pumped out of those areas, and thereby, the nulls can be restored to some extent.
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In DBF, as thenumber of beams increases, it becomes challenging to quantify the CBW with
enough bits. In this regard, one may use a smaller bit number4 digs, to quantify the CBW
and instead spectrally shape the excitation error signal to push the distorafsbaat, which in
this case might be the beamspace visible region or just an area of interest inside the visible region.
Moreover, we proposexploiting the noise shaping approach to address the quantization error
at thesubarray layer. The method mighe used for the last layer since it typically has enough
elements. Nevertheless, in practice, theauhy might be implemented with more than hundreds
of elements; thus, it can also be utilized tame the sularray factor spectrallyThe main
discrepany between the approach employed here and in the preceding paragraphs is that the signal
set on the ultimate layer is typically much sparser than the first one; hence, the corresponding array
factor fundamental period is smaller than the visible regiorghwiakes it challenging to use the
trick, pushing the quantization distortion directly to thecatied invisible region. Nevertheless,
the noise shaping is exploited for the first time to push the distortion to where other layers' sub
array factors havenough attenuation, which is supposed to alleviate the QL level to some extent.
To do that, a novel approach is proposed in which theasaly factor (SAF), or composite sub
array factor (ESAF), should be tiled with the periodicity tife ultimatelayer array factoy and
subsequently, a contribution of all tiles yields the digital filter layout. This approachtbelpsp
the distortion to the area where the sutay factor has enough attenuatibence, the distortion
can be mitigated ithe overall aray factor (GAF).
We have also implemented some novel configurations of taykir contagious suarray
overlapping for the first time. It has been shown that very complicatedrsay overlapping can
practically be realized in multayer architecturel his method i9ased on a mulayer FIR filter,

which is used to optimally design a contagious-atrhy system as@heap solution foa limited
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scan range.

The optimizer engine is a mubbjective brainstorm optimizer (MOBSO) designed to search
for decision variable space decimated by the orthogonal polynomial methaallti-focal
reflectarray (RA) is designed based on maljective optimization. In additionwe have
investigated the quantization issue incurred by the practical pixel. This éxasrbated by using
signal statistics and the noise shaping approach, which is used foiffepardenna for the first

time. This method can somehow mitigate the quantization issue due to practical pixel response.

1.4. Outline of the Thesis

The subsequenthapters in this thesis will be arranged elaborated in the following
paragraphs.

Chapter 2 includes a brief reviewtbie fundamental concept of antenna. Thephased array
antennadifferent beamforming methodanda literature revieware presentedAfter that, space
fed antennsg including reflectos and RAs, are introduced. Some minor contributions comprising
subwavelength pixel modeling are also presented.

Chapter 3 is devoted to quantization. In particular, the quantization issue in anabhgitahd
beamforming is investigated. Then, the theory background of dithering is presamiethe
method is theoreticallynvestigatedor PA based on ABF.

Chapter 4 discusses the thetozal background of spectrally shaped dither (noise shaping)
patticular, Fourier analysis in 1D and 2D, digital filter design, discrete Hilbert transform method,
sampling and lattice thegrgnd noise shaping approaate reviewed.

Chapter 5 is about the noise shaping approach in PA antenna based on ARtetlideis
adapted for phasenly and amplitudg@hase synthesis of PA. First, the method is implemented for

asquare lattice. Them hexagonal lattice is investigateahd the method is applied to pattern
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synthesis and large element spacing problem

Chapter 6 disusses the noise shaping approadhesubarray layer. First, PA based on sub
array overlapping is introducednd some complicatddedingnetwork is implemented based on
amulti-layersubarray systemThen,thenoise shaping approach is developedteisubarray in
which the periodicity of the penultimate layer tiles tlseibarray factor Then all tiles are
considered for thélter designused inthe noise shaping approachthesubarray layer.

Chapter 7 is about optimization. We have used rallgective optimization fothe design of
the RA antenna. The detail of the optimization engine and the method to decimate the parameter
space igletailedfor the multibeam RA antenna. Then, as a single objective example, the digital
filter layout is desiged for large element spacing.

Chapter 8 is devoted to the RA antenna. The quantization issue is investigated for RA antenna
and several methods are discussed. Moreover, the measurement results for the RA antenna are
presented and discusseHBinally, a ©nclusion is described in Chapt®r with the main

contributions and the future work of the research.
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Chapter 2
Antenna fundamentals

In this chapter, first, fundamental antenna conceptsreanewed Then, phased array and
beamforming techniques air@roduced After that a spacefed antenna including reflector and
reflectarray are presented. Finally, the -swdvelength pixel is studieénd asimple analytical

model is provided for fast analysistbereflectarray (RA) antenna.
2.1. Radiation mehanism
An electric charge is associated with the electric field with an intensify of ——i Hwhich
is initiated with fj as the electric charge in coulomb (€#s the permittivity of surrounding space

in Farad per meter (F/m), amdas radial distance in meter (m). A moving charge contributes to
another field vedr as well, called the magnetic field, with the intensityj of — = which is

initiated with o as the electric charge velocity vector in meters per sec (midex3e fields can

only respond to events at the speed of litffan ekctric charge is accelerated, the electric field in

the vicinity of the charge changes. As the field is required to be continuous, there would be a
perturbation in field lines. As a matter of fact, alternating electric and magnetic fields are related
base on Maxwell (curl) equations. The Maxwell curl equations are written in (2.1).

il
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Fig. 2.1. A onedimensional normalized radiatigrattern ofa directive antenna with an embedded null.

in which”, is the charge densityl , [is the conduction current density vectgr, - called
displacement electric field or electric flux densiﬂy, ‘51 whereB is the magnetic flux dertyi

and’ is the magnetic permeability of space in henry per meter (H/m). According to Maxwell curl
equations in (2.1), the alternating electric field induces the magnetic one and vice versa. Thus, the
electromagnetic (EM) perturbation (due to acceleratedtric charge) must propagate in space
with the speed of lightalled EM wave. Hence, the antenna is an interface between the EM wave
propagating in free space and the electric current at the antenna terminal. There arardenasal

types includingwire antenna (such as dipole antenna), microstrip antenna, slot antenna, and leaky
wave antenngach has its advantages and bottlenecks. In general, to have efficient radiation, the
field should show up in phase on the "aperture,” and the transmiss2oEM power should be
acceptably delivered to the antenna.

2.2. Antenna definitions and concepts

A onedimensional radiation pattern is shown in Fig. 2.1. The major lobe of the radiation pattern
is called the main beam or, simply, beam. Other lotypscally of smaller magnitudethan the
main beamare called minor lobes, including the side and the back lobe. The difference between
the main lobe and the maximwidelobes levels called the sidelobe level (SLL). Occasionally,
one sharp minimum might lmbedded itheradiation pattern othe antenna for the purpose of
directionfinding or interference cancellation in a specific direction called directioul&lor

12
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simply null, see Fig. 2.1.
Definition 2.1: The real power density (in watts per squaretar) is defined by (averaged)

pointing vecto38] as follows

P . 2
I ZYor |
in which [Fands are electric and magnetic vectors, respectively. o

Therefore, the total radiated power (TRP)thg antenna can be computed as
0 i 0B —q- c&]

Let ||- = ni Hhen the total power captured by the receiving antenna is
0 nod cd
whered is called the effective aperture.

Definition 2.2: Power radiated from an antenna per unit solid angle is defined as radiation

intensity,”Y. Thus, one can write

~ ~.

0 Y@ YOEIQ—Q- u

"Y i nhwhich means that radiation intensity is independent of radial distance from the radiator.
This is simply because an outwardveling wave has to decay by ; hence, the peer density
decays by . Moreover, it might be evident that the radiation intensity of an isotropic radiator is

~
v

Y ——. Half-power beamwidth (HPBW) is the angle between the two directions in which the

radiation intensity becomeslha
Definition 2.3: The ratio of radiatiomtensity in a specific direction to the average intensity in all

directions is called antenna directivity.

13
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O —bhr

The directivity also can be computed y—F» T , which means the radiation

intensity in a specific direction to the radiation intensity of an isotr@u@tor fed with the same
amount of power.
Definition 2.4: The antenna gain is defined & tratio of the radiation intensity inspecific
direction to the radiation intensity that would be produced if the pdelereredto the antenna
wereisotopicallyradiated. o
The gain and directivity are relaté®—F» — O—h where-is the radiation efficiency.
Definition 2.5: In a specific direction, the antenna gai (nultiplied by the net power delivered
to an antenna is called effective isic radiated power (EIRP), which can be computed (in dB)
as follows:

00YOD O O
whereL is the loss in the transmission line dni the radiated power in a single direction.

2.3 Phased array antenna

2.3.1 Fundamental implications

Each radiator receives a signal replica in B&pending on the antenna configuration and the
element position. The received signals will be coherently combyileéding the "beam sum,as
such, the whole assembly imitates a highly directive aperture. As stated bgfat@) s
discretization is an inherent characteristic of an antenna array, as the name implies. In this regard,
one may assume the PA is a spatial sampler of electromagrietie (EM) waves (more
accurately, EM wave spatiemporal sampler). On the other hand, an array of antennas provides
spatial selectivity; therefore, PA precisely works like a spatial finifgulse response (FIR) filter,

finite because the physical apee is limited to its active elements, which is reciprocal to a finite

14
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duration impulse response in digital filter theorem. In phased array terminalompining

complex weight multiplication and combining is called beamformirtgs procedure might be
realized in a physical circuitry contributing to ABF or implemented entirely in the digital domain,
called DBF. Each approach has advantages and disadvantages. For example, ABF is sensitive to
component tolerances and ambient medium parameters such asatenep@nd pressur@n the

other hand, DBF is a much more accurate approach since it is realized in a digital platform; thus,
the beamforming process is not a function of fabrication error, electromagnetic characteristics of

materials, temperature, ancepsure.

Moreover, it provides flexibility and superiority in design, including auto/salibration, and
greater number of simulations beagtc Furthermore, implementing several blocks in a digital
platform yields a more compact systémnthe analog cunterpart. Besides, the digital array can
easily be reconfigured by upgrading the softwdtiewever, DBF needs complete RF chains and
a data converter per radiator which is expensive and complicated. As mentioned before, the
compromised design is HBH which the array is partially implementedtire analog domain as

an integration of several swrays.

2.3.2 Analog Beamforming

As stated, the PA is an integration of several independent radiating elements connected to
complicated multiple RF modules afeding networksSo,each module should be designed and
fabricated in a compact, mufuinctional, low costandhigh-repeatability formln the active PA,
radiating elements aresually directly connected to amplifier chips comprisiaghigh-power
amplifier (HPA) for transmit modea low noise amplifier (LNA) for the receideone and some

switches for signal duplexing. The main requirements of such monolithic microwave integrated

15
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circuits (MMICs)arethe power handling and low noise feafu®everal aproachesontrol the
amplitude and phase of the received signal replica. The signal conditioning can be realized in RF

signal path (RF beamforming), IF path (IF beamformiong).O signal path (LO beamforming).

The RF beamforming has the advantage of fesugporting modules, including up/down
converter mixers. This means that the beamforming is implemented after the upconversion in
transmit mode and befotae downconversion in receive mode. However, the signal must path
through expensive, nonlinear, andsipative components such as phase shifters and attenuators
working at highfrequentes The MMICs needed for this task include several digital controls for
the analog programmable phase shifter and atterftudtmks. The current dominant technology
for such ICs is gallium arsenide (GaAsomparedto Silicon, GaAs provide better RF

performance, including less noise and loss [39].

The IF beamforming is implemented after the down conversion for receive mode ortbefore
upconversion fothe transmiting one. Thus, the complex weight multiplication is realiza¢d
lower frequencythan RF,which relaxes the phasanplitude control circuit complications.
However, such an approach needs one up/down converter mixer per réehaliog to an increase

in cost and complexity

The LO beamforming habeadvantage of the least inserted noise and distortion to the original
signal among all ABF approaches since the phase shifting is indirectly implemented during the
frequency conversion. However, it has the saoraplication as the IF one and neadisgh mixer

dynamic range to stand against strong interferences.

3 Specifically, the saturation power of HPA and noise figure of LNA.
4In some cases, variable amplifier might be used.
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Overall, at the moment, RF beamforming is more common among ABF approaches mainly due
to the smaller number of elements neeaddch makes iamore vable candidate for at least large
PA cheap solutions. However, as stated, RF beamforminth&dsficulty of loss and high cost
of constituting devices, phase shifteasid amplifieg/attenuatas since they must work at high

frequendes

The main challeges of phase shifting in the analog domain includeslinearity, limited
bandwidth, insertion loss, and circuit complexity. The phase shifters can be categorized into analog
phase shifters (APSs) and digital ones (DPSs). The APS provides continuoushitidsawvever,
the insertion loss is typically high and is somehow inaccurate in terms of phase delay and amplitude
weighing due to massive variation of insertion loss for the phase shift range. Thus, it is not reliable

to design of accurate PA antenna.

The DPS generates mufiiage constant phase shifts. Several stages might be cascaded or
bypassed by the switches to obtain the desired phase. There are several possibilities for the DPS
architecture, including the switched delay line, switched fidier,[7], [40]. Typically, the design
is optimized to minimize the variation in attenuation for different phase shifts. This approach is
more reliable than APS in generating a more accurate phase delay. However, the main challenges
are the discrete phasefsfand the significant number of switches andskss By increasing the
number of bits, the quantization error can be relaxed, but the device becomes more expensive, has
a larger diésize, and is more dissipative. Two examples of DPSs are shown ir2 Rigad 2.3.

As can be seen, the DPS is a very pelnargry device. Typically, the price hugely increases by

increasing the number of bits and the frequency of operation. The discrete phase shift is detrimental

2 A small block of semiconductor material on which the main functionmalgbahe device is implemented.
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to antenna beamforming since it contributestperiodic error in conventional array design. As

the name implies, the DA switches in finite attenuation states. The discrete amplitude steps can be
realized by exploiting semiconductor devices such as PIN diode and MESFET. The DAs supply
the excitatiormagnitude control and are used along with the DP®®#ccurate amplitudphase
synthesis of PA antenna with uniform element spacing. Usually, the distortion due to discrete states
of DAs is not severe as the one that DPSs yield but still can be eéetainfor beamforming,
specifically for SLL design and beam shaping. An exemplar broadband DA working up to 13 GHz
is shown in Fig. 2.4. Indeed, it is more compaot preferable to implement both devices, DPS

and DA, in one MMIC. In [39], the phase/antptie control circuit is implemented in one MMIC.

The block diagram and the phase/attenuation results are shown in Fig. 2.5. It compiises

phase shifter and-Bit attenuatorand six switches for transrtitg, receivng, isolation and

calibration males. To decrease the number of control lines, seriakfoarallel interface is used.

N/C N/C |
N/C N/C g
N/C N/C 5
N/C N/C E
=

GND
RFIN
GND
BIT4

GND
RFOUT
8 |GND -12
{7 |BIT5

14 15 16 17 18 19 20
FREQUENCY (GHz)

180

o~ — MWD
FEEESEEE
m m Z m o m

PACKAGE — %
BASE 225

GND

() (b) (c)
Fig. 2.2. A 5-bit digital phase shifter. (a) Photo of a digital phase shifter, HMC644ALCthemvaluation board,
working at 1518.5 GHz, (b) functional diagram, and (c) insertion loss for major phase steps [41].
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Fig. 2.4. Example of broadbandléit GaAs digital attenuatoHMC424LP3EAN, with 0.5 dBleast significant ki
and the most significant bit of 31.5 dB. (a) functional diagram and (b) truth table [43].
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Fig. 2.6. Two sides ophased arragintenna, comprising 64 radiating elements and 16 commerciacquadiMICs
providing independent-bit phase and amplitude controls for each taatiselement. Bck side with ICs is shown on
the left, and radiating patch side on the righ.
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Fig. 2.7. Exemplamphased arrayeceiver.(a) A schematic oh phased arrayeceive based on 64 beamformer chips,
(b) Block diagram of the dugdolarized quad (2x2lements) receive beamformer chip with external LNAs. (¢) PCB
crosssection. (d)Back view of the Kebandphased arrayeceiver shows 64 Rx chips. (e) Front view showind-dua
polarized antennas [45].
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Fig. 2.6 illustrates a fabricated electronically scanned PA antenna thainaawave quae
core RF beamforming MMIC, providing alit phase and amplitugghase shift. Therefore, the
RF beam forming MMICs generate 11.5° phase resolution and 1 dB for amplitude in the 31dB
range. Also, the 1:16 Wilkinson power divider network isouse feeding the transceiver working
at about 27.5 GHz.

Fig. 2.7 shows a Kiband dual polarized electronically scanned square lattice PA (16 by 16)
This PA uses quadore silicon receive chips with 8 channels shown in Fig. 2.7(b). The array
is desgned for £70° scan range time E- and Hplane. Each channel provides 0.5 dB gain step
control over a range of 21 dB anébfi phase resolution. The two sidestloé fabricated antenna
are shown in Figs. 2.7 (d) and 2.7(e). All power divigeesNilkinson.
The receive QFRichips are shown iffig. 2.7(d) inset. fie metallic rectangular patches are heat

sinks to remove heat from the board. The measured radiation patterns are shown in Fig. 2.8.

6 Quad flat nelead (QFN)packagemakesit easy to assemble the chips on a PCB.
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Fig. 2.9. Schematic of simplifig digital beamformingeceiver.

2.3.3 Digital Beamforming

The other possibility of beamforming is after converting IF or baseband signals to digital ones,
called digital beamforming (DBF). This approach provides a list of advantages over ABF, for
example superior interference cancellation, a more significant number of multiple simultaneous
beams, and auto/settlibration since the CBW is realized in the digital domain. Accordingly, the
system carbe more accurately implemented. Furthermore, implementevgral blocks in a
digital platform such as a digital signal processor (DSP),-petdyrammable gate array (FPGA),
and applicatiorspecific integrated circuit (ASIC) usually yields a more compact system in
comparison with the analog counterpart, whickasehow independent of ambient temperature,
and pressure. Besides, the digital array can easily be reconfigured by upgrading the software.
Nevertheless, DBF usually increases hardware complexity andycdstdizating one RF chain
per radiator. Moreovert is much more computationally intensive than ABF. A block diagram of
a simplified singlebeam DBF receiver is shown in Fig. 2.9.
Evidently, forM independent beamB| sets of CBW vectors (of si2d) and final summations are
required forN radiators. Therfere, the computational burdens das reduced by increasing the

sample rate, aperture size/element spacing, the number of independent beamsyanbehef
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bits to quantify the data and complex multipliers.
2.3.4Sub-array

There are verities of sudyray systems. One type of sabray is just a matter of a feeding
network. For example, in Fig. 2.7(a), a 2x2-sutay is fed by a quadore chip. This sularray
scheme which is just a matter of summation sense is out of interest here.

All sub-arrays areassumed with the same complex weights in one array architecture
Traditionally, it is implemented for HBF, but strictly speaking, it can be utilmeely for ABF
and DBF. As stated, in HBF, the filstyer subarray outputs are introduced to a digititfmrm
or further tiled to a third layer, and so on. On the other hand, in ABF, all layers are implemented
in physical circuitry, and overall array output will be introduced to a data converter. The underlying
subarray architecture partitions the fultay aperture into some identical satyays with the same
complex weighting. In this configuration, the array is implemented like a-tay#i FIR filter.
Besides, it might be realized in the overlappedauly configuration in which, by exploiting the
spatial FIR filtering, sidelobes due to grating lobes or any other distortions can be considerably
mitigated over a wide (temporafrequency band. Subrray overlapping helps to increase the size
of the fundamental period of the array factor at theatdy layer, with the cost of considerable
complexity of the feeding network, which facilitates the grating lobe cancelation to some extent.
The beams can be steered at all layers compribimglement layer and/or stdrray layer(s).
Steering at all layaris usually used in HBF for generating multiple simultaneous beams. In such
a configuration, phase shifters might be used at the element layer;spbassl suarray, while
at the sukarray layer, timesteered, for a wideband array, or phatered, as narrowband
solution, might be implemented digitally. An example is shown in Fig. 2.10 for a hexagonal sub

array overlapping seven elements. The beam is commandel at ¢ ThJw 11.JAS seen in
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Fig. 2.10(a), each element on the extreme of theast#p is overlapped by three swarays Others
do not overlap the elements at the center ofasudns. The hollow circlesubsequently signify
the subarray output introduced to the digital platforithe steered suérray factor (SAF) and
ultimate layer arnafactor (UL-AF) are shown in Fig 2.10(b) and 2.10(c), respectived lines
show the periodicity of UtAF. As seen in the overall array factor-&B), shown in Fig. 2.10(d),
the grating lobes of UHAF are suppressed by SAF. Thus, the ultimate layembesonuch sparser
than the firslayer lattice which relaxes the computational burdens. In addition, this approach
generates low side lobe legghs stated before.

Sincethe phase shifters are complex, expensind powethungry devices, the stdrray mght
be designed im static form which is s@alled contiguous [46], without any programmable or
variable phasshifter, as an affordable solution for limited scan angle PA.
As stated before, the last layer might be implemented in the digital or amategg though the
analog one might be more compatible with the problem since it typically offers a cheaper solution.
However, the method has the disadvantage of limited scan angular range due {st¢ieeachsub
array factor. One conventional approactoisise a flatop beam, which can acceptably solve the
scan loss issue [47]. The scan range is a function edsaly architecture, overlap efficiency, and

subarray coefficients (beamforming).
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(d)
Fig. 2.10 Example of sukarray overlapping. (a) schematic of element and overlappingrsaps, (bubarray

factor, (c) ultimatelayer array factgr(d) overall array factar
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2.4. Spacefed Antenna

2.4.1 ReflectorAntenna

The reflector antenna canises a reflecting surface(s) and a feed system. The reflector may
have different shapes, such as cylindrical and parabolic. The most common shape is parabolic. A
centerfed paraboloid isa primefocused reflector. In Fig. 2.11(a), soramsssection ofthe
parabolic reflector is shown with different foadibmeter (F/D) ratia For F/D = 0.25, the two
reflector edges and focus are on the same line, meaning that the reflector encompasses its focus.
For F/D =Hb, the reflector surface becositat. In Fig. 211(b), the relation between the main
physical parameter of the reflecisras follows

0 @00

Some options for the reflector feed incluglborn, helix, and array antenna. Typically, a horn or
system of horns, as the feed chain, is used. The g@hydilmension of the horn is of great
importance for the performance of the system. The main problaproh-focus reflector is the
feed blockage singéor a typical hornthe horn can block a majority of radiation intensifyer
reflection from the réécting surface. One method to treat this issue is to ustsatfed reflector
as shown in Fig. 2.11(clParametelC, called clearanceshows how much the feed is away from
the reflecting surface. Sometimes the feed might be inside the aperture yilésmher from the
maximum direction of radiation. In many applications, a system of feeds is recgudd as
multiple spot beasifor satellite systesiand contour beasnSuch applications require offset fed
reflectors since the feed chain makasmassie blockage. This approach increases the eross
polarization due to field projection dheaperture.

The power from the feed that is not intercepted by the reflecting surface is called spillover, see
Fig. 2.11(c). The spillover is a prominent issue irtiple-beam reflectors sindeeds are usually

not optimal due to the small spacing available.
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Fig. 2.11 Reflector antenna schematic. (a) Cross section of the parabolic reflector with different F/D values, (b)
Typical primefocused reflector, and (§chema ofinoffsetfed reflector.

The spillover decreases as the feed becomes more directive or edge tapering increases. However,
that increases the field tapering ¢time aperture decreasingthe reflector beam &€iency.
Depending orthe application, edge tapering might be chos¢about 16015 dB. Usually, the
offsetfed reflector has less noise temperathemtheprim-focus one. This is because in receiving
from satellite, the feed stands upward; henceciivesasmaller portion of noise from the ground
through the spill over radiation.

In some applications, a muteflector might be used in which there is typically @menary
reflector and suleflector(s). The most famous architecture is CassegrainGregorian [48],
which are not treated here for brevity.

2.42. Reflectarray
One form of discretized reflector antenna is reflectarray (RA) IEBE definition of RA is as

follows [49]:
An antenna consisting of a feed and an array of reflecting elsmaeranged on a surface and
adjusted so that the reflected waves from the individual elements combine to produce a prescribed

secondary radiation pattern. Syn: reflective array antenna, reactive reflector antenna.
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(@) (b)

Fig. 2.12. reflectarrayconfiguration. (a) Schema oéflectarraywith three feed positions and (b) Visualization of
reflectarrayfeed horn and struts system.

Substrate with = %
air vias - "
Ground ~ —p O

Fig. 2.13. Ka-bandreflectarraymade of perforated dielectric sutae [71].

Typically, RA is a planar structure, but it can be implemented on a curved surface such as
parabolic. Compared to the traditional reflector, the RA offers some further advantages,
comprising better control over the aperture phase, cheap P@G&tain, and lightweight, making
them highly deployable. In addition, RA can manipulate two waves with orthogonal polarizations
simultaneously. This can be realized by using pixels with different frequency responses for the
two polarizations, see Fig. 2@). A System of RA and feed is shown in Fig. 2.12(b). However,
despite all advantages of RA over traditional reflectors, it usually has inferior radiation
characteristics such as narrower bandwidth, higher minor lobe level, and lower maximum gain

[50]-[77].
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Fig. 2.14 An reflectarraybased on interdigitated surface. (a) The whole aperture, (b) a closed view of the structure.
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Fig. 2.15. Schematic view of (a) pacitive pixels, (b) inductive pixels with the meandered line, (c) inductive pixels
with a straight line, and (d) exact solution results (FDTD).

TABLE 2.1 THE PHYSICAL PIXELS IN FIG. 2.15D.
Capacitors Inductor

C: C Cs Cy Cs Cs Lm Ls

Physical_parasi | S [ 0.16 [0.32 |[048 [0.48 |[064 |112 |[dw |1 0.96
(mm)

S 0.16 | 032 |0.32 | 048 |0.64 |1.12
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There are at least three types of pixels for a discretized-$pa@mtenna. One is the resonant
element, like an array of resonant dipoles [55], microstrip pf&fh and antenna/phase
shifter/antenna configuration [67]. The second type is realized by manipulating the effective
permittivity of dielectric material, as an example, by making use of perforation, as shown in Fig.
2.13. Such an approackquiresa reldively thick and/or high permittivity dielectric.

The third type is the sulvavelength pixel, which usually shows up in a smaller size than the
types mentioned abov&he subwavelength element can be designed based on the circuit concept,
which is much asier to deal with than the field analysis [74]. Furthermore, it can resolve the
bandwidth shortcoming of the resonant type pixel, although such an imperfection can be addressed
by using multiresonant structures, notably by exploiting the optimizatichrtigues [55] [56].

Fig. 2.14 shows an RA based on the interdigitated surfdue configuration is a variant of a sub
wavelength unit cell. The unit cells are shown in Fig. 2.15. The frequency response of pixel for
normal incidence is shown in Fig. 2.8%(The physical parameters of capacitive and inductive
cells are tabulated in Tabkel

High pixel resolution has some potential advantages for large aperture, tilted beams, and/or
small focalto-diameter ratio (F/D)The one with a smaller pixel sizeléss prone to quantization
distortion since the quantization noise is, in general, a wideband signal; thus, more portion of noise
power appears out of the (visible) band. Of far more significance is the violation of the local
periodicity assumption (LPAjertaining to the sharp variation of phase delay arrangement (PDA),
in particular, close to the extreme of the aperture, which can limit the antenna bandwidth.
Furthermore, miniaturizing the pixel size is, in general, beneficial fomauelength pixel tges
since, typically, some spurious bands appear at some frequencies and/or happen at oblique

incidences. By miniaturizing the pixel size, those spurious bands happen due to physical resonance
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can be shifted to higher frequencies which would be out dritenna bandwidth. The preceding
statements, nevertheless, can be controversial since using tinypitelsts of pressure on the
syst embs [Specifically, maiaturizZng the pixel size usually decreases the number of
available phase statesdbed, quantization distortioncreasesin contrast to what was mentioned
about the benefits of small pixels for circumventing that nonlinear distortion.

2.43 RA for SpaceApplication
The Satellite has several applications in communication, so thegevareety of systems and

custom designs. In this regard, the area of coverage and required channel capacity might be
considered critical points, leading to different satellite classifications. Coverage may include wide
continental contour coverage andgpot beam. If the satellite footprint is subdivided into several
radio cells, then an antenna capable of radiating mulbipéen might be favorable. During the
past decades, there has been a continuous endeavor in satellite systems development using
frequencypolarization reuse schemes in which the same bandwidth and/or polarization are
allocated to some ggpally isolated spot beamsThe design of multibeam antennas for
telecommunication satellites the Ka-band must deal with challenging requiremestgh as the
generation of a large number of highin spot beamghe close separation between the beams,
andthe alternation of frequencies and/or polarizations for adjacent beams. A schehtzlbf
frequencypolarization reuse is shown in Fig. 2.16.

The main advantage of using a spot beamageasing the satellite throughput as a frequency
band and/or polarization can be reused in a regular pattern of radio cells in the coverage area
leading to more system capacity. However, there are some chall€ogesxample, cachannel

interference (CCI) ariseandthe payload and antenna system besuoeplicated.
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(b)

Fig. 2.16. Layout of the radio cells of 11 tiers with acdll reuse scheme, the orbital positionhegeostationary
orbit satellite is considered at 98°W, (a) the layout of the radio cells from the antenna view angle, and (b) the
projection of the radio cells on the earth.

Typically, ideal radio cells are defined in a hexagon shape to fill up thigsdetprint without
overlapping radio cells, as every cell fits tight with the adjacent cellsngtie analysis easier. In
a bit more practical approach, the shape of the radio cells is inspired by the projection of a typical
directive radiator (pesil beam) on the earth. Usually, & 4-dB perfect circular spots with the
same radii are considered the radio cells (see Figs. 1b), which are visualized from the antenna view
angle (see Figs. 2.16). This means that the antenna is considered to habeaguadth for all
cells. For a practical radiator, neither all spots have an exactly circular shape, nor do antenna gain
and beamwidth remain constant as the beam is sweeping toward the edge of the coverage (EOC).
Furthermore, the projection of the citauradio cells on the earth's surface is only circular for the
cell geneally illuminated by the satellite antenna, see Fig. 2.16(b).

The set of adjacent radio cells containing the total chanaélstlie whole frequency and/or
polarization assigned are called a cluster which will be repeated in the whole area of coverage. The
size of the cell cluster, which is the number of beams inside a cluster, is called the reus€factor (

Typically, itdepends on the maximum amount of tolerable interference. Using a higher reuse factor
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increases the distance between thecttannel spots, thus, improving the CCI. However, it

simultaneouslylecreases the bandwidth per beam, leading to fesess per baa. In other words,

it decreases the number of channels per cell or capacity per('ispoto( @. If clusters are

replicatedN times in a geographic area, then the whole system capacity reads:

YO O 6 0O Q6

Another major factor is the CCI, whichore of the most important parameters in every cellular
network as there is a tendency to increase the whole system capacity by using higher coverage
resolution, which decreases the physical distance between-thaicoel spots.

As discussed in the previogsction, the capability of RA to discriminate in frequency and/or
polarization can be of particular interest d@signingnultibeam antennas in the &and. In [78],
the classic bifocal concept has been applied to the design of multibeaneftecbrry antennas
in order to obtain better performance for the extreme beams while providing, at the same time,
closer beams with neaverlapping feeds than those provided by a stfgtels antenna. For the

traditional design of the Mulfiocal RA (MFRA), the FDA might be written as

i IO X ca

wherg s an arbitrary weighting, the subscript signifies the th design elemeng.g.,assume

I is the vector of the thfeed position associated with thé Ileam directions= In the single
focus RA SFRA) sense, thesdz;: | 4 i ] , whereL is the lattice matrix, is the weighting
factor, andiis an integer colmn vector Besides,, 5 Q»$ == .Accordingly, one may
write

w § §O Qowzr O Mg ®
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Fig. 2.17. Optimized aperture phases with associated spots. (a) Optimized aperture phapedaitzation at 18.9
GHz, (b) 4dB spot beams for "blue cells,” (c)-88 spot beams for blue cells, (d) optimized aperture phases for y
polarization at 18.9 GHZe) 4dB spot beams for red cells, and (f}@B spot beams for red cells.

where®z » [ andll is an arbitrary feed position.

However, it can be shown that using the intuitive (2.4) does not contribute to the optimal
solution Besides,if one uses (2.4)yto design the Multfocal PDA for specific focuses and
associated beam directions, the feed positions woulbdeqmecisely under control and should be
specified for each vector chosen. This can be problematic for desigg., @ feed position might
not be practical due to the blockage it may ca&se typically, an optimization scheme is required
to be employedin Figs 2.17, optimized aperture MFAs are designed for MEO satelitel'he
results of PDA for two channels érthe associated spot beams are shown. The optimization
algorithm is discussed in Chapter 8.

2.44 Sub-WavelengthUnit Cell

As stateda subwavelength cell for RA is one type of unit cell prominent advantage of this

type is that its frequency responsen be modeled using lumped element, which facilitates the

analysis. Here, we have modeled the pixel by using surface impedance which relates the surface
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current to the tangential electric field; therefore, for the impedance boundary condition (IBC), we

can write:

Z3J_ =i niE (2.6)

where J_is the vector of surface currerﬁ,S is the tensor of the surface impedance, amslthe

vector of the electric field antis normal to the surface. We have the following equations on the

boundary with respect to Fig. 2.18:

-E¥E,|_, El,.) O (2.7.a)

-EYH,|_, H.l,) I3 (2.7.b)

where it is assumed that the impinging and reflected EM waves are in the first medjutha) (
on the positive side of tieaxis while the transmitted waiesupposed to be in the second medium
(inside the substrate) on the negative side ofzthgis E2, H2). Alternating (2.7.b) in (2.6)

contributes to (2.8).

£B2Z, 5zBH,|_ Hil,) zE| (2.8)

3
z &70
Then, we need to translate the mbipate system of the incoming wave from the feed coordinate
system to the RA's coordinate system. This can be done by using a proper coordinate system
rotation. Let us assume the incoming electric field in its coordinate sysi¢see Fig. 2.18a);

hence, the impinging fiel& in the coordinate system of the reflective surface can be written as

(2.9), which is realized by proper rotation of the coordinate system.

éE, @ - @y, .cosq -sin/ cos /j.sin Eie (2 9)
e Uu ginjv.cosq cos./  sin, j.sin zESjL\' )
e Yy u I 1 1 I u

€5, § & sing 0 -cosqg ER
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Fig. 2.18. Schematic view of the reflective surface. (a) Schematic view of arbitrary pixel and a feed at the foc:
represented by the feed phase center (FPC) and (b) 2D stheieatof the impedance boundary condition for T

incidence.

Evidently, g ande are supposed to be known for each pixel, as the velt@ieed position) and
I?j — i,y (the h pixel position) are supposed to be known. For simplicity, we may consider

ay-polarized wave. Also, we may assume that the pixel does not contribute to the aperture cross

polar content. Therefore, the surface impedareflected and transmitted coefficients can be

written as:

_ & 0

@s:é gx : (2.10.&)
g %

= _ngx 0 (2.10.b)

us_é 0 Gy

= &y O (2.10.c)

Ts‘g 0 T,

The incidentreflected and transmitted electric and magnetic fields on the impedance boundary

(for y-polarized feed) are calculated as written in (2.11) in Wblickyli , andqti are altitude angles

of incoming and outgoing rays with respect to the positive direction d-#ixés and might be

correspondingly written ag; - , . , Gi= g+ g=-g Eo is the magnitude of the electric field
1 I r
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at the surface impedance bound&iyandk: are the propagation constants in Medium 1 and 2,

respectively.
E lz:0+:E0 OS'H"IjiE COS/I'yEexp(q')iy (2.11.a)
"I ,=E, 0 - GinjOK - 2.11.b
E IZ:0+—E0 0 5, GOk Weo@/rmequ ¥ ( )
el Iz=0+:EO Ot sinhk Tyy+cos/t@E exp( (2.11.c)
y;= ¥ (Ocog) siniy sint j <n (2.11.d)
Y, = % (Ocog) sin P y sint / &in i (2.11.e)
(2.11.9)

Y= k2 ()Ocoth 5|nt@ y sint / @nt

Ignoring diffraction and scattering effects of the metallic layer and utilizing (2.7.a), (2.11), and the

phasematching condition [43], which implies thXti = \{ = t\c. The boundary aadition (2.8)

contributes to (2.12):

Z A
T ( uucosqt+1) ——uu cosq(l e (2.12)
uut A uu

whereu might be alternated by or y. Besides, the plane wave assumptiﬂrt% £) has been

usedin calaulatingthe magnetic fieldd_et us assumqi = Cc:qi and zt :Cohsqt , then (2.12)
[ t

can be simplified as follows:

o A Gl A3 (213.0)
W 22,427, %%

T o= 244y (2.13.b)
W44, 44 44
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»

Port 1

Fig. 2.19. Simple equivalent circuit model of the RA pixel.
It can be shown that (2.13) is also correctthex-polarized wave (TE incidence) by considering
the Zi =hi cos g and Zt =/7t cos g. To find the total reflection from the pixel, we need to consider

the simple equivalent circuit model presented in Fig. 2.19. It is possible to teatiszoblique
incidence of the plane wave to a transmission line model by considering the problem as a transverse

equivalent network (TEN) [38]; therefore, tPZ%l and Zrl in Fig. 2.19 would beespectively

equal toZi and Zt for a wave propagating from the Medium 1 to 2. Moreover, the transverse
propagation constants should be us@ldzkI cos g and bt =kt cos g for both TE and TM

incidences. Finally, by making use of the theory of small reflections [82], the total reflection

coefficient can be writteas:

. :i‘eéjl gl ge’B2 2% %bzi@tléb&? (2.14)
TE 1airqe 0220 ¢

where Gsis the reflection coefficient from the backdeatrs. Hence, it might be considered s
for a solid PEC g1, and 21 (cgg and 112 ) can be calculated from (2.13) usirzg and Zt' As

an examplefor the TE incidence of a wave traveling from Medium 2 to Medium 1 +tfe and

@ can be calculated by cons.ideril}gz,72 cos g and z; =h, cos g. Note that (2.14) can be

modified for several layers. The surface impedance can be determined by analytical calculation or
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simply utilizing the curve fitting of the exact solution only for themal incidence. If the cell is
small enough, it acts like a lumped element; hence, the value of electrical parameters of the
impedance boundary remains almost constant against the angle of incidence in an acceptable
frequency band. Theremecessarto nde the prime assumptions made for the above calculations.
Firstly, the pixel is considered infinitely periodic, which is not an accurate assumption for the
modulated surface impedances. For a small enough variation of the surface impedance, for example,
by gently changing the physical properties of the pixel, such as spacing or rotating the pixel, the
above calculation remains almost accurate. However, there would be higher modes near the borders
of the pixels due to discontinuities incurred for sharp tiana. Reactive lumped elements can
model the aforesaid evanescent modes as they are localized stored energies; thus, the effective value
of the surface impedance deviates from the one assumed in the infinite periodic assumption
introducing further errorSecondly, the pixels are assumed to be lossless and do not contribute to
crosspolarization. The amount of this kind of error depends on the type of pixel and the material
used.Finally, it has been assumed that the pixel is small enough. For the latglesipes, the
assumption of constant current might be undermined, and the higher orders of space harmonics start
to be unleashed, contributing to the deviation of surface impedance values.

Fig. 2.20 compares the exact solution results (FDTD) and compesatis of two arbitrary
pixels in Fig. 2.15 for different frequencies and angles of incidence. The surface impedance matrix
is extracted by curve fitting for the normal incidence. As can be seen, there is a very good agreement
between the computed and eiaolutions. In Fig. 2.21, the variation of transfer characteristics
against the frequency and angle of incidence are analytically calculated and presented for TE

incidence.
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Fig. 2.20. Exact solutiongsolid line) and proposed analytical method (dashed line) of (a) C2 (40 fF) in Fig. 2.15 for
TE incidence, (b) C2 (40 fF) in Fig. 2.15 for TM incidence, (c) C5 (9.2 fF) in Fig. 2.15 for TE incidence, and (d) C5
(9.2fF) in Fig. 2.15 for TM incidence.
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Fig. 2.21 Variation of the transfer characteristics of the capacitive/inductive interdigitated pixels for TE incidences
against frequency and angle of incidence, (a) at 17 GHz, (b) at 20 GHz, (c) fol mordence (= 0°), and (d) fod
= 35°.

The solid lines show the exact solutions perfectly compatible with the analytical results. It can
be seen that for the assumed distand¢begbort from the pixel (3 mm), the transfer characteristics
have more sigificant jumps of phase states near tHer lower frequencies, whereas phase steps
remain almost constant near(compare Figs. 2.21 and 2.21). This also could be realized by noting

Fig. 2.20. For higher frequency bands, the transfer characteristic$essesensitive thathe lower
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frequency bands, but still, there are some deviations from the one for the center frequency. Also, it
can be seen that the transfer characteristics are a nonlinear functimirafidence angle for
parallel polarization (E incidence). In particular, note that for a higher angle of incidence, the pixel
has poorer transfer characteristics, especially at lower frequency bands. This may limit the antenna

bandwidth.
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Chapter3
Quantization

3.1 Quantization in analog beamforming

As an example, for RA, let us assume one apeglage component of the reflected field as
0 7@;;;9 “where: N u . For highprecision PDA, les .. wy and for the quantized one,
letls . | thereby,

~

we ~QE'D£EH L2 0. ~QE'DLZ

wheres . Cobz 0z » |, Q»$ =a heis the th pixel position vectorff

and=am are the vetors of feed position and beam direction, respectively. Accordingly, one may
write the quantization error of the excitation signal as follows:

Qi o0 AR Agowy 0P
by some trival manipulations, it takes the following form:
Qi coO0ERQ T (3.2)

whereQp: [ wisthe PDA error. One may simplify the equation for simadintization width

by using the secordrder approximation of the Taylor series, which reads (3.3).

Qp i 6.Q50 - 0.QFQ 0% 8
For the argument of ehcomplex exponential, half of the PDA error is not in the forna of
progressive phase shift. Thus, the excitation error corresponds to the weighted PDA error steered
to the beam point directiomm fact, (3.2) and (3.3) also work for the PA antenna bysudering

the phasof@:Q ', as current excitation.

42



Chapter3. Quantization

13
-0.205 4
—~
= 1
= -0.21
2 )
£.0.215 515
=}
B -
g -0.22 d 16
F-0225
= 17
0.23
-0.235 : : ’ ; " -18 I I I . .
0 w20 3 40 S0 60 0 10 20 30 40 50 60
Targeted beam point (degrees) Targeted beam point (degrees)
(a) (b)
0 T T T T T 0 ; . . ; . .
Invis-Pat
-10 ¢ 10k Vis-Pat_| ]
=207 ] 20t
g g
-30 1 ~ 30|
40 ¢ ] -0 r
MEREEDF £ PRIHRIRRIEERIRIFIE 1hE)
-1 08 0.6 04 02 0 0.2 04 06 08 1 -1 08 <06 04 02 0 02 04 06 08 1
Normalized angular frequency (x o radians/sample) Normalized angular frequency (x 7 radians/sample)
(©) (d)

Fig. 3.1 Computed results cfxemplarphased array@a) Maximum gain loss, (b) the first sidelobe level for linear
"supersampled” array of length 5 .o. £emputed array factor on one fundamental period of the beamspace for
targeted beam point at (c) 4.4°, and (d) 38.6°.

Consider an equally spaced linear array with a simple cosine tapering as an illustrative.example
The array length is assumemibe2 5 .o. @& now, we only consider phase quantizationthe
current study, an idealdit digital phase shifter is assumd€lg. 3.1 shows the result of beam
steering up to 60° for @upersamplawarray, a quastontinuous excitation. This is considered to
discriminate between the effects of quantization and sampling errors. As seen in Fig. 3.1(a), the
maximum gain loss hovers around a convergence level with an exponential envelope shape by
increasing the steering angle. Also, it can be seen in Fig. 3.1{the¢h@L level drops after about
8.2°.

In fact, by increasing the steering angle, the period of quantization error decreases; thereby, the
QLs shift to higher spatial frequencies, which are not inside toalgsd"visible window of the
supersampled ay. This has been shown in Figs. 3.1(c) and 3.1(d) for two exemplars commanded

beam directions. Fig. 3.1(ohowsthe pattern for a targeted point at 4.4° in one beamspace
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fundamental period. As seen, the unperturbed radiation pattern is corrupted dst atvte QLS

inside the visible window, but there is neband QL for the one with the commanded beam at
38.6°, illustrated in Fig. 3.1(dkinally, the harmonicbecomeurtherseparated by increasing the

beam steering angle, making wider band excitaroors. This is simply because of the periodicity
decrease of error signal by increasing the steering angle. In this regard, one may note the alias
artifacts in Fig. 3.1(d).

Now, let us consider an array of the hakvelength pitch. In this case, theagribehavior
changes to some extent. The signals illustrated in Figs. 3.2(a) and 3.2(b) are somehow the periodic
versions of the ones illustrated in Figs. 3.1(a) and 3.1(b), respectively. However, each period shape
is expanding as it approaches the 60°dtd point due to more severe aliasing. As stated before,
by increasing the targeted beam point of the supersampled array, the QL habwoamsmore
separated; thereby, the error signal bandwidth gets wider, and the excitation error is more prone to

spadial frequency aliasing.
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Fig. 3.2. Computed resultlor exemplad i near ar r aya mnd?2 demnentgdatingal rhaxifmuan gain
loss, (b) the first sidelobe level. Computed array factordi@eted beam point at (c) 0.5°, and (d) 4.4°.
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Fig. 3.4. Decibel array factors for-#it (a) — ] = [20°, 0°] and (b)F ] = [52°, 223°].

In Figs. 3.2(c) and 3.2(d), thghased arragomputed adiation patterns with a halfavelength

pitch are compared with their supersampled counterparts for the commanded beam points at 0.5°
and 4.4°. It is wetknown that the quantization noise is a wideband signal, but its manifestation is
of harmonic form fo a periodic signal. Therefore, several QLs appeared in the conventional array

radiation pattern are, in fact, alias QLs.

The reason for point deviation is straightforward and weterstoodFor example, for the
linear array in example Fig. 3.2, the betargeted at 0.1° collimates to 0.8€e to the phase
ambiguity caused by the assumedtiBuniform quantizer. For 0.1°, the PDA signal has two

guantized states. In other words, the quantizer simply rounds up all positive phases to a quantized
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state, wheras all negative phases are rounded to the inferior quantized phase state; thereby, due
to the low resolution of the quantizer, the system is unable to discriminate between the two
commanded beam points which are 0.1° and 0.5°. This phenomenon showstiiedifeamspace
domain asthe onellustrated in Fig 33(a). In the case agtbeam commanded at 0.5°, a broader
null exists between two lobes of less magnitude than those commanded at 0.1°. Like SLL and gain
loss, the point deviation shows up in a gyssiodic fashion, with a seemingly exponential
envelog, against the targeted beam point for an array aithlf-wavelength pitchas shown in
Fig. 3.3(b).

Finally, just as an exampt# a planar array, two steered array factors are shown in F&. 3.
The array is of circular aperture with square lattice andvisalfelength pitctwith a diameter of

1 3 .. Both phase and amplitude are quantized to 4 bits. As seen, it contributes to the appearance

of QLs.
I8 9—0 08
a r/é’ . . . \G‘)\‘
05
?
| <]
@
051
© e Q
APV SR YR
| 1 1
(@) (b) (©)

Fig. 3.5. Complex beamforming weightith unity amplitudeThe 1Q plane igjuantized to (a) 3, (b) 4, and (c) 6 bits
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Fig. 3.6. Complex beamforming weighitith amplitude 0.6 The 1Q plane igjuantized to (a),3b) 4, and (c) 6 bits.
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3.2 Quantization in digital beamforming

In DBF, each antenna receives an RF signal replica which might be simply modeled as

@o T AT® o t woAi® o -

is element position vector and: 0 T Note thatQis a function o

T The received RF signal is ampldie dowrconverted to IF or baseband (BB), and is
subsequently digitized. Depending on the scheme used, digital-clmwersion and filtering
proceduresvould beused Overall, the two 1/Q components might be written

6 wa AT-Qx.a @& OBl
whereiin 6 Oy is the index number of the active elements in the spatial domairg ang
counts the snapshots of the incident signal at a sampling rate acceptably above the Nyquist rate.
The digital I/Q components might be riplied by complex weights and subsequently combined.

Accordingly, the ultimate sequence might be written as

[ & — a0 NGO — NGO ' O

with' 0 GAT-Q0. GOEIL 0 © @ &Q  constituting the CBW matrix:
L 7(]}: andsis the cardinality of séihwhich is the set of active elements.

There might be two wayat leastto quantify the comipx exponent. One may consider and
0 bits for each I/Q component of complex exponent and amplitude compaoigotsjust( »
bits to quantify eacndf);;;;.; Therefore, the problem under study concerns the limited auaib
bits for complex weights in the digital domain.

Consideringd:  @Q , as stated, one may ue bits to quantifyy andi  bits for each
in-phase and quadrature componerfof . For now, let us assne a uniform amplitude of unity,

@ = 1.Fig. 3.5 shows the I/Q plane for,3}- and 6bit systems. For the-Bit system, there are
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seven quantization steps for e&@nd0 component; hence, the 1/Q plane is resampled to a matrix

of size 7x7 = 49whose elements are shown by solid black circles. Eacbrresponds to a point

on the unit circle shown by the dashed liRer such a case, those elements in the vicinity of the
unit circle should be considered as available quantization steps arkischematically illustrated

by the hollow black circle€learly,thisimposes phase and amplitude errors. Besides, if a specific
array weighting is of interest, the amplitude coefficiegimntified byd bitsshould be multiplied

by the resultglerived from thd/Q plane to realize the CBW matrix. On the other hand, as the
second approach, one may quantify edgand 6;5;5;; by 0 ¢+ bits. This approach imposes less
computational burden; however, it incurs more severe distortiooatiyi The reason is that the
amount of error somehow depends on amplitude. The perimeter of the high precision circle
decreases for small magnitude, and less effective quantization steps would be available. This has
been shown in Fig. 3.6 fab = 0.6. As seen, there are 16 phase quantization steps available for
one cycle in Fig. 3.6(a), while there are 24 steps for the unit radii in Fig. 3.5(a); hence, the smaller
the signal magnitudeéhe fewer quantization steps be available. The CBW quantization ean

be written as follows:

The above statemerpsovide some degrees of randomness for phase and amplitude errors which
somehow helps to span the quantization error in the beamspace domain in contrast to harmonized
error usually realized in ABF due to the direct quantization of phase and amplituéSky Oy

v ey +;andDAsP v 00 O
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Fig. 3.7. Schematic of an available quantized step, solid circle, for a high precision sample, hollow circle, in IQ plane.
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Fig. 3 8. Computed array factor for exemplar digital beamforming. Decibel array factor steprbd]at [52°, 223°]
for (a) 0 0 1,(b)0y 1. Decibel array factor steered[ar ] = [20°, 0°] for (c) 0 0 1,and(d)
0 T T.

Concerning Fig. 3.7, one may write the quantized signals and the associated error for the quantizer

mentioned above as follows

v o 8 05 p Q5 ACER. Qj 08 &)

: T % Bl Rl : 3 : >
Qp v @ @ QoA QD:;AQJEEC—“OEJ—“ Qp Qn Ad®. Qg o8&

c i

v @ 0. QrAZ®. Q5 BN
. o o T % ~‘Q B o - Q B . % . 5
Qp v @ @ QAo AQ mc— OE 4c— QAC® . Q j oo

where the first quantizes, , is assciated with the first quantizing approach and the second one,
v , is defined for the second approach with bits for quantifying the CBW components. The

above results imply that the error array factor is steered to the commanded beamipagition
the amplitude error contributes to the second term while the weighted phase error constitutes the
first one. For enough bits, tf@; can be neglected in (3.4. b); therefore, the two quantizer error

can be written in a uniform formylough that would be in form only. Accordingly, the baseband
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error might be written as follows:

5 . Qp T
Q Qp Q0.0E 4C—h Qp  QdkHy

where(Hy is the Tylor expansion of sine. For the, the first tem, the real part, may be neglected

for enough bitsthus, only the phase error would be of significance, showing itself somehow in
harmonized form. However, for the , for an acceptably small amount @f, the first term
becomes considerable. Ttveo methods of minor lobe performance tor 0 Oy Tare

shown in Fig. 3.8 for two different commanded beam directions. As expected, the second method
generates more sedtistortion and minor lobe increase.

3.3 Random dithered quantizéion

3.3.1 Statistics fundamentals

A stochastic process is a phenomenon evolvamglomly Mathematically, it is an integration
of random variables. A random variable or vector can be characterized by its distribution and
density functions.
Definition 3.1: The probability of event <¢ is defined as the cumulative distribution function
(CDF),

RO ~0 O u

Definition 3.2: The probability density function (PDF) is defined as the derivative of CDF,

1'e0

RO o ® o

Thus, one can write
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Q0 RO D o¥

If 6 andyu are two events, then the conditional probability ofjyiven0 is as follows:

N (') ¥ é‘ 8
SV A
Considering~ @ "Q e Ye, onecan write
IR o TGl (V)
Q0O —
¥ QU

Definition 3.3: The conditional PDF aob givenu is defined as

a of
Q09 Q]Q—U “

If the ewventso andv are statistically independent of each other, then

Q0 Qo QU o}
Also, it is possible to write

O, 6 06 0V o8

Definition 3.4: Let 6 be a random variable, then the expected valiQaf is

Q0 W6 Q6 Q6 y

Accordingly, the first morant (or mean) of random variakds

& @6 6'Q6 Q6 oB T

The second moment (or mean) of random variabte
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i Qo 60606 0B p

For a complex random variable, Equation (3.11) turnis to © 66° . Just as a comment, the
correlation matrix represents the complete set of second moments for a randoné ,végtor
w00  where'Ostands for Hermitian or conjugate transpose.

Definition 3.5: When® ©s  exists, thenth moment ob is
®6 6 Q6 Q0 -

In statistics, the deflection of andom variable from the mean value is measured by variance.
Definition 3.6: The average of squared differences from the mean is variance,
WD ®O « o
It can be shown that
V6 o W 0 oP ¢

Thus, if the mean of a random process becomes zero, the second moment and variance are equal.

The square root of the variance is called standard deviation, 0 QD .
The complete set of moment deviation for a complex random vedtoicalled the covariance
matrix, , @ ¢ O, ¢ O, .The covariance and correlation matrices are related by

B Dodoe do (3.13)
Definition 3.7: The characteristics function (CF) of a random varigbkedefined as

e 0 @Q@oo y
Thus, the CF of a random varialdehe Fourier transform of its PDF. Also, two random variables
0 andu are statistically independent if and only if

Ep 0 D E 0 E U oP T
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3.3.2 Dithered system

As the previous section shows, the quantization error turns into a harmonic distortion.
Nevertheless, that is not generally correttcdn be shown that under condition (3.15), the

quantization error is uniformly distributed [83].

E ;2 mh IO u o v
whereY is the least significant bit (LSBHowever, here are some important points to note. First,
Equation (3.15) is definefbr an infinite uniform quantizer. Secondly, condition (3.15) ensures
the error would be uniformly distributed but not independent of the original signal. However, in
many practical interests, that might be good enough. Overall, Equation (3.15) tells us that if the
CF of a random variable becomes zero at specific points,ithangossibility that the error obeys

a specific distribution.

It is possible to manipulate the original signal by addingnaependensignal before the
guantization process, satisfying the conditions provided irb)3Such a signal is calledither,
typically but not necessarily, a random signal with some statistical propértedevelop the

theory, consider a third random variaile @ @ then the following relationship exists [84]
E U E OE U oP @
This is reciprocal tdQ &  "Q @ 2 "Q & . For an SD system, the quantization error is as follows

n low I I w 10 x oP X
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with x @ |l . Considering (3.15}3.17), the output error of the SD system would be at least
uniformly distributed if (3.18) is complied. Nevertheless, it is possible to show with longer proof
that the error becomes totally independent of the input and uniformly distriB4djed

Q

3 mh I On op |

E

Now, one can easily realize that the spiezkantenna is naturally an SD system,

~

| 0 Cmle ... ObbE
Although the quadratic phase sﬁﬂEith does not comply with condition (3.18).

In an NSD system, it is not possilvleitherto make the total error independent of the imprt
uniformly distributed,but making some moments error, Q , independent of the original

signal by satisfying (3.19).

'rQ . . )
Mooy mh LNy oP @nj
v "Qf OETOA "Q oP @

whereOETOA OBV YQandVM  signifies thenth derivative oM  [85]. For example,
considering the CF of rectangular probability density function (RPDF), uniform distribigian
Sinc function; then, for NSERPDF, thefirst moment of the error is statistically independent of
the input, which is precisely zero, but a higbeter of error moments are dependent on the original
signal, contributing to noise modulatiofor NSD with triangular probability density function
(TPDF) of width %, theerror'sfirst- and seconanoment are independent of the input. Among
distributions complied with (3.19), the TPDF provides the mininemor variance, while the

RPDF generates the lowest noise power that itss zera
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Fig. 3.9. Decibel arrayfactor, normalized to the maximum of high precision aperture it 8) simple uniform
guantization (b) nonsubtractive dither withuniform distribution and (c) The computed radiation patterns on
w Ttplanefor differentnonsubtractive dithemethods.

A circular apertur e PAo with tldssicdNyquist desigg,t=0.5, of atk
and Taylor weighting is considered with different dithering approaches, assuming the dither signal
sampes are independent and identically distributed (iid), iid NSD. In Figs. 3.9(a) and 3.9(b), the

contour lines plotted faintly illustrate dB levels betweé®h to-35.

The beam is assumed aff ] = [5°, 90°], where the-axis is presumed as the boresigéttor
normal to the array surface. For Fig. 3.9(a), whose associated PDA is quantized to 3 bits by a
simple uniform quantizer (SUQ), the array factor shows some high peak QLs. Fig. 3.9(b) illustrates
the one in which theigh-precision PDA is quantized/the RPDFNSD schemeThe dither signal
can disperse the QLs on the beamspace domain with considerably lower peak levels. Fig. 3.9(c)

compared?A's radiation pattern designed by some exemplar NSD systems. The GPDF stands for
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iid NSD with Gaussian density, (0,-). As seen, by increasing the dither's power, the antenna

directivity drops, which is the cost of inserted noise.

56



Chapter 4
Spectrally ShapedDither (Noise Shaping)

4.1 Digital signal processing fundamentals
4.1.1 OneDimensional digital signal processing

One may sample a continuous sigial by the samplingrate @ —, generating a sequence

of sampled values @b 0 as written in (4.1).
wE WEY wo 10 &Y 1€

As a convention, we refer to the discréitee/space signals as sequences. Also, as stated in (4.1),
the sequence might be infinitely long. In practice, however, only finite sequences are computable;
hence, the lengthfx[n] should be finite. Also, we introduce theDLunit sample sequence (or

discrete time/space impulse or Dirac delta sequence) as

. & T
1 ¢ n E
p € T
In this regard, any sequence can be defined as
wEe wai ¢ a

For example, the unit step sequence u[B]= 1 a B 1¢ a.
A linear shiftinvariant (LSI) systeng has the following propéy
we Q wail € a wd Qg ¢ a wa Q¢ &

where Q¢ Q¢ isthe system impulse response which means that the output of every LSI
system can be predicted by its impulse response. Moreoveecakthe convolution operator as
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we 27Q¢ wa Q¢ a8
Thus, the LSI system output is the convolution of input and the impulse response.

Definition 4.1: A system is stable in the BIBO sense if and only if every bounded sequence as

input produces a bounded sequence as output.

Corollary: An LSI system is stable if its impulse response is absolutely summable,

B sQa s H
Definition 4.2: The D sequence x[n] is causal if x[n] = 0 for n < 0.

Many peopléhavecontributed tahe Sampling theoremyhich has many generalizations. The
most significant point of this theorem is that sampling in time/space/freqienoynmensurate
to replication of the original signal spectrum in the Fourier domain. Shanwersion simply
stateghat a sampled version of a signal bdindted tom can perfectly be reconstructed as long

as the (angular) sample rate is greater tmgrvizhich is famous as the Nyquist rate. To show that,

88
one may substitute the Fourier series (FS) of the impulse #&n,Q |, in (4.1) andtake a

Fourier transform (FT) from both sides, contributing to:

~

o P " -
wm v wm 8
wherenm  —. The equation (4.2) shows that the spectrum of the sampjed| $6 a periodic

function of the spectrum of the original signal with pengd Therefore, if the original signal,
W 0, would be bandimited to m , the inequalitymy m  m is needed to be complied with
to avoid the shifted copies the spectral domain overlapping each other, which leads to the

Nyquistratemy  ¢m . The main issue with the sampling theorem is that it is based on the concept
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of bandlimited signal, which is not practical (such signal must be infinitely exend the
time/spatial domain). Moreover, the condition of ideal sampling is implicit in the theorem, the
infinite precision of the sample values. In practice, the exact value of samples cannot be held during
the sampling procedure, introducing quantizatmise. Therefore, there is always an amount of
distortion in the spectral domain of the sampled signal.

Next, it is neessaryto define digital frequency (more accuratelliscrete or normalized
frequency) because the time/space domain is discretcdhibe conveniently carried out by the

following:

1 myY - (4.3)

wheremis the continuous angular frequency. Note that the unit of the digital angular frequency,
1 , is radians/samplgince the sampling rate unif) is sample/sec (or sample/m) and the unit of

the continuous angular frequency is radians/sec (or radians/m). Furthermore, digital frequency is
a continuougparameter, although its name might be misleading. Thus, ivealNiit normalized

frequency hereatfter.

Definition 4.3: The discrete time/space Fourier transform (DTFT/DSFT) of a finite sequence of

lengthN is defined as follows:

w Q WweEYQ we Q h

and the inverse operatoDTFT/IDSFT)is:

wE — ©Q Q O o
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Hence, it is impossible to calculate the DSFT since it is #raayus parameter having infinite
values on @"“ period. To make it computabli¢js necesary to sample the normalized frequency,
providing finite samples. To this end, one method to approximately calculate the DSFT is to use

M equally spaced samples thre unit circle (one fundamental period) as follows:

®Q we Q 18

wherg —,Q mpheB ) p, simply mean& samples of on one fundamentgleriod

¢* . This has been schematically shown on the compleexe in Fig. 4.1Accordingly, (4.4) can
be written aghe following definition, which is famous as discrete Fourier transform (DHRe

DFT and DSFT are defined on an infinite period, astdgence can be infinitely long.

Definition 4.4: The DFT of a 1D sequence x[n] is defined as

O©Q  wEQ .

Imaginary component
—]

0.5 .

-1

-1.5 * * .
-L.5 -1 -0.5 0 0.5 1 1.5
Real Component

Fig. 4.1. Schematic view of Mamples of continuous frequency on the unit circle.
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According to the Euler formula, Q — Al ©6-¢ "®E+—¢ and the Hermitian

symmetry of a real signal, one may realize that the DFT (and DSFT) of a real ansiyavere(ric)
sequence is real and even (symmetric). Similarly, the DFT (and DSFT) of a real and odd (anti
symmetric) sequence is purely imaginary and odd-@miimetric); thus, the DFT of a real signal

is conjugate symmetric because it is always possibldetmmpose every sequence to even
(symmetric) and odd (arsiymmetric) components. The above statement is equivalentitgsay
the magnitude othe DFT of the real signal is even while its phase is odd. Other important

properties of DFT are tabulated inble. 4.1

Like the continuous casthe Laplaces-transform is used for analyzing the signal in the complex
frequency domainand the z-transform (ZT) can be used for signal processing in the digital

complex frequency domain follamg definition 4.5.

Definition 4.5: The D z-transform is defined as follows

& & OE & y

Wherea Q Q . As stated before, the sigma is genlgraln infinite summation and

might be defined as a ors@ed or twesided summatiorthe ZT is related to the DSFT as follows:

W a wE Q O"Y'0E Q 1%

61



Chapter 4 Spectrally shaped dither (Noise shaping)

TABLE 4.1 IMPORTANT PROPERTIE®FDFT.

DFT 00%E  HQ
Linearity 00WHeE @& OAQ @ 6Q
Spatial reversal 0O0Y% ¢ »Q
Spatial shifting 00%E ¢ ®Q Q °
Frequency shifting 00%EQ ° ©®Q Q
Spatial convolutia 0'OWE zZWeE OQ 00
Frequency convolution OOWE we ®Q zOQ

Definition 4.2, for a finite sequence, can be interpreted as a system with the impulse response
Q¢ , of size N, N even, asQ¢ ntfor — & Ohwhich comes from the periodicity

assumption of the signal by the DFT operator, note'@mat Q0 .
Definition 4.6: A finite sequencev ¢ , of sizeN, N even, is causal b ¢ nfor — & 0.

Definition 4.7: An LSI system is stable if and only if all poles of its transfer function H(z) are

located inside the unit circle |z| < 1.

Thus, the region of convergence (RoC) of theansform of the stable sequence includes the unit

circle.

Definition 4.8: A minimum-phasesystem is an LSI system that is causal and stableaxifusal

and stable inverse system.

Definition 4.8 implies that all poles and zeros of a unidimensional miniphese system (MPS)

are located inside the unit circle |z| < 1.
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4.1.2Multi -Dimensionaldigital signal processing

In general, Multddimensional signal processing is a generalization of tDechse. However,
they differin the number of samples to be processed and the fact that theorems and background
math are less developed for Mediimensonal casesomparedo the 1D counterpart. The other
discrepancy is the lattice. In a unidimensional case, sampling is just a matter of scalar factor
(sampling rate), but here, it is characterized by generating matrix; thus, it is not just a matter of
spacing but also the lattice fashion, e.g., hexagonal, rectangular, square. Also, some fundamental
concepts, such as causality, stabilgyc, are somehow different to define or determine. For
example, back to Definition 4. an LSI system with a-D impulse responses stable if all poles
are located inside the unit circle. It is evident that this cannot be used feD tb&se since there
would be at least two complex parametérsandd , which contribute to four real and imaginary
components. Also, for time which is a unidimensional case, the definition of past andiguture
clear; thus, causality can be uniquely characterized, but that is not the cafedoe2It depnds

on the direction and reference sample chosen.

The 2D unit sample or impulse can be written as

1eR :gll o0 o
Definition 4.9: The 2D convolution operator is defined as
wE R 208 R wa e Q¢ a R G h
In a more compact form
WO Z'Qn wo Q= O “
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Definition 4.10: A 2D discrete space Fourier transform (PBFT) of a 2D sequence of size

0 0 might be defined as follows:

®wQ hQ wé kE Q h

more compact form written as

& QO wEQ ©" 4

The same as thel case] and] are digital frequencies and are continsgarameters. As
stated before, the above summation is impossible to be computed (and/or stésed) akQ

is analog data; therefore, one may sample the digital frequencies making the above summation

computablecontributingto 2-D discrete Fourier transfor@D-DFT) as written in (4.6).

® QRO wt kB Q ®

The above summation means thatand] are sampled to and0 equally distant samples,
respectively. Alternatively, one may say it is sampled on a square lattice. Nofe @@ is
supposed to be a periodic sequence with a pefioth[], ® QRQ ®Q O hQ v

However, the DFT definition depends bbowthe discrete points are transformed.

Consider the spafin  on a planend its sampled versiomhich contributes to a latticéx
initiated withd 7 4 Rt as the generating matrix, we call it latticgtrix, including two basis
vectorsf andf , which must nohavea collinear relation with each othéret us call the lattice

du as the elemeHbcation lattice (ELL). The reciprocal tite of ELL isthe periodicity lattice
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(PL). If one resamples the lattiéa by a resampling or tiling matrix to generatsparser lattice
4 4 , whichwould associate with a reciprocal lattice which wouldshgtimes denser than PL.
This recipocal lattice might be called the steering lattice, defined by ||| <, which may or

may not be in the same fashion as l[s an integer vector.

The lattice matrix is not unique. But the area of one period is unique, which is simply the

determinant of the gram of PL matriK, ¢ 4 44 whereT signifies the normalized
area of the fundamental period with any shape.

Definition 4.11: A generalized form o2D-DFT can be defined as follows:

o0 B - "

In the above definitionT is an arbitrary resampling matrix, andndk are integer vectors.

Definition 4.12: A 2D ztransform of a 2D sequence of size 0 is defined as fitows:

-10 -5 0 5 10 -10 -5 0 5 10 -10 -5 0 5 10
n n n

1 1
(a) (b) (©)
Fig. 4.2. Different 2D systems. (a) First quadrant, ginmetric, and (c) asymmetric hallane system.
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Definition 4.13: A 2-D LSI system with nofzero impulse response in a particygane regions

called a special support system.

For example, the quadrant, symmetric and-agthmetric haHplane systems arschematically

shown in Fig. 4.2.
Definition 4.14: A 2-D system is casual if it is a ors&ded special support system.
For example, the system of Fig. 4.2(c) is causal in asymmetriplaalé scenes.

Definition 4.15: A 2-D LSI system is stable if andnly if its impulse response is absolutely

summable.

In contrast to Definition 4.7 for a orddmensional case, a similar approach cannot be applied to a
2-D counterpart. Nevertheless, there are some theorems for the stability tests of quadrant support
systens.

Shank's theorem:For a first quadrant support system of fé®nx hi — the system is

stable if

lidexs pdd ahx T ¢

As seen, sharktheorem asks for a seatioha 4D space which is a challenging task. A meith

with a smaller search space is Huartgeorem.

Huang's theorem:For a first quadrant support system of fofn hi — the stability
can be ensured if the following condition complies:
paf ™ oe iR PI¥E P ¢
s phas p
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There are other methods for thdZXystem stability test, such as Decarlo and Stristti€orem
[86], which are not discussed here for brevity. If the causalityreng'stem's stabilityre secured,
having proved the stability of the inverse system, the causality of that will be automatically insured,

which means the-B system would be minimwphase.

4.1.3 Digital filter introduction

Digital filters have been inwtigated and used in a variety and extensive applications
comprisng data communication [84B8], audio, imageand video processing [8990]. One
popular and simple type of digital filter ise LS| type whose output is a linear combination of
the inpu samples with constant coefficients (with respect to the position of saniplgeneral,
this class of digital filterdias two typesncluding infiniteduration impulse response (lIR) filters
and finiteduration impulse response (FIR) filteestheir names imply, their impulse responses
have infinite and finite durations, respectively. The main difference between the FIR and IIR filters
is that an IIR filter provides the prescribed frequency response with a more compact structure
However, it is imposible to design a linegyhase IIR filter. To compromise that, a subsequent all
pass filter might be appliedomplicatingthe system design

On the other hand, the designadinearphase FIR filter is possible but at the expense of more
computational canplexity due to the higher number of coefficients requirethaore delaywhich
can be too large for some applications. Also, the FIR filter is inherently stable. The same is not
applied to the IIR filter; hence, stability should be considered durindabgn procedure [91].
This might bewhy the 2D FIR filters got more popularity in applications such as image
processing. It should be noted thatthe 2D IIR filters case the stability of the system (and

sometimes the inverse system) might not be eoi@nt to test as their2 counterparts. However,
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a system usingraFIR filter with along impulse duration in its feedback circuit is also prone to
instability. In the FIR filter, there is no feedbacWwhich grants the finite impulse.

On the other handhe IIR filters use feedback. However, it does not mean that if there is
feedback, the impulse response would be infinite. An example is the moving average filter which
uses feedback, but the output is finite.

From another perspective, the digital filfamily may be categorized into two typesreal
coefficient digital filter (RCDF) and a compleoefficient digital filter (CCDF). ie CCDF has a
onesided frequency response; therefore, the asymmetric case entoisiplexcoefficient

impulse response.
4.2 Noise shaping fundamental implications

Noise shaping is a weknown signal processing approach. It is sometimes cékecbr
diffusion,0 in image processing in particular [93], and als®y + modulator/converter [94]
[95]. However, in traditiona¥ 4 noise shaping, the signal is oversampled and then quantized
with the feedback noise shaper as a unit delay system, and then a decimation procedure is carried
out, including lowpass filtering and subsequent downsampling. The nomenclature noise shaping
describes the system performance from the spectral domain perspective, while the error diffusion
points to the method systematic procedure in the signal domain, input space of Fourier transform.
TheY + refers to the system block diagram.

The rationale behd the noise shaping is diffusing the current element's error to some
neighboring elements. Each element error is diffused among the neighboring elements by specific
weighting factors. Those diffused errors will be addressed kdghe name "error difsion."” It

is the digital filter that governs the amounts of weighting.
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eq[O, 0] eq[3, 1]
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(@) (b)

Fig. 4.3. Error diffusion for an exemplar system. Two wavefront traversals starting from (a) northeast and (b)
southwest.

(b)

Fig. 4. 4. Two possible structures of noise shaper.

In noise shaping, each element error is diffused among the neighboring elements by some
specific weighting factorsp , , which is determined by the digital filter. In Fig34the error
redistribution is shown in which the revised system is

Oah  dreé  drG O REE O GG ORG ORE QA
WRA «
initiated withB @ f; p. During the wavefront traversal, the noise shaper meets up with each
sample one and diffuses the sample quantization error to the neighboring ones. For example, in
Fig. 4.3(a), when the noise shaper meets the sample [3, filjdst the high precision value
ool oot OFQ ¢t ®{'Q phrt, where wohit represents the originahigh-
precision sample value; thereby, the error would bedam@mt 0 wofim  @ofr.
As such, eachirhe the noise shaper wavefront strikes a sample, several neighboring samples

will be affected, depending on the size of the impulse response. In this regard, one may choose

different wavefront traversals. For example, it may start from the southwest,3t&), 4or the
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northwest, as shown in Fig. 4.3(b). Of course, the noise shaper wavefront finally strikes the last
elementits error cannot be diffused to any other. However, that error is assumed to be negligible
for enough samples and the number of aelaynents.

A schematic of a generic noise shaper is illustrated in Fig. 4.4(a), in wisiche input signal,
I andllize the dither signals] is the transfer function of tHeevised systemG is called noise
transfer function (NTF) equal to-H, and Q signifies the quantizer. Fig. 4.4(b) illustrates the
alternative error feedback structure. Let us constdeand Q, respectively as total error and
guantization error, anid andj as their ztransforms correspondingly. Indeafino dither is

applied, therQ Q. Analysis of the Figs. 4.4 yields

Equation (4.7. b) states that if the quantization error spectrum is flat, the shape of total error spectra
corresponds t§Oa s The distortion can be spectrally shaped by the transfer furictionin the
feedback loop. Considerirggunit delay system, the inverse NTF works like an integriatdt

the same time, the weighted quantization error of the current sample is fed back and subtracted
from the subsequent sample of the original sigrfaivhich clarifies the reason behind the
nomenclatureyY + modulator/converter. Note that (4.7) is independent of the quantization

scheme used, including nalithered or dithered and uniform or raniform schemes.

Applying dither in a noise shaping system increases the noise power leadingtantema
gain drop. Besides, the computation is not reproducible. Therefore,-dithared quantizing

system is used in our noisbaping approach. However, if the dither is not applied, meaning that
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I and IIDare considered zero entries, some sigleplendent artifacts may appear inside the

spectrum since the quantization error is generally not flat.

The quantizer is a nelimear system. A traditional approach considers the quantizer output as
an input signal with additive white noise, see Figs. 4hds Bpproximation sounds unorthodox
because the quantization error is a complicated function of the input signal. Such an assumption,
in practice, might be one of the reasons that the noise shaper stability and/or performance can be
undermined. In particalt, this happens for a higherder filter design due to the saturation of the
guantizer (signal clipping) [9€P7], which can render the system unstable.

Of interest is the MPS, which refers to an LSI system that is causal and stable with a causal and
stable inverse [98].The MPS has the smallest group delyong all causal and stable
unidimensionalL S| systemswhich meet the same magnitude specification. In other words, the
MPS minimizes the delay of the impulse energy delivery, which means thastitsainple has a
higher magnitude than its other counterparts [99].

The amount of noise rejection is related to the position of the zeros of the transfer function. In
general, the noise shaper decreases the SQNR. The optimum system is the one thatyeffectiv
pushes the Hband noise oubf-band while it preserves the highest SQNR. For a causal and stable
system of the formO& p Oda, where'O ¢ does not have a constant term, the following

inequality can be written [84]:

ITg 0Q Q n 8

In (4.8), equality happens for an MPS. Accordingly, ong make the inference minimuphase
filter (MPF) is optimal for noise shaping since the integral has a positive value for other systems

that are not MPS.
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4.2.1 Discrete Hilbert transform method

Definition 4.16: The Hilbert transform (HT) of a-D signalw 0 is defined as the convolution

O™ o woZ—o 4

Recall that the Fourier transform (FT) of the signum funciiofQ® , is equal to

nOerl !\Qb - ,
Tt 1 Tt

The HT of function turns to a convolution with the signum spectrum. It is always possible to
reconstruct a real and causal functi@o from its even component as

Q0 Qo p i Q
where’ Qo  —— . This will be explained more for discrete signals and sequences next.

Thus, one may write
"0"'YQO 0YQo  '8O'YO'YQO
that implies that the real and imaginpaarts of FT of a causal function are related by the HT; note
"O'YQO isreal.
A conjugate symmetric sequence is@s¢ & . The same can be written for the
conjugate antsymmetric oneo € & € .Accordingly, any sequence can be expressed by
conjugate and antionjugate components

>

e P .. . .

.‘.,w & Ews W ¢ I8
Co P .. . .

.0 & = e W £

u G

This might beevident that for a real sequence, the conjugate symmetric one is an even sequence,

and the conjugate ardymmetric one is the odd one. As a Fourier transform property, has a

72



Chapter 4 Spectrally shaped dither (Noise shaping)

real DSFT ando € one is purely imaginary. Thus, one may erit

. WQ ® Q Qo0

e P .. -

I‘uoo Q - wQ w Q ® T

[ . TQ n nz .

LW Q — w Q w Q

u q
If x[n] would be a causaequence, the even and odd components should cancel each other for n
< 0, and that one may write

we CweO6E WM €8

The DSFT can be written as

o0 P o0 vo o—@n
Consideing that
. p Q. ) .
YQ - -Al-O 17 ¢ Q
¢ G q
One can write
W Q w Q C_ w Q Q—
TQ n . ~ --—|'\ _, v v N7 5 N7
CT ®» Q AIGC—Q—YQ;)H O W T
And theeby,
n P . o .
w Q - w Q AIGC—Q—'noon P p

Equation t® p is a Hilbert transform (HT) relationship between real and imaginary parts of

DTFT of complex causal sequence x[n].
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Definition 4.17:The complex cepstrum of x[n] is defined as
wt T 00 YONEQ o
Note that the complex cepstrum of a minimphase sequence is causal [17].

Considering that
a € @Q ¢ DQ Qmn'Q
One may inserd ¢ in (4.11) and find

1

_P éq—_’Q—'n o T P C

00 — 1 1&g Al

where the imaginary part of the reference sample vanisheshéominimumphase case
contributing to a uniform relationship between real and complex (causal) sequences. Thus, it is
proved thaHT relatedog magnitude and phase of the spectrum of a minisphase sequence.

The same decomposition we did for continuong mfinite sequences can be applied to periodic
sequence x[n], which hassamples per period

>
(e 1)

& COE WO & R ogip o8O p 1do

%)

I’IJ‘ 1 p A 1 N7 L1 )
L€ —wE WO &
v q
Note thatom @0 andNis even. Thus, one may write ¢ { "Q¢ w & for sequaece

x[n], which is causal on a period. In this regadhd,1-D periodic unit sample can be definadhe

following definition.
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Definition 4.18: One-dimensional periodic sequence unit sample is defined as

SN §)
v p € pmBh- p
I'p ¢
ORI b il :
e C
I’r .0 .
g P € E pBh p

Thus, the same as the continuous case, the discrete Hilbert transform (DHT) is equivalent to

convolution with a DFT of "Q¢ .
Definition 4.19: The DHT of periodic sequence x[n] is defined as

00%HQ T QO0YQE we o
The above definition might be generalized tbe multi-dimensional case athe following

definition.

Definition 4.20: The DHT ofi-dimension sequencery[is defined as
00 L ®OY Q& = o

In Definition 4.20, thé "Q& might be written as written in Definition 4.21.

Definition 4.21: The 2D periddic finite sequence unit sample is defined as

. . - U
P € TIE ph8 hq— p
I’IJ N ~ \ij
CrP e pB hc— p
i Q¢ R T . . .. 0 . u
Llr p € TIE < plBhy p
I"IJ . 6 ~ ~
Cr P € < pB o p
Vs €I 0QQ
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Accordingly, the minimurphase impulse response can be numerically computed using (4.14).

g OOV ISQF

4.2.2 Design of minimumphase digital filter for noise shaping

The noise shaper design can beamplished by defining a digital filt€D @ according to the
spectrum of interest. Then it should be translated to the revised transfer fi@diorused in the
feedback noise shaper. Hend®,& might be normalized to its unit term and sehuently

excluded from the result, as in (4.15) for a unidimensional filter.

.y W, &
a -—a T V)
¢ G -

where® is the unit termg 1, of 'O & . Normalizing the impulseesponse to its unit sample
shifts the frequency response magnitude. This is easier to understand why MPF is optimal for noise
shaping. Since MPF concentrates the impulse energy on theelaw coefficients; thus, the up
shift is minimized.

As much as thélter cut-off frequency increases, the impulse enedglivery delay increases,
and the oubff band noise amplification increase so that the noise shaper loses its ability to push
the inband quantization noise eaf-band. As a comparative example,Fig. 4. 5, two 2itap
MPFs have been designed with different-cfitfrequencies. The rodoci diagrams show that
both designed filters are MPF. As seen in Figs. 4. 5(e) and 4. 5(f), the amourofiftiautd noise
amplification is more for the filter lwéng a higher cubff frequency than that of the filter with a

lower cutoff, which has impulse energy of smaller magnitude.
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Fig. 4.5. Two 1D minimumphase filteravith different stopbandga) and (b) illustrate the-glane of the two filters
transfer functionsQ & , with different cutoff frequencies, (c) and (d) are the revised impulse responses of the targeted
system, (e) and (f) are the frequency response of the targeted systgnepkté€spondingly.

As a 2D example, the targeted lagagnitude diagram is presented in Fig. 4.6(a). As seen, the
assumed lognagnitude is in the form of concentric circles with different steps. As mentioned
before, the magnitude and phase of the minminase filter are related to each other by the DHT.
Fig. 4.6(b) illustrates the impulse response. As seen, the sighahissided asymmetric half
plane. Also, one may notice thatthg quantized structure has been usethaspectral domain
(the conentric circles with different steps), sorh@herorder harmonics appeared arspatial
domain which are circulating around the peak value of the impulss result agrees with our
theory of quantization. The result for the approximated minirphase 2D impulse response is
presented in Fig. 4.6(cand the corresponding magnitudeadfansfer function (in dB) is shown

in Fig. 4.6(d).Almost half of the truncated impulse response in Fig. 4.6(c) has-aemorentry.
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Next, we have to prove that the filidesigned is minimumphase. As already has been shown, the
system is onaided; thus, the causality condition is insured. Also, the designed digital filter is FIR;
thus, the filter is stable. Thus, if wove the inverse system is stable, the system dvdnd
minimumphase. To do that, we use Huartheorem. Note that our system is faHne. However,

we can always use a successive rgjidar operator to convert a hplane system to first-
guadrant systenif the resultant systems stable by Huangtheorem, so would be the original
system. The roelbci diagrams of the quart@lane systemfa@ s pandx s pare illustrated

in Fig. 4.6(e) and Fig. 4.6(f), respectively. As seen, all the calculatattg points remain inside

theunit circle, which shows that the filter designed is minirpimase by Huarig theorem.
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Fig. 4.6. An Exemplar 2Dminimum-phase filter (a) and (b) illustrate the@ane of he two filters transfer functions,
"0 a , with different cutoff frequencies, (c) and (d) are the revised impulse responses of the targeted system, (e) and
(f) are the frequency response of the targeted system, H(z), correspondingly.
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Chapter 5
Noise shaping for PA design

5.1 Fundamengl implications

We define the normalized spatial frequencies as 7 h? hwhich is simply the digital
frequency vector normalized to ~. |[AndMher vec
normalized wave number. These two vectorskzarelated to each other by 1 |} Thescalar
factor off ‘OI_, whereQis a constant (it is not the element spacing), converting the normalized
lattice to the physical one, andis the wavelength. For the Nyquist desi@n, _and the
normalizedspatial frequency and wave number vectors become equal. Evidently, for a dense array

1 p, while for the sparse ohe p8

Considering that) =i "Q¢ —caadiV =i "Q¢ —j th@dvisible region is defined as the region
confined by"Y @  p. This is simply becausg Q% —p and that, out of this region (called
theinvisible or imaginary region), the EM wave decays os#ajoes not contribute to a coherent
wavefront, plane wave propagation. Thus, the visible region is of unit raﬁli(dm U-V) plane
and of radius in® plane. One may consider the excitationh&fantenna array as a2 discrete
signal; thus, based dhe sampling theorem, the array factor is periodic. In this regard, the shape
of one fundamental period tifearray factor is not unique. This is because the lattice matrix is not

unique.

If one considers as the normalized array pitch feff £ A} £ 7, then it should be
respectively taken as 0.5 alael 0.58 for the Nyquist design of tteguare and theo-called

hexagonal lattice.
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Fig. 5. 2. Example of hexagondtlement location latticeand reciprocal lattices. (&lement locationattice and
reciprocalsteering latticeand (b)periodicity latticeandsteering lattice

That comes from algebra. If two base vectors were of equal length, so would the reciprocal
lattice basis vectors. Besides, the product of the stem lengths is &%).5pas shown in Figs.
5.1(a}(b). Also,, 1 180°. The schematic of the fundamental period for square and hexagonal
latticesis shown in Figs. 5.1 (eld). Dashed circles show the visible regiéior example, fora

hexagonal lattice, to avoid the grating lobe appearancanfpisteered array ¢tor, the distance

between the center of two adjacent periods should be at least 2 @svtpane. In Fig. 5.1(d),
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i @ 1and that, the stem b 4o and so that a == which contributes to normalized element
spacing of =

The Nyquisthexagonal lattice generates the denBéstvithout the appearance of grating Isbe
for any steered array factor,@guivalently, the sparsest ELL among regular lattemesstituted
by regulamolyhedralprototile[100]-[10]]. In simple wordsdecreaisig element density per unit
areamakesthe antenna cheaper, at least from the number of elements used perspective. However,
the preceding statement is controversial, as pointed out latéig. 5.2(a), a hexagonal ELL with
aNyquist design is shown by blaiets. Its reciprocal lattice is shown with the same color in Fig.
5.2(b) which is PL. As seen, the distance between the two elements of Plthis Bttice is
orthogonal to the lattice shown in Fig. 5.1(d). The SL in Fig. 5.2(b) and its reciproaad ki
shownin red color. Heredl v kthus,thesteering lattice is 25 times denser than PL. That means
the beam can only be defined in 25 directions. The SL elements are precisely the sathples of
beamspace domain, and thereth, reciprocal domain becomes perigaibich explainghat the
lattice in Fig. 5.2(a), shown by the red hollow circlesiridact, the SL periodicity lattice ithe
reciprocal domain which is 25 times sparser than ELL.
5.2 Realvalued noise shaping

For the realalued noise shaping (RMS), the RCDF shodl be utilized whose frequency
response is conjugate symmetric. For now, we use thBI®Y6 address the phasaly synthesis
of thearray. That means that the filter should be designed so that the shifted spectrum of the PDA

error would be in the visibleegion.

As an example, for a-ID case, let us consider the targeted beam poiivt,as shown in Fig.

5.3. The borders of the visible window (or area of interest) are supposed t6Weanfte In this
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case, if one designs a CCDF at the cespatial frequency of Y with the band's rejection 0,
the inband quantization error of excitation would be pushed out from the visible window at the
center frequency dd with the band rejection 6% . However, in the case of the reallued filter,
the digital filter might be designed for the band rejectiofiyof Y, which means that a part of
the PDA noise would be pushed out excessively, and that might be considered as the limitation of
the phasenly synthesis since.

A visual representation of the proposed method for tBec@se is illustrated in Fig. 5.4 for the
planar array. Besides, we considefed 7 i as a 2D normalized frequency in Fig. 5.4(a),
the targeted beam poiri, is rotated 180° with respeta the origin, finding the center of the

shifted stopband (SB). The frequency response magnitude is symmetric with respect to the origin.

Therefore, every point on one side of the border of symmetry (BOS) has a mirrored copy on the
other side. That gendss an intersection region between the SB and its mirrored copy which is
truncated in Fig. 5.4(b), yields the truncated shifted stopband (TSSB). In practice, since some QLS
may appear there, the filter design should consider the intersection regionl,@hweraklvalued

digital filter is realizable with an even stopband (ESB), as depicted in Fig. 5.4(c). Having
performed the RMNS, the realized band rejection (RBR) will be like the one schematically shown

in Fig. 5.4(d). As seen, the samelas1-D cowunterpart, a part of the stopband is out of the visible
region, which is the disadvantage of the-R® since it inserts excessive noise. This excessive

stopband corresponds to the beam pointing angle and the array pitch size.
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Fig. 5.3. A schematic view of the digital filter spectrum and the targeted beam point at

4 .?92

(©) (d)
Fig. 5.4. Design of filter layout for phasenly synthesis. Schematic view of the (a) shifted stopb@)druncated
shifted stopband, (c) even stopband, and (d) realized band rejection region.

5.3. RVNS for square lattice PA beamforming
Let us reconsider the exemplar PA of Fig. 5.5(a). The constituent element is an aquenpled

patch operating & 10 GHz center frequency. The patch is designed and matched in a periodic
boundary condition (PBC). The antenna is backed by a reflector, increasing the antenra's front
back ratio. Other specifications are the same as mentioned in Fig. 3.9. The nestisedasd the

resultant PDA are shown in Figs. 5.5(a) and 5.5(b), respectively. The targeted filter frequency
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response includes two major constituents comprising the spots (deep nulls) corresponding to the
QLs and the circular shape background associatddtiae visible region. Of course, they are
shifted according to the beam point direction and subsequently symmetrized. The reason for using
spots or (notches) is that the error spectrum is not flat. The exact solutions, bytBaddation
patterns of atennas are illustrated in Figs. 5.5(d). Both patterns are normalized to the maximum
gain of the one designed by RNS. As seen, near the extreme of the visible window, there is a
sharp roloff for full-wave results that can primarily be attributed to ¢dge diffraction. The
constituting element ig-polarized. The element factor is considered in Fig. 5.5(d) for the
computed result, makingbout 34 dB roll-off closeto the extreme of the visible window on the
E-plane. Note that we approximately elimi@dthe coupling factor in the element factor by using
the PBC. As seen, the RN'S method compensates for the daiss incurred by the quantization
to some extent. Compared to the one with high precision PDA, thR&R¥ost for antenna gain
degradation isbout 0.1 dB, cf. Fig. 3.9. However, the rqumntized PDA is not realizable; thus,
the antenna designed based on the noise shaping approach has the highest gain of practical systems.
Evidently, the amount of gain compensation depends on the filter sp#oifis. Note that the
excessive stopband region and/or depth of band rejection can increase the gain loss. The above
example also shows that the noise shaping method outperforms the dithering. The exact solution
for the PA designed using NSRPDF showed @7 dB gain loss compared to the R\5.

However, the RWS fails to shift the QLs into the invisible region for some commanded beam
directions. That, in particular, happens for 0.5. It follows that the RCDF frequency response
is conjugate symmetric, and the filter is designed based on the shifted error pattern. For an antenna
with ” 0.5, this may prohibitively yield aast bandstop region for some beam directions

coveringthe whole fundamental period of the array factor.
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by RV-NS. (d) compared with analytical results, the 3D exact solution of patterns for an antenna designed based on
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Fig. 5.6. Schematics dilter layout backgroundbr” = 0.5 and—k ] = [50°, 10°] (a) disk associated to the visibility
region, (b) shifted layout to beam point, (c) intersection pattern of ggrientopies, (d) unweightefilter layout
background
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Fig. 5.7. Schematics diilter layout backgroundor” = 0.5 and—p ] = [45°, 45°] (a) shifted layout, (b) intersection
pattern of symmetric copies, and (c) unweigHtier layout background
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Fig. 5.8. Comparison of random dither and R\ based on spaced obes. (a) steered array facter]] = [45°,
41°], computed for (adimple quantization(b) RPDF and (c) TPDF systems. (d) filter layout example ofN&V/
type Il, decibel array factor for (e) RMS type |, and (f) RWS type II.

TABLE 5.1
NORMALIZED DIRECTIVITY AND SLL IN DB FOR ARRAYFACTORS OFFIG. 5.8.
SUQ RV-NStype | RV-NS type Il RPDF TPDF
SLL -16 -20.9 -25.6 -25.3 -23.6
(O 0 -0.02 -0.07 -0.17 -0.27

For Nyquist design, the method c&eé some portion of the invisible regipparticulaty for
beam steering ahg the principal axes or close to them. Besides, the fundamental period becomes

visible for some critically large array pitches. Fig. 5.6 schematically illustrates how this is so.

The black circular disk is associated with the visible region, and thedgshed line illustrates
the fundamental period boundary. After shifting and symmetrizing, Figs. @), he
resultant unweighted filter layout background (FLB) would be in the form shown in Fig. 5.6(d);

actually, one can compute that directly.
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Onthe other hand, the method does 'fs&te the free spectrum for those steering angles along
e U 45° or close to that. This is simply because the shifted invisible region is covered by the
mirrored copy of the black disk, which has been shown in Fig.d6.thé commanded beam at
[ ] = [45°, 45°].

In cases where thavisible region is not reachable, osirategy is to define the RCDF only as
some spaced notches. Those correspond to the QLs inside the visible region and their mirrored
copies. In Figs. B(a)(c), array factors of excitation signals quantized to 3 bits by SUQ, RPDF,
and TPDF are depicted, respeely. The R\ANS approach also addresses this problem based on
spaced notches strategy. Two RCDFs are used with different depths of notchesscaléthem
RV-NS type | and type II. The minimum null depths in their filter layout are correspondit@ly
dB and-22 dB. For example, the filter layout for type Il is shown in Fig. 5.8(bere are two
symmetric deep nulls and some seemingly veryl@vadnes. Indeed, the deep nulls are intended
for main QLs with higher peaks. However, there are also other QLs have smaller peak amounts,
cf. Fig. 5.8(a). Without considering the shallow notches associated with those minor QLs, those
regions would be owf-band; thus, the noise shaper amplifies those region error magratdie
may become malignant. The results of array factors for two systems are shown in Figs. 5.8 (e) and
5.8 (f). Also, the SLL and the normalized directivities for all cases are tathutalable5.1 As
can be seen, the RPDF and R type Il QL peak level performances are almost the same.
However, the RWS type Il incurs less directivity loss. This is ironic since although the RPDF
inserts the least amount of dither power amongyaliesns that comply (2), Tab%el proves that
RV-NS designed based on the spanetthes strategy is optimal. The preceding statement is in
addition to the fact thatyenerally the RVNS is a spectrally inefficient method, imposing

excessive noise powenahe system.
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5.4 Rationale behind the gain compensation

In the example of Fig. 5.5, the antenna directivity increased after noise shaping. Here we explain
the reason. The imaginary region has no physical reality in EM propagating mode but contributes

to evanescent wave components [102]. Referring to the discrete form of Parszyuation,

dis gY s LEp

My T

whereT is a stenography for any shape of the beamspace fundamental period. The power pumped
into the terminal of a physical antenna is associated witedbation left side, but the radiated
power only contributes to the visible region of the beamspace domain. In this regard, if one
succeeds in pushing the QLs out of the visible region, the antenna directivity may increase.
However, in such athought expement,' the cost of QL suppression should be clarified. Note

that this compensation is a portiontbé gain loss due to the QLs suppression, not the gain loss

due to the inserted noise. In this regard, one may write the following in a hemispherical sense

0" 0 0” 0" QO L

where$ signifies the visible region of the beamspace domairbahd might be considered as a
power pattern, the® ~  corresponds to the antenaigectivity atthe specified DOA; . Could

one only displace the QLs from the visible region to the imaginary ibfie, would almost
remain constant, referring to (5.6). That contributes to an incheasgenna directivity singen

(5.7), he integration inside the bracket decreases. However, in practice, it might not be possible
to push all the irfband noise oubf-band. Besides, the system imposes some overloads, meaning
that it inserts some portion of noise; this,  drops,which degrades the antenna directivity,

corresponding to the inserted noise power. As stated before, MPS can better satisfy such a request
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among all systems with the same magnitude spectrum.

5.5 Complexvalued noise shaping

If the underlying signal is the conep-valued excitation, the phas@ Q , no shift for the
filter response is required, in contrast to the-RS approach. We may call that compledued
noise shaping (CANS) or simply CV. In this case, both RCDF and CCDF are possibly to be
utilized. The advantage of CCOdver RCDF is that its frequency response is-sided; thus, it
may contribute to more spectrally efficient noise shaping. For the CV method, minor lobe
performance is examined forequal to 0.5 (709 elements) and 0.4 (X&R9ment) All filters are
desgned using the DHT method with a truncated impulse response of 20x30 under the Han
window. Also, the performance of the RV method for tH&t3ystem is compared with those of
the CV one. The excitation amplitude is quantized to 3 bits for thé&NB\Appoach. The it
amplitude quantization does not incur considerable distortion on the radiation pattern.

The methodf minor lobe performance for alit system can be seen in Fig. 5.9. Conmzar
with the SUQ,andCV-NS has almost eliminated all QLs in thisible region; almost no minor
lobe with more thar35 dB has appeared in the visible region. As expected, decreasing the number
of bits to three, QLs of much higher levels show up.

It can be seen in Fig. 5.10 faB-bit system that although both metisarhn acceptably suppress
the QLs, the CV method outperforms the RV one. Besides, in Figs. 5.10(b) and 5.10(c), no
effective portion of the invisible region is reachable by theNRy/ thus, RCDFs are designed
based on the spacedtches strategy. Howevaven in Fig. 5.10(a), both methods can push the
QLs to the invisible region, the RMS still has inferior performance. The frequency responses of

revised systems are shown in Figs. 5.11(a) and 5.11(b).
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Fig. 5.9. Decibel arrayfactor for0.5 normalized pitch, excitation magnitude and phase are quantized to 4 bits and the
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Fig. 5.11. Design ofphased arrapased on RvVand CVNS methals for 0.5 normalized array pitctComputed

frequency response of revised (aplvalued (b) complexvalued digital filter and (c) the corresponding exact
solutionsof radiation patterns.
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Fig. 5.12. Decibel arrayfactor for0.4 normalized pitch, excitation magnituded phase are quantized to 3 .bitse
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