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Abstract

The high and constantly increasing demand to develop raasteivers with enhanced
functionalities, inter-standard portability, higherdighputs, compact physical size, low
cost, and longer battery lifetime impose challenges on #lagordesigner. A Software
Defined Radio is capable of meeting these challenges prdyiylenhanced signal pro-
cessing algorithms with reduced complexities, (ii) highfpemance HW/SW platforms,
and (iii) the optimized architectural design that finally peathe algorithms to the pro-
cessing platform.

This dissertation focuses on a resource minimal architectesign for Software Defined
Radio (SDR) front-ends targeting a reconfigurable architecplatform using a Field
Programmable Gate Array (FPGA). Front-end design teclasiganging from legacy ra-
dios to the state-of-the-art radios are presented and zstwhlyThe results showed that
multirate signal processing based techniques provide fregformance solutions at a re-
duced resource complexity, thus making them highly suétdbt the SDR front-ends.
The outcome is a set of structural guidelines for the desiginéich can be used to ob-
tain an Area, Time, operating clock Speed, and Power migdcha@chitectural design for
SDR front-ends using polyphase filter bank solutions - a inatiét signal processing tech-
nique. The design space of reconfigurable architecturegpi®ed to suggest different
mapping solutions for polyphase filter bank which are aredylzased on their resource
usage and corresponding performances. Non-maximallyraéged operating scenarios
are identified and scheduling schemes are proposed to negedtiiput time constraints.
The scheduling schemes applied are: Load-Process scheldtdelaced Load-Process
scheduler, and Runtime scheduler. The proposed archiéscane based on these sched-
ulers, which in the light of exploration of the reconfigurabdrget space (Xilinx Virtex-5
FPGA) are presented to compare resource and performandesnet

The dissertation is composed of four parts: First, the edlaiesign challenges and state-
of-the-artin SDR front-ends are discussed. The focus i®sigd solutions with the least
computational requirements while operating at the lowessible clock rate, and having
the ability to embed several functions together. Secondesigd space exploration of
polyphase filter banks is presented and a set of structusajmiguidelines are suggested
to the designer enabling Area, Time, operating clock Spaed,Power optimized solu-
tions for SDR front-end designs. Third, a summary of the dbations is provided which
relates to the published papers. Finally, a conclusion aidak are given.

The main body of the dissertation is composed of six peeéewed papers which present
the scientific contributions. The results show that the pbése filter (bank) can embed
multiple functions in its operation in a cost effective manrsuch as combined arbitrary
resampling, match filtering and symbol timing recovery, aatibnal resampling apart
from a maximally decimated scenario. Furthermore, the ssiggl Runtime Architecture
(RA) based on a Runtime scheduling scheme, with (i) disteithlRAM organized as a
pipelined register bank, (ii) distributed RAM or pipelinbtbck RAM based coefficient
bank, and (iii) systolic array of DSP48E (dedicated comiamal resources on Xilinx

Xl
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FPGA) slices based Multiply-Accumulate (MAC) is a prefer@hoice to enhanced per-
formance and reduce latency for SDR digital front-ends.

The lessons learned during the exploration of the solutpacts for the polyphase fil-
ter banks provide a sound basis for the system designer wsehbe solution(s) which
meet(s) the normally tight resource and performance cainstt Besides, the formulated
design guidelines which constitute our most importantiie contribution, can help the
designer at any point in the design process, thus potgnkilting to a reduced overall
cost and time-to-market overhead.
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Dansk Resum

De til stadighed voksende krav, der stilles ifm. udviklifgadio-sendere og -modtagere
med avancerede funktioner som eksempelvis understadteisee forskellige kommuni-
kationsstandard, hgje datatransmissions-rater, konfpsikk stgrrelse, lav pris og lang
batterilevetid, medfgrer markante faglige udfordringarden moderne radio-ingenigar.
Med udbredelsen af den sakaldte "software defined radidR)Ser der imidlertid tilve-
jebragt et koncept, som er i stand til at imgdekomme mangetiddens krav og udfor-
dringer, idet netop dette koncept gar brug af (i) hgjtydesigealbehandlings-algoritmer
med lav beregningsmaessig kompleksitet, (ii) avanceredéW\platforme, og ligeledes
(iii) understgttes muligheden for at designe HW/SW-aktiteer, som er skreeddersyede
til de ngdvendige signalbehandlings-algoritmer.

Denne phd-afhandling fokuserer pa design af resourcésmie FPGA-baserede arkitek-
turer til SDR modtageres front-ends, dvs. de fgrste sigialhdlingsalgoritmer umiddel-
bart efter analog-til-digital konverteringen. Vi preesset og analyserer design-teknikker
for savel traditionelle som moderne radio front-ends, bgiser at signalbehandlingsal-
goritmer baseret pa det sakaldte "multi-rate” principdnferdel kan benyttes til at frem-
bringe hgjtydende SDR front-ends med reduceret ressdarbaig. Vi tilvejebringer
retningslinier for struktureret design med henblik pa pih@ bedst mulig performance
mht. fysisk areal, eksekveringstid, og effektforbrug f@R5front-end arkitekturer. Her-
til udnytter vi sakaldte poly-fase filter-banker. Med udgapunkt i omkonfigurerbare
HW-arkitekturer afsgger vi det sakaldte design-lgsmimgsmed henblik pa at frem-
seette forslag til design-lgsninger for poly-fase filtenker. Lasningsforslagene evalueres
ift. det aktuelle ressource-forbrug og den givne perforoearVi identificerer scenarier
baseret pa "non-maximal decimation” og vi foreslar i tigla hertil eksekverings-planer,
der imgdekommer algoritmernes tidsmaessige krav. Plamenfegtter Load-Process, In-
terlaced Load-Process og Runtime afvikling. Med udgangkgheri foreslar vi tilharende
HWe-arkitekturer, hvis ressource-forbrug og performantayseres.

Afhandlingen bestar af fire hovedelementer; For det fefisteuserer vi pa de udfor-
dringer der er ved design af moderne SDR front-ends. Voilassfer rettet mod design-
lgsninger med mindst mulig beregnings-kompleksitet, sam kdfgres med den lavest
mulige clock-frekvens, og som samtidig understgtter nidien for at udfere adskil-
lige funktioner i den samme operation. For det andet udrsklgsningsrummet for
poly-fase filterbanker med henblik pa at definere retningsifor ressource-optimal de-
sign af SDR front-ends. For det tredje gennemgar vi de tasulder er tilvejebragt
og efterfglgende afrapporteret i form af videnskabeligilar. Endelig konkluderer vi
vores arbejde og funderer over mulige fremtidige aktieiteDe fundamentale resultater,
som er publiceret i seks bedgmte artikler, viser, at pobgfdter-banker kan bringes til

at udfgre flere samtidige funktioner, som eksempelvis teahi resampling”, "matched
filtering”, "symbol timing recovery”, og "rational resanipf” (med undtagelse af mak-
simal decimering scenariet). Desuden viser vores resultat den foretrukne Igsning

(dvs. bedst performance og korteste delay) er vores Runiirokitecture (RA), som

Xl
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baseres pa Runtime eksekverings-planlaegning. Denniatgisan realiseres ved brug af
forskellige metoder til lagring af og multiplikation medtétkoefficienterne, eksempelvis
(i) distribueret RAM organiseret som en pipelined regigtank, (ii) blok-RAM, eller (iii)

et systolsk array bestaende af DSP48E beregningskerilieix(KPGA).

De opnaede resultater ifm. afsggning af lgsningsrumnigidty-fase filter-banken har
tilvejebragt et solidt og nyskabende videngrundlag, sostesg-designeren kan benytte
ifm. valg og design af SDR front-end lgsninger, der imgdek@mstrenge ressource-
og performancemeessige krav. Den frembragte viden er oifsatikturerede retningsli-
nier for SDR front-end design, hvilke saledes udger dettrhesdamentale resultat i
vores arbejde. Dette resultat har medfgrt, at der nu karkledvigsninger, som er mere
konkurrencedygtige mht. pris og udviklingstid end tidligéiders Igsninger.

XV



1 Introduction

Telecommunication has penetrated into our daily life solmthat it is difficult to imagine

a world without it. From a fundamental point of view, commeation is the transmis-
sion of information from one point to another. The radio fregcy devices transmitting
and receiving the information are called transceivers. ddvestantly increasing demands
upon these radio devices are more functionality, higheubhput, compact physical size,
and longer battery lifetime, and of course low cost. Thisuiezs not only advancements
in signal processing algorithms but also advances in psingplatforms and architec-
tural implementation. In this chapter we will review the flamental development of
radio technologies, discuss the state-of-the-art, andladae by formulating a hypothesis
which will serve as the overall inspiration for our work.

1.1 History of Radio Transceivers

The history of the radio started with the discovery of electagnetic waves by Maxwell
in 1887. The successive inventions by Hertz, Marconi, anayna¢hers concerning prop-
agation of waves and wireless telegraphy gave birth to uanmireless technologies [1].
Marconi revealed the first practical radio system (appéreopying an earlier invention
of Nicola Tesla) in 1895 which led to transatlantic radio coumication in 1901 [2]. The
invention of the crystal detector, as well as Fleming’s gadnd De Forest's audion im-
proved the sensitivity of the receiver. Edwin Armstrongented the regenerative sets
based radio receivers in 1906, which made long distancetiecea reality. The develop-
ment of valves (tubes) as an amplifier and regenerative etersing positive feedback)
tremendously improved radio performance in terms of gaith sglectivity. The First
World War further drove the development of radio receivehtelogy. The development
of tuned radio frequency receiver (TRF) technology in 19P@sically a chain of individ-
ually tuned amplifiers, represented a major improvemenadior performance. Further
improvements include direct conversion and autodyne vec®i Direct conversion used
a local oscillator based mixer, producing an audible sigimat is further amplified. This
requires separate valves for oscillator and mixer. Thedne receiver used the same
valve for both mixer and oscillator making it difficult to aiize both functions [3]. The
need for a higher level of selectivity and sensitivity penfiances led to the development
of the superheterodyne receiver. This is a receiver witmapliéier at a fixed intermediate
frequency, and a filter. The incoming signal is mixed with &aafale frequency oscilla-
tor (local oscillator) to obtain the down-conversion at a&fixower frequency called an
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Introduction

Intermediate frequency (IF). The signal is further passedugh a lowpass filter to re-
ject the unwanted (mixing) components, and then finally &megl[2]. This processing
improved the selectivity of the receiver, enhanced the f@ivalves being used at the
lower frequencies (after the frequency conversion), amliced the circuit oscillation
problems [3].

In the late 1940s the transistor (using semiconductor w@olgy) was invented which
later replaced the vacuum tubes in radio receivers dur@d #50s and 1960s [3] [4] [5].
These transistor devices turn out to be miniature, reljdbfey lasting, and consume less
power and generate less heat dissipation as compared toctheiterpart, as vacuum
tubes are fragile, bulky, unreliable, power hungry, andehlaigh heat dissipation. Tran-
sistor radios became attractive for their inherent featur€he realization of complex
electronic circuits using a large number of transistorstaei required interconnects led
to further developments in semiconductor technology legdo the Integrated Circuit
(IC). This enabled radio receiver technology to utilizethgerformance circuits that can
be built at low cost, and in a significantly reduced volumee Téthnology developments
resulted in new techniques, for example, a frequency sgitberealizing a phase lock
loop in the digital domain [4]. This synthesizer generatpsezise and stable local oscil-
lator signal for the receiver. With the further advanceraémtreceiver technology, many
of the functions performed in the analog domain have beelacegd by digital methods
using Digital Signal Processing (DSP) technology. The fieisghat the DSP techniques
are not affected by temperature and other physical vasablectronic noise, and aging.

DSP based radio transceivers have passed through seveeshgiens of architectures.
The traditional heterodyne architecture, considered tisé gieneration of digital radio
architecture, is shown in Fig. 1.1(a). It consists of a ditaje down-converter, and only
the baseband processing is done in the digital domain [@hdriirst stage, the RF signal
is down-converted to a bandlimited Intermediate Frequély In the second stage, the
IF filter output is again down-converted to baseband by aheat@uadrature mixer, and
matched baseband filters that perform final bandwidth cbniMext, the signal passes
into the digital domain where the output of the analog-tgidi converter (ADC) is pro-
cessed by digital signal processing (DSP) engines. Thesaeesnperform the required
baseband processing, that is, synchronization, equalizatemodulation, detection, and
decoding. The problem with this type of architecture is tfeah and phase are imbalanced
for the in-phase and quadrature (1/Q) components. Thidteeisucross-talk between the
narrowband channels due to aging (time, temperature) cdntladog components of the
quadrature down-converter. Each imbalance-related isppéictage must be lower than
the desired spectral term, and this is difficult to sustaierdvne and at varying tempera-
ture.

The need for extreme I/Q balance gave rise to the next geémeictdigital radios where
the second stage (IF) down-conversion and, consequemy;hitannelization process is
digital, as shown in Fig. 1.1(b). Digital conversion at Ilopides greater control over the
imbalance by manipulating the number of bits involved in @nihmetic operation. The
precision of the coefficients used in the filtering process aa upper limit for spectral
artifacts at—5 dB/bit. This means that 12-bit arithmetic can achieve ielegels below
—60 dB [6]. The DSP based complex down-conversion, howewsr tlvo advantages:
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1.2 Software Defined Radio

Figure 1.1: (a) First generation of digital radio receivechétecture, and (b) Second
generation of digital radio receiver architecture.

(i) the spectral images are controlled so that they are b&éievguantization noise floor
of the ADC involved in the conversion process, and (ii) thgitdl filters before and after
the mixers are designed to have linear phase charactsii§}ic

With more functions performed in DSP, the Personal Compir€) radio evolved. This
has great advantage of being field upgradable both for egisthd new functionalities.
A Graphical User Interface (GUI) provides unlimited fleXityi to the radio and new
features can be added simply by a software upgrade insteaddiig more hardware
components. The next level in radio / software integratoSoftware Defined Radios
(SDR).

1.2 Software Defined Radio

The concept of the SDR originates from the work of Mitola fr1Li995, where a software
adaptable radio architecture was proposed that enablathe to automatically adjust
to several different communication standards. This medzeitsSDR is a radio communi-
cation system which can tune to any frequency band and ey modulation across
a large frequency spectrum by means of programmable hagedmlgch is controlled by
software. An Ideal Software Radio (ISR) is shown in Fig. 1A. SDR demodulating a
simple AM broadcast may also be able to decode an HDTV braadoaply by changing
the software for its programmable hardware. The SDR not prdyides high flexibility
to adapt the radio front-end for any desired modulationnaeibandwidth, or carrier
frequency, but also provides a cost effective solution Ipl@iing digital technology [8].

Full Software Programmability
»| Analog-to-Digital |, [ Reconfigurable / — Data

Converter Programmable
Hardware —» Voice

Figure 1.2: An Ideal Software Defined Radio.

In the early years, SDR was mainly attractive for militarypbgations where there is a
need for a single radio which can communicate with the mapggyf military radios that
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Introduction

use different RF bands and different modulation scheme§ 83 emerging standards and
the high penetration of mobile communications systemsgtyodemand software radio
based mobile terminals and base stations for mobile contations systems [10] [11].
There are lots of system level issues in the wireless comration industry which em-
brace the essence and motivation for SDRs, such as;

e The rapid growth of commercial wireless network standa@fs, 2.5G, 3G, and
4G) has caused incompatibility issues for subscribersgless network operators,
and equipment vendors, due to differences in their linlketayrotocol standards.

e Subscribers are obliged to buy new handsets to utilize nevices.

e Wireless network operators have to migrate their netwasknfone generation to
the next, while supporting both new and legacy handsets fuantider they face
deployment issues while rolling-out new services.

e Handset vendors face challenges in manufacturing viablé-mode handsets.

e Equipment vendors face challenges in developing newenrgtor equipment due
to short time-to-market requirements.

e The use of different air interface and link-layer protocatsoss various geogra-
phies has restrained the deployment of global roamingtiasil

SDR technology promises to solve (at least to a certain &xtlkese problems by im-
plementing the radio functionality as software modulesning on a generic hardware
platform. Further, multiple software modules implemegttifferent standards can be
present in the radio system. The software modules that mmgi¢ new services/features
can be downloaded over-the-air onto the handsets. Thigififtelibility offered by SDR
systems helps alleviate problems due to differing staredand issues related to deploy-
ment of new services/features. There are a lot of advantdgles full downloadable type
of software radio because the system can be changed on démah@nging the soft-
ware. There are many advantages not only for operators anide@roviders, but also
for government and commercial customers such as globalingaservices, bug fixes
without the need to recall the product, and new services easdbled without changing
the terminals [12]. The most promising application of SDEhsapplication of cognitive
radio (CR) [13]. As the radio spectrum becomes more and ngaese, making it a dif-
ficult task to allocate new spectrum for new services. A CRuiara of its environment,
internal state, its location, and can make a decision alt®waipierating behaviour based
on this information.

Challenges

The idea behind SDR is to push as much radio functionalityassiple into the digital

domain via programmable digital hardware in order to achieighly configurable de-
signs [7]. This can be achieved by bringing the analog-tptaliconversion process (i.e.,
Analog-to-Digital Converters (ADCs)) as close to the antelas possible. An ISR, as
shown in Fig. 1.2, samples the signal at RF, just after therarat and is termed full-band
digitization. This straightforward approach is highly éapent on the ADC technology

4



1.2 Software Defined Radio

that could provide sufficient bandwidth and dynamic rangdgomance for a SDR ap-
plication together with low power consumption. The statéhe-art ADC technology,
however, bring the concept of Giga-Hertz sampling to atefl4, 15].

In a realizable version of the software radio, shown in Fig, the signal bandwidth must
be reduced which is termed partial-band digitization. Tdain be realized with conven-
tional receiver techniques, i.e. a heterodyne receiveessribed in the second generation
of digital radio. The partial-band digitization demandsaaralog front-end. Although it
requires less analog functionality as compared to the cdioreal analog receivers, the
requirements are heavily increased due to the presencgloéhbandwidth and the dy-
namic range of the multi-channel signals for an SDR recei#er digitization through
the ADC, the signal of interest must be extracted from théideg multi-channel signal
and shifted to the baseband before the signal processingecparformed. Furthermore,
the sample rate applied to the selected signal must be imdaroce with the air interface,
which therefore requires some digital signal processirigreghe baseband processing.
Traditionally, this digital signal processing is done thgh analog techniques in the ana-
log front-end. The shifting of the ADC towards the antenradized this functionality in
the digital domain. This is termed a Digital Front-End (DR#)ich includes channeliza-
tion (i.e., digital down conversion and channel filteringflasample rate conversion [10].

— Dat
Analog ADC Digtal 15| pgp | —3

Front End Front End
LNA Down-Conversion Baseband Processing
Mixer Channel Filtering
Anti-aliasing Filter Sample Rate Conversion

Figure 1.3: Arealized version of Software Defined Radio.

The large bandwidth and high dynamic range of the signale farocessed by SDR even-
tually result in high sample rate and large word lengths. Rigd sample rates not only
increase power consumption but also make the DFE infeaBiblenplementation on
programmable digital signal processor devices. Apart filoerother critical and enabling
components of SDR (i.e., wideband analog front-end and fb€)the requirement of
reconfigurability and/or programmability for SDR in the peace of very high sample
rates turns the DFE into one of the most power- and timeeatifunctionalities of an
SDR [16].

Architectures

The hardware platform is the most prominent and challengmgponent of SDR as
it has to provide massive computational power, flexibilapd at the same time meet
strict power- and size limitations [17] [18]. Thereforeetkelection of hardware ar-
chitectures for SDR based applications is not a trivial task SDR signal processing
algorithms are becoming more and more complex, the compuatdtrequirements on
the target HW/SW-platforms are becoming equally high, amsequently software so-
lutions make it possible to establish a smooth transitiomfdedicated, single-purpose
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hardware (ASICs) to highly versatile general-purpose Wwaré systems such as Field
Programmable Gate Array (FPGA).

In general, algorithmic complexity (sometimes referre@$oShannon’s law) is increas-
ing at a rate faster than the processing capabilities of #ndvare platforms (known as
Moore’s law), which introduces a technology gap. Bridgihgstgap may be done by
developing new algorithms with reduced numerical compexs well as devising alter-
native hardware architectures with higher performance ddwvances in silicon technol-
ogy are progressing according to Moore’s law which howeramnot keep pace with the
growing computational complexity. But at the same time Md®iaw has also led to
the fact that fabrication technologies now enable moresisaors to be implemented on a
single die than typical state-of-the-art design tools @silg handle. This situation leads
to a so-called design-gap [19] [20]. According to the Nagiofechnology roadmap for
semiconductors, the number of transistors that could brécttied on a die was increas-
ing at a rate of about 60% a year, whereas the number of ttarssthat circuit designers
could design into new independent circuits was growing @yl{20% a year [20]. This
trend is observed in the DSP processor community where gegmigh-end DSP proces-
sors do not push the transistor densities as described byatddaw [21].

To bring value to the state-of-the-art semiconductor petgjithe transistor budget must
be used in a different way. That brings us to the FPGA techgyolehich has improved
tremendously over the past five to ten years. An FPGA is ttimale commercial device
for architectural customization, providing a huge solnt&pace to designers for con-
structing their signal processing systems [21]. FPGAs attig faster and their internal
building blocks are becoming more efficient in terms of clepleed and reduced power
consumption. The inherent parallel processing capalifityPGAs has made them the
core-processing engine in SDR applications. These desj&sd their transistor budget
in a fundamentally different way than ISA (Instruction Sethitecture) machines and
have enriched structure with CLBs (Configurable Logic Blpdkigh speed I/Os, a va-
riety of memory architectures, embedded hardware mutipliDigital Clock Managers
(DCMs), soft-core processors, and multi-gigabit trangesi (MGT). The most frequently
used FPGA vendors are Xilinx [22] and Altera [23]. The intdrarchitecture of a Xilinx
Virtex-5 FPGA is shown in Fig.1.4.

LUT-6CLB
B Block RAM
M DSP Slices.
@ 1o
 Clocking & Config.
[# MGT (Multi-Gigabit Transceiver)
B PowerPC

Virtex-5
FRGA

Figure 1.4: Architecture of Xilinx Virtex-5 FPGA.

FPGAs normally consist of two layers, where the first layentams arrays of logic
blocks, dedicated resources and routing between them. dthalaonfiguration of the
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1.3 Multirate Signal Processing

FPGA is determined by a second layer of memory, determitiegunctionality of the
logic and routing in the first layer.

The vast number of configurable parameters and customizgtiBPGA systems poses
a great challenge to the designer as they offer a huge nunfilsgsstem, architectural,
and logic design choices [24]. This creates a huge desigresgfgpossible architectures
and mappings which increases the time and effort neededédiirial mapping (imple-
mentation) of the system [25] [26] [27]. Finding the optindaisign is often a matter of
trade-offs between costs and performance, thus openingvaerseof designing highly
efficient FPGA based architectures requires design spaiteraxion tools to help the de-
signer to prune the design space.

The mapping process includes the design challenges oftilbog binding, and schedul-
ing where allocation decides the number of resources (psirng units) for performing
a task, binding assigns the individual tasks to the prongsashits, and scheduling de-
fines the relative task operations in time. Design spaceoextibn is the evaluation of
possible mapping solutions in the presence of a cost fumctis expressed by Eq. 1.1,
which may specify some of the parameters (e.g. executios, tarea, power consump-
tion, numerical precision etc.) as constrained by the requénts. A cost function can
also include other parameters such as price and developimentiegree of reconfigura-
bility, maintainability, etc. It is generally accepted tiiading an optimal design solution
for a reconfigurable system is an NP complete [28] combifedtoptimization problem.
We believe that a methodology/ tool can aid the designendutie design space explo-
ration process in order to speed up the product developmeoggs and thereby meet the
time-to-market requirements. There exist many design ouetlogies, but there may still
be room for further improvements. To our knowledge, vetjelihas been done towards
experimenting with the implementation of advanced DSPrélgos for SDR front-ends
on highly complex FPGA platforms. Therefore, in order tolexg the possibilities and
limitations of such designs, we have decided to investife@eadvantages and disadvan-
tages of design trade-off’'s as compared to selected métrtbe cost function. The cost,
C, of an implementation typically is expressed by a costfiong

C=f{A,T,PN,.} (1.1)

whereA is area or resource consumptidnis execution timeP is power consumption,
andN is the numerical precision. Each parameter can be assigwedyating factor that
defines its significance, giving a cost function suctCas- f {a A, 8T, ~vP,..}. Thus, a
0.1 factor would mean that the corresponding parameterimaéstless important than a
parameter with a factor of 0.5. This is a somewhat abstrdutiten in the sense that the
individual parameters can not be really compared. Theger&aor metrics) lead to the
design constraints which need to be optimized, either iddally or simultaneously. In
this work, we will not consider the actual values of the weiiglctors.

1.3 Multirate Signal Processing

We have now explained the requirement for high computaliipaéicient and flexible ar-
chitectures for SDR. But at the same time the design of higtiepmance SDR front-end
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requires advancements in the signal processing algorithithsreduced computational
and/or resource complexities. Multirate signal procegsipecifies alternative ways of
performing DSP tasks which are normally not available imditranal DSP designs. It
provides not only a reduction in the cost, but also enhateepérformance of the imple-
mentation.

Multirate signal processing exploits sample rate changj@m@ous stages of a system
(hence the name multirate), in the form of decimation anerpudlation of discrete time
sequences [29]. From a traditional DSP perspective, thelsarate is selected to sat-
isfy the Nyquist criterion. In multirate signal processirgglection and modification
of the sample rate are the primary considerations and apiiothe signal processing
chain. This ability to change the sample rate within the pssing stream introduces a
remarkable list of processing tricks and performance ecdraents. It enables the pro-
cessing task to be performed at the lowest rate matchingdhaldandwidth, which is
the Nyquist rate of the signal component of interest [30].

In contrast to a common processing task i.e., to reduce thdviidth of a signal by
filtering and then reducing the sample rate to match the extlbandwidth, a multirate
signal processing trick known as the Noble Identity interuies the order of filtering and
sample rate change so that the filter processing is done e¢dlneed output sample rate
rather than at the high input sample rate. The Noble Idepfigration is illustrated in
Fig. 1.5. The reduction in the sample rator to bandwidth reduction causes aliasing of
the input spectrum. Multirate signal processing permitsl ia fact, supports this inten-
tional aliasing, which can be unwrapped by subsequent psirog. Most of the tricks and
enhancements associated with multirate signal proceasegelated to spectral aliasing
due to the sample rate change. The change in sample rat@igsa#d to intentionally
alias a signal at one center frequency to another centendrery. This option includes
aliasing a signal from an intermediate center frequencyseband by reducing the sam-
ple rate, as well as aliasing a signal from baseband to amietiate center frequency by
increasing the sample rate [30].

M-to-1 > M-to-1

— HEZY) — —> H®) ——>
x(n) y(n) yoM) - x(n) y(nM)

Figure 1.5: Noble Identity: A filter processing evely*" input sample followed by an
M-to-1 down sampler is equivalent to an input-to-1 down-sampler followed by a filter
processing every input sample.

Polyphase decomposition, which originated from the workBajlanger [31], plays a
fundamental role in many multirate DSP applications. Thirskide efficient real-time
implementation of decimation and interpolation filtergchional sampling rate changing
devices, uniform DFT filter banks, and perfect reconstacéinalysis/synthesis systems.
A multirate polyphase filter can perform the tasks of a mhlitnel receiver which sig-
nificantly reduces the amount of system resources requirpdrform multichannel pro-
cessing and, consequently, reduces costs [6] [30]. Posgpfilker banks can be used in
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1.4 Channelization

spectral sensing for cognitive radios [32]. Furthermdreytform a foundation of timing
recovery schemes [33]. This allows large systems to be imgieed efficiently requiring
less area resources and cost, as explained in [34] whergjphasle filter bank based de-
sign replaced a huge number of multi-channel analog moahglafhe 384 discrete FM
modulators were implemented on a single Xilinx Virtex-4 FRG

In the next sections, we will explain the DFE building blockdhannelization, sample
rate conversion, and synchronization; especially in thletlof multirate signal process-
ing and discuss the state-of-the-art.

1.4 Channelization

Channelization is the process of extracting one or more ecls@nnels from a wideband
signal down to the baseband (at the required output samtsé fiar further process-
ing. Traditionally, it is done with a digital down-converfellowed by a lowpass (chan-
nel) filter and optional sample rate conversion. The chantebe extracted may have
equal or unequal bandwidths and may be uniform or non-umifand continuously or
non-continuously distributed over the input frequencydaks the number of down-
converted channels is increased, the complexity of theesystcreases as each channel
will require its own separate down-converter. Furthermate high sample rate, stan-
dard approaches for channelization are inappropriateriptdmentation as the underly-
ing technology platforms (e.g. FPGAs) can not handle thaired processing loads.

Down-conversion

Down-conversion is the process of shifting the channel tdrast centred at IF to the
baseband. It is realized by multiplying the IF signal withadating complex phasor
having a frequency identical to the IF centred frequencye digital down-conversion
process is illustrated in Fig.1.6.

Down
Conversion

Lo.B

Digital

VT TRV T

Figure 1.6: Down conversion process where the channelefdst is shifted to baseband.

0

The complex phasor can be generated in different ways. Agyktfarward way is to pre-
calculate the corresponding sine and cosine values angl tstem in a memory. Direct
Digital Synthesis (DDS) is a method to generate waveformacty in the digital do-
main. It is composed of a phase accumulator and a phasefibtade converter [35]. A
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conventional DDS is based on lookup tables (LUTs) where thglidude values of sine
or cosine waves are stored and are addressed by the phaseudaton. The COordinate
Rotation Dlgital Computer (CORDIC) algorithm [36] can begbas a quadrature phase-
to-amplitude converter that directly generates sine aistheovaveforms [37] [38]. The
main advantage of using CORDIC-based DDS in comparison kitf-based methods
is that it can achieve both high phase resolution and higtigion with lower hardware
cost [39]. A difference between the two methods is that thesptaccumulator generates
an integer value that addresses a LUT in the LUT-based methioitke it generates an
angle in the CORDIC-based DDS [40]. Among others, [41] ari] pfesented several
variants of DDS using CORDIC for very high spurious free dyiarange performances.
An alternative to complex multiplication is the CORDIC aligbm operating as a vector
rotator [43] which not only provides the complex sampleshef totating phasor, but also
performs the multiplication at the same time.

The methods described above are used to generate the teqairelex phasors to be
applied in multiplication for the down-conversion. The mmponding multiplication pro-
cess and the preceding filtering operation are carried otlteainput sample rate. The
digital down-converter can be simplified considerably € tentre frequency of the chan-
nel of interest is centered at a quarter of the sample rate tkte required complex phasors
for multiplication reduces to a sequence-ef, 0, and 1. This will not only eliminate the
DDS but also avoids the use of real number multipliers. Sehesd Snelgrove [44] pre-
sented a similar approach for down-conversion of signaideced at 1/8 of the sample
rate.

The down conversion techniques mentioned above are rspdicanalog legacy solu-
tions. Multirate signal processing specifies alternatiaysvof performing DSP tasks
where a 4-path polyphase filter performs the task of the dawversion from quarter
sample rate while simultaneously performing basebandififeand down sampling by a
factor of 4 [30].

Channel Filtering

Channel filtering is required to extract the frequency ddathannels from a wideband
signal, as shown in Fig. 1.7. The channel filter has to attientie adjacent channel in-
terferers according to the requirements of the particutanserface.

SDRs require filters of different bandwidths or a tunableffito process the many dif-
ferent bandwidth signals. A filter can be implemented on méigarable hardware, e.g.,
FPGA that enables a complete reconfiguration for differéminéerfaces, or as a com-
mon filter that is parameterizable for all the required clefiftering. A reconfigurable
filter is an easy solution, obtainable simply by reconfiggtime FPGA with another filter
functionality. A parameterizable filter needs sophisgdadolutions and the conventional
FIR filter designs are not well suited. This is because therBliength, i.e., number of
taps varies inversely with the fractional bandwidthy / f5, and thus the required com-
putational resources (such as data registers, multiphesadders) is different for filters
with different lengths. Implementation considerationsofefilters that are implemented
with a fixed number of multipliers rather than with a varyingnmber of multipliers. The
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Down

Conversion Channel

Filtering

Lo_B

Digital

Lo C

s f
2

T Desiredchannel\/ & %I
| L Ok
Figure 1.7: Channel filtering extracts the desired chareiedrinel at baseband) from the
wideband signal while attenuating the adjacent channels.

application of multirate filters can provide a parametritefilsolution by changing the
rate factors [45]. Harris [46] presented a variable bantiwi#dR filter architecture with

fixed computational resources. His solution used arbitirmgrpolators at the input and
output of a fixed bandwidth filter, and by changing the inpud antput rate by the ar-
bitrary interpolator, the required bandwidth is achievaétie variable bandwidth filters
can also be realized by frequency masking filters, tunalRefilters, low-pass to low-

pass transformation tunable FIR filters, and a number ofratbleitions. Many of these
options have a constant computational complexity but noaeguves linear phase [46].
Harris [47] also presented a selectable bandwidth filterdiyguia pair ofd/ -path analysis

and synthesis filters. The bandwidth is changed by maskimahlang or disabling, the

connections between the analysis and the synthesis filter.

Sample Rate Conversion

In digital receivers, it is often required to have SampleeRabnversion (SRC) either to

interconnect different processing blocks or to deliventber-defined data rate. A receiver
architecture with sample rate conversion is shown in Fig. $ample rate conversion is
not limited to digital radio, it is widely used in digital aiodsignal processing and in dig-

ital control [48].

Down
Conversion Channel Sample Rate

Filtering Conversion

Lo B

Figure 1.8: Receiver architecture with a sample rate camerblock to achieve the
required output sample rate.
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One of the very important and cost effective applicationSRE is an interpolation pro-
cess in a modulator. It raises the input sample rate to alt@arianslation of the input
spectrum to an intermediate frequency (IF), and then ostih digital IF via a single
DAC as compared to standard baseband process which requateBed DACs, matched
lowpass filters, matched balanced mixers, and a quadrasaitbator to form the first
IF band [30]. The necessity for SRC in communication reasigises with the need
to implement different air interfaces in a software definadio. This is because of the
fact that the baseband processing for any associated aifdoe is usually carried out at
the target sample rate and not at an arbitrary sample raetarget sample rate can, in
principle, be realized by clocking the ADC at the specifierat the actual air interface
which requires a high quality tunable oscillator as a claunklie ADC. To avoid complex
analog components, a tunable sample rate of the ADC is ndiakiechoice instead one
can use a SRC in the digital domain [10].

Sample rate conversion can be conducted as: (i) integedhgseand down-sampler,
(ii) rational P/Q re-sampler, or (iii) more sophisticatedigary resampler. Traditionally,
up-sampling is achieved by inserting zero-valued samplswed by an anti-imaging
lowpass FIR filter, and down-sampling is achieved by discarthe appropriate samples
preceded by a band-limited anti-aliasing FIR filter [49]. €8k up- and down-samplers
are shown in Fig. 1.9a and Fig. 1.9b, where the input sigréb\wen-sampled by a factor
M and up-sampled by a factbr respectively.

Low-pass filter Low-pass filter
L@ v — X(n)—>| AL H@)
y(nM)
y(n)
(a) (b)

y(/L)

Figure 1.9: (a) Down-sampler by a factdrand (b) up-sampler by a factbr

It is computationally inefficient to discard the computechgées in the case of a down-
sampler, and to process the zero samples in the case of aamyges [30]. Multirate
signal processing approaches [30], i.e., a polyphase Eised up- and down-sampler
(employing the Noble Identity) or a polyphase filter baseuiteary resampler are effi-
cient and cost effective solutions for the SRC. Furthernmeierow band FIR filters using
conventional DSP pose a serious problem because suchirfidedsto have a very high or-
der to meet their tight frequency response specificatiohs.uke of multirate techniques
leads to very efficient implementation by allowing filteritbe performed at a much
lower rate, which greatly reduces the filter order [50]. Tleefprmance of a multirate
system depends critically on the type and quality of therfilteed. Either FIR or IIR
filters can be used for decimation or interpolation, but F8Rhie most popular because
of its desirable attributes such as linear phase respomsarsensitivity to finite word
length, as well as being simple to implement [50].

A polyphase filter based arbitrary resampler needs pre-atedpveights of the polyphase
filter stages. On the other hand, a Farrow filter, which is atinaté filter structure, can
provide a continuously adjustable resample ratio. It useokder piecewise polynomials
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to compute the coefficients of the polyphase filter stage$erly. With an up-sampling
ratio greater than 1-to-5, the Farrow filter provides reducemplexity as compared to
the standard polyphase form [51]. The polynomial form of plaéyphase filter set has
a significant advantage of reducing the memory resourcesreghfor the stage coeffi-
cients.

A class of multiplier-less filters, e.g., Cascade Integr&@omb (CIC) filters, can also
be used for up- and down- sampling tasks. Although a CIC fi¢terot a good filter in
terms of achieving desired out-of-band spectral attennati cascade of 3 to 5 stages of
CIC filters becomes attractive. Furthermore, it has a ndferm passband gain which
distorts the baseband spectrum. This main lobe gain rexuatually limits the input
signal bandwidth to be less than 25% of the main lobe bantiwitihe spectral distor-
tion due to the main lobe is corrected by embedding the ieversponse in a FIR filter
preceding or following the CIC [30].

Single channel and Multi-channel

There are two possible areas of application for channéizatn a mobile terminal, only
one channel is normally selected, while a base station rieeslslect many channels.
Single channel applications require a one-channel chemenelhich can be realized by
down-conversion and the channel filtering techniques dised above. A straightfor-
ward solution for the multi-channel application is the “pdiannel approach”, shown in
Fig. 1.10, which essentially is a parallel realizationéfone-channel channelizers, where
M is the number of channels [10]. This approach is highly fllexés it has no constraints
on the channel bandwidths or their distribution. On the othend it is rigid with re-
spect to alteration and the resulting wideband channadiezerands high silicon cost and
high power consumption. Other approaches are frequencyiddiitering, pipelined fre-
quency transform, and polyphase filter bank channelizer.

Single Channel Channelizer
-j64n
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Figure 1.10: Extraction of multiple channels from a widetbamput signal using a per-
channel approach.

Frequency domain filtering utilizes the properties of thetFurier Transform (FFT) to
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realize a large bank of narrowband filters. The frequencg lBpresenting each channel
of interest are extracted, filtered, and converted backite iomain using an Inverse FFT
(IFFT) [52] [53].

The pipelined frequency transform approach creates ayinee of digital down con-
verters and sample rate converters to split the incomintasigequency into a low and a
high frequency sub-band until the last tree level sepathtesequired channels [54] [55].
The computational complexity can be significantly reducgeiploiting half-band sym-
metry and sampling rate reduction at each output stage. hdting structure is sim-
ilar to Hierarchical Multistage Method (HMM) [56] or Quaduae Mirror Filter (QMF)
tree [57]. A binary tree of low and high band frequency cotereconsisting of a set of
Digital Down-Converters (DDC) and Digital Up-ConverteB{C) followed by SRCs is
shown in Fig. 1.11.
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Figure 1.11: Pipelined frequency transform as a binarydfémwv (DDC) and high (DUC)
band frequency converters followed by SRC.

Computationally efficient algorithms for implementing asdfil bank channelizer using
FFT have been developed by several authors, e.g., [31] FE&] [F9] [60] [30]. A
polyphase filter bank channelizer improves upon the effiyierf the frequency domain
filtering technique by assuming redundancy within the fesgny plan of the wideband
channel [45]. It employs a polyphase filter which is createdugh the decomposition
of the lowpass filter used to provide channel isolation onex ‘thannel” basis. The in-
put rotary switch known as the "commutator” down-samples down-converts all the
channels to baseband which are then extracted efficienthsimg FFT. A polyphase fil-
ter bank channelizer is shown in Fig. 1.12. The step-by-s@psformation of a single
channel channelizer to a polyphase channelizer is presém{€] [30]. The technique,
often called Modulated Filter Banks or Discrete FouriemBfarm Filter Bank (DFTFB),
requires the channels of extraction to be uniformly disiiglal, and the sample rate of the
incoming signal must be an integer multiple of the channatsm. It is highly computa-
tionally and resource efficient even for a small number ofhaleds [30]. There are several
modifications of DFTFB in the literature which provide chatination for non-uniformly
bandwidth channels.
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Figure 1.12: Polyphase filter bank channelizer which cauiefftly extract all the input
channels to the baseband by using a single lowpass filter.

The requirement for evenly distributed channels in DFTR&gred to as fixed chan-
nel stacking) can be overcome by using the modified Goerfgaioach [61], but at the

expense of increased computational complexity. Abu-Alesand Stuber [62] proposed
a channelizer based on a modulated perfect reconstruciok (MPRB). It consists of

an analysis and a synthesis filter, where the analysis fiilés $he incoming signal into

sub-bands which are added together by the synthesis filgggrterate the required wide-
band signals. It uses complex exponential modulated pgedeonstruction filter banks
to eliminate the aliases overlap at the expense of 2M brariahtee filter bank.

In [63] Mahesh and Vinod present a reconfigurable polyphdise iank with a coef-
ficient decimation approach [64] that is capable of extrartthannels of non-uniform
bandwidth. However, for each configuration based on theteoefficient decimation
factor, the channel bandwidths are uniform. Harris, et@] present an efficient struc-
ture, based on polyphase filter banks to filter and simultasigalown convert multiple
signals having arbitrary bandwidths and randomly locatatter frequencies. Their ap-
proach is based on an analysis channelizer, post analygik,delector, and synthesis
channelizers. The analysis channelizer has a Perfect Reuaotion (PR) filter, performs
M /2-to-1 down sampling while aliasing al\/ channels to the baseband. The post anal-
ysis block extracts the spectra or their fragments belantprthe different signals from
the baseband aliased channels. The selector selects it potts of the post analy-
sis block that contain spectral fragments of the same batttsivhich are subsequently
reassembled in the up converter synthesis channelizers.

1.5 Synchronization

Synchronization is one of the complex tasks performed irgh data rate wireless sys-
tem [66]. If the radio is not synchronized, none of the sustayns such as matched
filters, equalizer, detectors, error correcting codesrygeion, and source decoding can
operate [67] [68]. As would be expected, the receiver besocoeplicated, requiring

more subsystems than the transmitter. These subsystefosnpaynchronization and

signal conditioning tasks which are required to demodulagenput signal. These sub-
systems consist of control loops that estimate the unkn@serpeters of the known input
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signal. These estimates are then used to perform corresitjual processing and signal
conditioning operations in order to avoid the degrading tuthe unknown parameters
on the demodulation process. Fig. 1.13 represents a caamgletiver architecture illus-
trating these subsystems which are [67];

1. an AGC loop to estimate and remove the unknown channelatisn,

2. a carrier recovery loop to estimate and remove the unkrfoeguency offset be-
tween the input signal’s nominal and actual carrier freqyen

3. atiming recovery loop to estimate and remove unknown tiffeets between the
receiver's sampling clock and the optimal sample positiohthe matched filter
output series,

4. an equalizer loop to estimate and remove unknown chaistettion which would
be responsible for inter-symbol interference,

5. aphase recovery loop to estimate and remove unknowrecphése offset between
the input signal and the local oscillator, and

6. an SNR estimator to provide important information to ttieeo subsystems.
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Figure 1.13: Receiver architecture illustrating the cotvops for the synchronization.
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Synchronization techniques based on DSP implementatiensften digital versions of
their analog prototypes. Such solutions make compromiga®ariate for their time and
do not exploit the actual strength of the DSP system [33].hin1t? generation radio
receiver, apart from the gain and phase imbalance betweeanuiéddrature paths that lim-
its the fidelity, the digital loop filters are implemented itsP for the carrier and timing
recovery, but analog components are used in the feedbakk pabrder to control the
\oltage Controlled Oscillator (VCO). In thz*? generation, in order to eliminate the gain
and phase imbalance of quadrature paths, as well as thegac@igponents for control
loops, the ADC is moved to the IF stage where quadrature dmwwersion is performed
in the digital domain. The sequence of operations inXtegeneration is (i) frequency
translation, (i) filtering, and (iii) sample rate convensi These operations are the digital
equivalent to the analog operations performed inflageneration receiver. In modern
374 generation receivers, the processes of translation,ifitfeand re-sampling are re-
arranged in clever ways (explained in the next section) whécluces the computational
complexity, while increasing the utility of the operatidBs].
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1.6 Modern Receivers - state-of-the-art

Multirate signal processing techniques and CORDIC subsystdeliver efficient solu-
tions for synchronization tasks, i.e., carrier recovergiched filtering, timing recovery,
and phase detection.

1.6 Modern Receivers - state-of-the-art

Many companies designing radio receivers and transmitierstill using analog solu-
tions which they have directly translated into the digitahwhin. These legacy designs
include compromises which were appropriate for their tieg.( traditional analog fil-
ters trading off amplitude- and phase responses for filtde®r but it is inefficient to
map such compromises directly into the digital domain. €fae, new design method-
ologies which can lead to more efficient DSP based architestior digital front-ends,
and which can efficiently utilize promising new hardwarehtealogies, e.g., FPGAs, are
highly needed. A digital filter can often perform more thamiittended primary filtering
task. It can absorb many of the secondary signal procesasks bf a system. There
are many ways of folding other functions into the filtering@ess using multirate signal
processing techniques, which will be presented here.

In a 2”4 generation radio receiver, the sequence of operations igital replica of
the analog operations performed ii*4 generation receiver) is frequency translation, fil-
tering, and sample rate conversion3fif generation of radio receivers [33], as shown in
Fig. 1.14, the process of translation and filtering are oftanged according to the Equiv-
alency Theorem [30] which states that down-conversior¥edld by baseband filtering
is the same as the filtering at the carrier followed by downvession. This reordering
operation is shown in Fig. 1.15.

Equalizer & Matched Filter

Timing  fe--eeny
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Digital
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Digital
Low-pass

Gererene Detect
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Figure 1.14:37? generation of radio receiver architecture.
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Figure 1.15: The Equivalency Theorem - down-conversido¥ad by baseband filtering
is the same as filtering at the carrier followed by the downveosion.

So, rather than moving the desired band to baseband with plegmigital heterodyne,
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the baseband filter is moved to the desired center frequemtyiléering is performed
to reduce the bandwidth at the digital IF frequency. The ltastireduced bandwidth,
complex IF signal is image free and can be down-sampletb-1, to its appropriate
Nyquist ratef; /M. The down-sampling results in aliasing of the center freqyeo
a new spectral position. The down-sampling can alias thed§uency directly to the
baseband provided that the IF frequency is positioned atlapteuof the output sample
rate [30]. A signal having an offset from a multiple of the puit sample rate is also
aliased to baseband plus that offset. This offset can therereved with a carrier re-
covery scheme while operating at the reduced sampling fdte.rearrangement of the
processes is shown in Fig. 1.16 which results in the advarntey the spectral translation
now occurs after the filtering and at the low output rate nathan before the filtering at
the high input rate [33].

e-jMekn
Band-pass filter

_jok
X(n—)> HZe™™ wM

y(nM k)

Figure 1.16: Reordering process that moves the down-csioreafter the filtering and
resampling process.

The M -to-1 down-sampling after the filtering at IF discards the proedsamples which
wastes the computational power used by the filter. To rechisestorkload, the resam-
pling and the filtering operations are reordered so that atjubis computed for everd/!
input samples. This is achieved by applying the Noble idg@a was shown in Fig. 1.5
which requires the original up-converted filter to be pamied toM subfilters. The re-
ordering of theM -partitioned subfilters (lowpass filter) and resampler gghe Noble
Identity results in a polyphase filter, as shown in Fig. 1.ltthas the resampler at the
input (a rotary switch which, as previously mentioned, isated by the commutator)
feeding M subfilters one at a time which operate at the reduced outpairasher than
the original input rate. As the subfilters operate sequiyttaey can be merged into a

single path structure having a subfilter that accesses #féiaents of the successive
subfilters.

Polyphase Partitioned M-path Polyphase
Lowpass filter Lowpass filter

x(n) y(nM)

y(m) y(nM)

By applying
Noble Identity

Figure 1.17: Polyphase partitioning of a lowpass filter useapply the Noble Identity to
form an M -path polyphase filter.

The lowpass version of a polyphase filter can be convertetstbandpass version by
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1.6 Modern Receivers - state-of-the-art

associating the complex heterodyne term of the modulafidimecfilter weights with the
delay elements storing the filter weights. This is achiewetblding the complex scalar
e7kr(2I/M) g each path of th@/-path filter [30], where- is the number of the polyphase
path, and: is the number of channel to be extracted at the baseband.isT§li®wn in
Fig. 1.18.
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Figure 1.18: Resamplingy/-path down-converter.

The down-sampling process provides a unique feature ofgihgithe phase of the sam-
ple locations in the down sampled time series relative teefiechs in the series. In an
M-to-1 down sampling, the output time series can be accessedWitlifferent sample
phase offsets. Thesd possible output series can effectively be used for a timéogv-
ery process. In such a case, the timing recovery loop carttielphase of the re-sampling
process in the re-sampling filter rather than the loop maalifyhe locations of sample
points during the ADC process as doneli#t and2"? generation receivers. The phase
of the re-sampling filter is defined by the selection of thegghaeights in its single path
structure. Timing recovery is achieved by controlling ader pointer in the filter's co-
efficient space. For a timing recovery process, the numbtreopolyphase stages (for a
polyphase filter) must be increased to satisfy the requireithgy granularity rather than
the down sampling requirement [33].

The re-sampling process in the polyphase filter (effectty) the spectral translation and
the timing recovery process), results in a complex basebaymal at a reduced sample
rate and with the correct timing. However, it does not hawedbrrect carrier frequency
and phase correction, which is subsequently corrected bynglex heterodyne operation
before performing further processing by the equalizer aatthred filter. The heterodyne
on the complex baseband signal requires four multipliesoaspared to the heterodyne
on the real IF centered signal that requires only two muétipl The complex multiplier
can be embedded in the Direct Digital Synthesizer by usied¥®RDIC algorithm as a
vector rotator [43] which not only provides the complex séespf the rotating phasor
but performs the multiplication at the same time.

Furthermore, in ad/-path polyphase filter, the output sample rate of the basbhlzased
center frequencies is always equalitb The M -path polyphase filter bank can also be
modified to allow resampling by arbitrary ratios while sitiamleously performing base-
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band aliasing from center frequencies at Nyquist zonesatigahot multiples of the out-

put sample rate. These resampling technique are explam@p] which embed the

resampling process in (i) the polyphase commutator, thah ithe interaction between
input data registers and the polyphase coefficients, apthéiinteraction between the
polyphase outputs and the FFT input. This only requiresta stachine to schedule the
interactions, hence there is no computational overhead.

1.7 Polyphase Filter Bank Mapping - State-of-the-Art

We have explored and presented algorithms/ techniquegfwnming the DFE process-
ing tasks for modern SDRs. Multirate signal processing thadgorithms turned out to
be a valuable approach for efficient SDR processing enghedd -path polyphase filter
hasM parallel branches, each operatinglal/ of the input rate. This\/-paths paral-
lelism can be exploited in a number of different ways to mketdesired cost function of
area, time, power, etc. The mapping of these parallel strestto highly complex recon-
figurable platforms (FPGA) demands a structured methogdlmgbtain not only a cost-
function constrained implementation, but also to exploii@anced mapping strategies.
The state-of-the-art for mapping of polyphase filter bamksetonfigurable platforms is
therefore discussed next.

Egg, Harris, and Dick [70] presented a polyphase filter baaded wideband channelizer
implemented on a Xilinx Virtex-4 FPGA, to extract narrow bazhannels and further to
reconstruct a wider bandwidth channel using perfect retcoctson filter. Melis and Co-
moretto [71] considered a 512 MHz polyphase filter bank witbrtapping bands for use
in a spectrometer. Their design used a Xilinx Virtex-5 FP@Ag the multipliers for the
polyphase filter are based on CLB resources. Berner and lijmiscussed the FPGA
implementation aspects of a polyphase filter bank as amsadysi synthesis filter banks.
Valdes et al. [73] showed a polyphase filter bank impleménrah MP3 decoding by
using 32-point DCT-II and windowing functions. Marinovaat [74] presented a mul-
ticarrier modem core on an FPGA which uses Offset Quadr#omglitude Modulation
(OQAM) and polyphase filter based analysis and synthessffiinks. Han [75] analyzed
the front-end design for a wideband SDR. A 32 channel DFEgsimolyphase filter bank
was implemented on a Xilinx Virtex-5 FPGA. In [76], Ang et ahowed a Virtex FPGA
implementation of a polyphase filter for sample rate conwarsThey presented opti-
mizations in terms of transformation to reduce the critjgath, and constant coefficient
multiplier for both area and speed performance improvem&ahmy and Doyle [77]
suggested an FPGA based reconfigurable polyphase filterdsahitecture for spectrum
sensing which is based on a shared MAC structure. Harrigtiyland Lowdermilk [34]
presented a polyphase filter bank based design to repladeahahnel analog modu-
lators, where 384 FM modulators are implemented on a singiexXirtex-4 FPGA.
Wang et al. [78] showed an energy-efficient hardware archite and VLSI implemen-
tation of a polyphase channelizer with applications to sugbadaptive filtering. They
used the Computation Sharing Differential Coefficient (€3Bnethod to obtain a low
complexity parallel multiplier-less implementation offFsubfilters.

In most of the above mentioned literature, the mapping opthigphase filter (banks) to
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1.8 Thesis formulation

an FPGA is presented as a final result emphasizing reducedroesusage, but often they
lack a discussion of how these results are actually achiemegdghly complex platforms
which provide a huge design space. On the other hand, lotedeProperty (IP) cores
are available from different vendors, e.g., [22] [79] [881L], these can be customized
according to our needs and can eliminate to a certain extendded for design space ex-
ploration. Normally, these IP cores are available for fixaakctionalities (i.e., polyphase
decimators and polyphase interpolators) which operatdixed mode where the sample
rate is either decreased or increased by a factor equal touttméer of polyphase par-
titions. The IP cores, are considered to be the future appraFPGA solutions [82],
currently lack advanced multirate signal processing eegjthat allow several functions
to be embedded within a single filter. These functions inelathbedded sampling rate
changes that allow any rational sample rate change whilelgineously performing fil-
tering operations, combined arbitrary resampling, mattdrifng, and symbol timing re-
covery, etc. As a natural consequence, we therefore fotaditaur hypothesis to address
this missing work.

1.8 Thesis formulation

So far we have discussed many technical aspects of modeareagivers, and we have
concluded that traditional legacy design can be benefjaiafilaced by Software Defined
Radios. In order for such devices to operate efficientlyhli@m a numerical robustness
prospective and from a computational complexity point afwiwe have to map the
associated signal processing algorithms onto advanced®MWplatforms, which is not
necessarily a trivial task. As a consequence, we there&akzed the need for giving
sound answers to the following two questions:

1. How do we map the polyphase filter banks onto reconfigutd®léSW platforms,
which normally implies a huge solution space exploratioichsthat the cost func-
tion metrics are simultaneously minimized?

2. Is it possible to embed additional signal processingtions into the polyphase
filter bank, and if so, how is the mapping process efficientisfgrmed with respect
to the cost function?

Based on these questions, the thesis is formulated as:

Is it possible to design polyphase filter bank engine(s) pesfming multiple functions
for a SDR DFE while achieving cost effective mapping to recdigurable platform in
terms of Area, Time, operating clock Speed, and Power consyptions?

In order to investigate this thesis, the following goalsénbeen defined:

1. to explore the design space by taking advantage of thefigcoable target archi-
tecture and

2. to carry out mapping experiments in order to gain sufficexperiences that | can
formulate a set of structured design guidelines.
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1.9 Outline of the Dissertation

The remainder of this dissertation is organized as followisst, the methodology for
the design space exploration for polyphase filter bank b&&d DFE is described in
Chapter 2. In Chapter 3, the summary of our contributionsvierg This is followed by
the conclusion and outlook in Chapter 4. Chapter 5 gives amvigw of the papers A-F
which are the contributions to the dissertation. We willeretb these papers by giving
the letter in brackets, e.g., [A]. Citations of other referes are numbers within brackets,

e.g., [1].
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2 Design Space Exploration of Polyphase Filter
Banks for High Performance SDR Front-Ends

In chapter 1, the enhanced algorithms/ techniques basealgphase filter banks for
designing DFE are presented. A geneVaipath polyphase filter operating &f times
the reduced rate than the input sampling rate, still usesahge number of hardware
resources such as registers, and multipliers (the excepémg the number of adders).
The M paths in an\/-path polyphase filter provide parallelism which can be eitptl in

a number of different ways that will be discussed in this ¢éa he FPGA takes advan-
tage of this inherent parallelism in the algorithm. Furthere, the rich architecture of
modern FPGAs provides a large number of choices to map argesitch creates a huge
design space. It is therefore of great importance to anahe®uilding components of
system (polyphase filter bank) functionalities with thegmse of determining their possi-
ble performance and the cost of applying different processiements which are present
in the FPGA platform. This task is called Design Space Exgilon (DSE). The best
design mapping fulfils the requirements and constraintéewhinimizing the cost func-
tion which can be either one or a combination of area, timejgsonumerical precision,
implementation effort, etc. The mapping often requiresesalviterations which leads
to a longer development time. This not only costs more mobetyalso increases the
time to market. This chapter presents the detailed anadysie polyphase filter (bank)
structures and the step-wise refinements in their hardwatetectures. The proposed
architectures form an essential part of the contributiathigthesis. The outcome of this
DSE and its step-wise refinements can lead to the developohidntellectual Property
(IP) cores for polyphase filter (banks) that will be benefifiia SDR front-end research
and development.

2.1 Polyphase Filter Structures

An M-path polyphase filter consists 8f parallel subfilters. The data is fed by a ro-
tary switch called a commutator and the output is taken #fieDFT (FFT) operation.
Fig. 2.1a shows thé&/-path polyphase filter where thd-point DFT is replaced by a/-
input adder. The commutator is\d-to-1 sampler or a demultiplexer, feeding data to each
of the subfilters that operate af-times the reduced rate as compared to the incoming
sampling rate. The DFT block constructs the individual ctedsfrom the down-sampled
data. TheM-path parallelism in @/-path polyphase filter can be exploited to achieve
several possible structures such as symmetric structanelsserial polyphase structure
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with serial and/or parallel MACs.

Data

x(n)

1 Subfilter

M-input ADDER

R -

R RS errrrrerrrrrerit]
he(n) = h(r+nM)

N/M

1 Subfitter

H H H H i Tt
-Pij% - &
Qutput for | [Ty oo, Output for
subfilter M-1 subfilter-0

x(n)

i Subfilter
! coefi

Forward Feed
Reverse Feed

(b)
I I
axam Parallel x(m) Addressable Shift D
T T MAC Registers ] ilters'
Adder-Tree Network H 9 ! Subfilters
- : " H i 21 Output
: . Output i Coefficient Memory - Serial
Coefficient Memory [ ——— MAC
Control H ' Control
d) ©)

Figure 2.1: Different architectural structures of a polgpé filter: (a) General Polyphase
Structure, (b) Symmetric Structure, (c) Adder Shared Sytrim&tructure, (d) Serial

Polyphase Structure with Parallel MAC, and (e) Serial Ploige Structure with Serial
MAC.

The general polyphase filter structure hessubfilters of lengthV/M, whereN is the
length of a non-partitioned low pass filter, each operating/a/ times the input rate
as shown in Fig. 2.1a. The symmetric structure utilizes ymarsetry of the coefficients
in the subfilters, and therefore reduces the number of seisfitnd commutator length
to M/2 [83]. The commutator moves in both the forward and reverse firections
as shown in Fig. 2.1b. In this structure, the multipliers sihared by the two subfil-
ters. The adders can also be shared by using multiplexedentlltiplexers to form an
adder shared symmetric structure as shown in Fig. 2.1c. [blok cequirements for the
symmetric and the adder shared symmetric structures afdetbue.,(f;/M) x 2, as
compared to the general polyphase structure because afltfites sharing and reduced
commutator length. In a/-path polyphase filter, only one subfilter is processed aha ti
and the remaining/-1 subfilters are idling. The serial polyphase structure takksn-
tage of this feature and merges the subfilter’s data regiated coefficients to form banks
of data registers and coefficients, respectively. Thes&dare addressed by a control
sequence to select the desired subfilter's data registdreaefficients to perform MAC
operations. The MAC operations can be performed in parailéh a serial fashion to
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2.2 Comparative Analysis

form a serial polyphase structure with parallel MAC or wigial MAC [84] as shown in
Figures 2.1d and 2.1e, respectively.

2.2 Comparative Analysis

A comparative analysis in terms of resource complexities @ock rates is performed
for a N tap prototype filter which is partitioned into/d -path polyphase filter, each path
with N/M taps, for the following structures: (i) general polyphasecture, (i) symmet-
ric structure, (iii) adder shared symmetric structure), §&rial polyphase structure having
serial MAC, and (v) parallel MAC. Their resource compleadtiand the respective re-
quired operating clock rates are tabulated in Table 2.1.ad8e¥off is seen between the
complexities versus the processing clock rates. The ggoigbhase with serial MAC
shows the least complexity but demands a high clock ratg gf\/) x N, whereas the
serial polyphase with parallel MAC has a slightly higher gdexity but operates at a in-
put clock rate off,. Similar analyses of these complexities for a 30-tap fijpar{tioned
into 5-path polyphase filters, each path with 6 taps), andoatg filter (partitioned into
48-path polyphase filters, each path with 20 taps) are pred@mour papers [B] and [D],

respectively.

Table 2.1: Comparative analysis in terms of resource caxitjde and clock rates for
general polyphase structure, symmetric structure, addeed symmetric structure, serial

polyphase structure having serial MAC, and parallel MAC.

General Symmetric Symmetric Serial Serial
Structure Structure Structure Polyphase Polyphase
(Adder Shared)| (Serial MAC) (Parallel MAC)

Multipliers N N/2 N/2 1 N/M
Adders ((N/M)-1)M | ((N/M)-1)M | ((N/M)-1)M/2 1 (N/M)-1
Registers N N 2N N+1 N+2(N/M)
Multiplexers 0 0 N-(M/2) (N/M)+1 N/M
Demultiplexers 0 0 M/2 0 0
Clock Rate /M (f-/M)2 (F-/M)2 (/s/MN I

Any of these structures can be selected depending upondmesdicomplexity and clock
rate. The resource complexity of a genév&lpath polyphase filter is the same (except for
adders) as for a conventionsittap FIR filter, but each subfilter in thel -path polyphase
filter operates at a reduced clock ratefef M. This reduced clock rate operation leads
to reduced dynamic power consumption which for the normegliglied CMOS technol-
ogy is proportional to the operating clock rate (toggle frelacy), as described by the
following equation [85]:

denamic = nCVQf

(2.1)

wheren is the number of nodes being toggl€tljs the load capacitance per nodgis

the supply voltage, anidis the toggle frequency andV are device parameters whereas
n andf are design parameter§/ can also be a design parameter for the voltage-scale
scenario, but we do not consider it further.
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On the other hand, the serial polyphase structure with lghfdlAC has M times re-
duced resource complexity as compared to the general padgpstructure except for the
number of registers which is the same for both, but at the $enadt requires a/ times
higher clock rate (i.e.f, for the subfilter’s processing) as comparedftgM for the
general polyphase structure. It is interesting to note dnat parameter of the dynamic
power equation i.en which is related to area is decreased while the other paeaimist
increased. Since dynamic power is proportional to both e$¢htwo parameters, theoret-
ically the general polyphase and the serial polyphase veithlfel MAC have almost the
same dynamic power consumption. So, the serial polyphasetgte with parallel MAC
reduces the complexity while operating at an input clock ddtf; and having almost the
same dynamic power consumption as the general polyphastst.

A general polyphase structure where each subfilter opesateseduced rate of,/M

is a highly desirable solution for very high speed digitalfr applications as explained
for an ultra wideband 1.6 GHz channelizer in [70]. The curtechnology platforms,
FPGAs, are not capable of processing at GHz clock rates; \wthe parallelism of-
fered by multirate signal processing and the polyphase bkek offers a filter structure
where subfilters can be realized by current technologyaqiiai$ while operating at a re-
duced clock rate. The highest clock rate supported by tlesti®&PGAs such as Virtex-7
is 700 MHz. However, the internal hardware architectureldidimit the maximum oper-
ating frequency of the design. The unique feature of polgpligter banks being mapped
as a general polyphase structure is used in our paper [Fleveheariant of a polyphase
channelizer which accommodates the spectral shift of plakiof quarters of the channel
spacing [30], is used as bandpass filters for a dual-staffddid@S & WLAN) front-end.

It splits the data into multiple paths, operates the subdils¢ a lower rate than the in-
put sample frequency, and eliminates the need for an I1Q delatmd. Although the best
use of the polyphase channelizer in this case would be tatlirextract the individual
channels of both standards rather than splitting the basitisved by separate channel-
izes. The approach uses a standard polyphase filter banlku(ated filter banks) where
the (extracted) individual channel bandwidth is an integeitiple of the input sample
rate. The advanced polyphase filter bank approaches medtlmn[65] which filter and
simultaneously down convert multiple signals having a&bjt bandwidths and randomly
located center frequencies, can be used for a highly effis@ation.

2.3 Subfilter Architectures

The basic block of a polyphase filter is a subfilter implemérte a FIR filter, with data
and coefficient register banks in the case of a serial pogistructure. There can be
several different algorithms or techniques for implemag& FIR filter such as FIR fil-
tering using parallel multipliers and accumulators, aldiel systolic array, Distributed
Arithmetic, Fast FIR algorithms, Frequency domain filtgridultiplier-less FIR filter
(SOPOT), etc. The most direct approach of performing a Fiier&l operation is by
using parallel multipliers and accumulator (MAC). TodayBGAs have dedicated mul-
tipliers (e.g., DSP48E slices in Xilinx FPGAs) which are idegd especially for high
speed and low power consumption. They are generally higtdfepred for the filter's
MAC operation instead of a CLB-based MAC.

26



2.4 Non-Maximally Decimated Systems

The parallel MAC structure is illustrated in Fig. 2.2a, asdeérived directly from the FIR
convolution equation in [49]. In this structure, each tappgelay input is multiplied with
the filter tap’s coefficient in parallel and then computecpboits are accumulated together
to get the filter’s output. The structure in Fig. 2.2a has loambinatorial delays through
the accumulation chain, so the adder tree network showngnZ=2b or the transposed
form shown in Fig. 2.2c are often preferred for the impleragoh. Both these forms
i.e., adder tree and transposed form can have pipelinedradation chains to increase
the performance. The transposed form allows the MACs to &espl in a linear systolic
fashion that minimizes the routes and maximizes the pedana of the design. The long
routes in the adder stages of the tree network slow down tsigrle performance, as the
number of MAC units are increased. In the transposed fornheffitter structure, the
input signal drives every MAC unit and requires a large fam-as the number of MAC
unit increases. To reduce this fan-out while utilizing @&n systolic array of MAC units
and pipelined accumulation chain, an additional stage pélgiing can be introduced
into the direct filter structure in both the inputs and ouspoft each MAC, as shown in
Fig. 2.2d. In all of these MAC structures the filter's tapaletegisters corresponding to a
single FIR filter are used either as data delay registers btA4S output delay registers.
The resource utilization of this parallel MAC approach candecreased by increasing
the number of taps computed per MAC unit. This will decre&serequired number of
MACs and hence reduced area, but on the other hand this deradrigh clock rate. This
is the technique used in the custom VLSI chip described in§3g
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Figure 2.2: FIR filtering structure using parallel multgs and adders: (a) direct form,
(b) adder tree structure, (c) transposed form, and (d) ipipetransposed form.

2.4 Non-Maximally Decimated Systems

An M-path polyphase filter bank can be realized with a modifiedaklhpolyphase
filter to achieve the targeted output sample rate other thanmaximally decimated
mode [69] [6] [30]. Such systems allow resampling by arlbjtreatios while simulta-
neously performing baseband aliasing from the center &pgjes at Nyquist zones that
are not multiples of the output sample rate. This versgtilfta polyphase filter bank is
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presented in our paper [A] by utilizing five different resdimg factors. These resampling
cases correspond to: (i) maximally decimated, (ii) undeghthated, (iii) over-decimated,
and combined up- and down-sampled with (iv) single, and (itiple stride length sce-

narios. The resampling technique is based on sliding cyelia loading interacting with

cyclic shifted coefficient memory [69].

A non-maximally decimated polyphase filter bank, where thber of data loads is not
equal to the number aff subfilters and processég subfilters in a time period which is
either less or greater than thi¢ data loads. The embedded resampling in the polyphase
filter banks requires architectural changes for the strestpresented in Fig. 2.1 to meet
the required time constraint. These changes mainly appdyrtwtures which share re-
sources such as symmetric structure and serial polyphastuses. A general polyphase
structure is a fully parallel solution and is operationailyt affected in non-maximally
decimated modes because each subfilter is operating indepiynand)/ subfilters can
be processed even within a single data input time period. ddew it does require some
changes in its state machine. Symmetric structures areelinto cases with an even num-
ber of polyphase partitions to make use of filter symmetryctvis not the case for serial
polyphase structures. In our further discussion, we fooube serial polyphase structure
with parallel MAC for non-maximally decimated polyphasésfilbanks.

In the serial polyphase structure with parallel MAC, as shawFig. 2.1d, the data and

the coefficients registers are merged to form respectivkdand share the same MAC in
a parallel configuration. The realization of the data regiktaink is challenging as it has to
shift the new data element to the respective subfilter'diglpy line and having access to
all the taps of that subfilter at the same time. In the case gbammally decimated system,

where the down-sampling factor is equal to the polyphasttipar FIFOs can be used

as delay lines to derive an optimal structure, as describg8d], operating at the input

data rate. The non-maximally decimated systems (undeémdéed, over-decimated, and
combined up- and down-sampling with single and multiplelsttength of the commuta-

tor), require a two dimensional memory based solution whbaikg the targeted subfilter

can be loaded with the input data.

2.5 Optimizations for Area Resources

There exist a number of design options depending upon tlgeuwfdahe FPGA resources.
Today’s FPGAs have rich architectures with special memesgurces such as distributed
RAMs and block RAMs, and high performance computationalueses such as DSP48E
slices in addition to the basic CLBs. The DSP48E slice prewiaot only improved flexi-
bility and utilization, but also reduced power consumptiaoreased operating frequency,
and reduced set-up and clock-to-outtime. The efficienteisfthese dedicated resources
can result in a high performance system in terms of achievigly operating clock rates
and reduced CLB requirements.

A straightforward mapping of the polyphase partitionechdagister bank is to use CLB
slice registers to form individual subfilter's delay linehish are connected to multiplex-
ers to form a register bank as shown in Fig. 2.3. This solutamnbe suitable for a small
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filter because even a small filter results in a relatively higbource utilization of the
CLB's slice registers and LUTs. The resource utilizatiofi 8dale linearly with the filter
size.

Shift Register Array

[~

[[Nm] )

_! Mli

To MAC Block

Figure 2.3: Data register bank formed by individual shifjister arrays, multiplexers,
and decoder.

In our papers [B] and [D] different design options for a régidhank mapping on a Virtex-
5 FPGA by exploiting its resources such as slice registeis] Rased shift register, dis-
tributed RAM, and block RAM are presented. Fig. 2.4 illustsathe mapping options for
a24 x 40 register bank [D] (40 rows and 24 columns register bank w2tbRs complex
data register). Fig. 2.5 presents their resource usagenstef the CLB’s slice registers
and LUTs. The straightforward mapping of a register bankcWiig the structure shown
in Fig. 2.3 uses 47% and 21% of the slice registers and LUBpeadively. This is only
for real data and therefore the numbers would be doubledhisoimplex data. Next, each
data register in the subfilters is replaced by a RAM-baseti refgjister (SRL16 / SRL32
mode of the slice LUTSs) and the resource utilization (fot oedia only) comes out to be
0% and 21% for slice registers and LUTSs, respectively. Thisieates the need for the
slice registers, but the LUT usage is the same as before. Inex\b FPGA, each CLB
has 64-bit distributed RAM [89], but it is bit-addressalsle for 16-bit data, 16 CLBs are
collectively used as a single 16-bit register. The rest of@R bits in each CLB remain
unused. Based on this analysis, distributed memory is usghithat eaclé4-bit memory
contributes 1-bit to a 16-bit data element for 64 subfilterdy( 40 are used here) as shown
in Fig. 2.4. So the memory which was previously used for omig subfilter is now being
used for all the 40 subfilters. The bit-width is further exted to32-bits to incorporate
complex datai6 + 16 bits), and the resource utilization dramatically decredase?%
both for slice registers and LUTs (for complex data). Thi also eliminate the need for
the decoder and multiplexers to select the desired sulfillata elements in the case of
a shift register based register bank. The same concepttigefuapplied to block RAMSs,
which completely eliminates utilization of the CLBs. Thetk RAMs utilization for
a 40 x 24 register bank is 12 block RAMs, which corresponds to 9% aatlbn for a
Virtex-5. A similar analysis for & x 6 register bank is presented in our paper [B].

The distributed RAMs and block RAMs can efficiently replaeete column of the data
register bank and their cascade can form a complete repiatdr as shown in Fig. 2.6.
This reduces the resource usage but at the same time itesdoading of the new data
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element to memory and shifting the previous data to the res¢aded memory stage.
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Figure 2.6: Realization of complete register bank by usasgade memories (distributed
RAMSs or blockRAMS).

A block RAM based register bank which does not require any Gé&urces needs an
extra clock cycle for each data load and shift, as describedi paper [D]. The reason is
that the data shift in the subfilters requires data to bealviaifrom the preceding memory
which requires one clock cycle to read the data element. €Reatock cycle will load
the new data element along with shifting of the subfilter.sTihidue to the fact that block
RAMs have synchronous write and read operations. On the bidned, a distributed
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RAMSs based register bank has no extra clock cycle penaltgdoh data load and shift

(provided that there is no input/output register) as sucimorees have asynchronous read
and synchronous write operation. The filter coefficient beauk also be realized by the

resource options presented in Fig. 2.5. However, it doesatptire the shifting as was

necessary for a data register bank.

2.6 Architecture Exploration

Among the embedded resampling scenarios presented in par pid, the cases where
the number of data loads is less than the number of subfilfalswhich are under-
decimated and combined up- and down-sampling with singiéestength of commuta-
tor, the run-time processing at the input sample fatir serial polyphase structure with
parallel MAC is not possible. One solution is to operate thlyphase engine at a higher
clock rate and interface to the input data at a lower rate mgus FIFO.

A Load-Process Architecture (LPA) with block RAM based stgi bank (LPA-BR) for

a polyphase filter bank operating in the under-decimateden@resented in our paper
[D]. It has 48- and 40-path polyphase filter banks for up- amsampling channeliz-
ers, respectively. Fig. 2.7 shows the architecture for thverdsampling channelizer with
an output accumulator instead of an FFT, representing thiereH at the baseband. It uses
a common address bus for all the cascaded block RAMs whigkegponds to individual
taps of the subfilters, whereas the 48-path up-samplingwhiaer requires a distributed
address bus (5 distinct address pointers) for its 20 caddaldek RAMs to achieve its
required circular data shift [D].

x(n) Register Bank
(R)
is| ParallelMAC

(32-Bitx 40) Block RAMs
din din douttm— ==---- —|din dout

32 addr
wen
ok 4

(addr, wen, clk)

R
| corgs

Coefficient Bank | |Accumulator
©

HE
Output | e
Control |

Figure 2.7: Load Process Architecture with block RAM basegister bank for a down-
sampling polyphase filter operating in under-decimatedenaednning at a clock rate
higher than the input data rate.

During the load phase, the data elements are fed from the FIp® and loaded to the
subfilters as directed by the data pointer. In the procegsirage, coefficient and data
pointers having embedded shifts, select the coefficientdatalmemory elements to per-
form MAC operations. The multipliers are based on DSP48teslivhereas the additions
are performed by using a CLB based adder tree network. Tihétecture loads the reg-
ister bank with/V data elements from the input FIFO and then prodéssubfilters while
the FIFO is being loaded. As the FIFO is continuously loadetianloaded only during
the process cycles, shown in Fig. 2.8a, the FIFO eventuadlyflows. In order to over-
come the FIFO'’s overflow and to meet the output time conggathe polyphase filters
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need to run at high clock rates, which @rémes the input clock rates i.el,x 200 MHz
and4 x 240 MHz for the up- and down-sample channelizers, respectivehese high
clock rate demanding designs are not only difficult to achiewt also the architectures
become power hungry, since the dynamic power consumptfmojsortional to the toggle
frequency. The high clock rates for the LPA may limit the ubpayphase filter designs
to lower input sample rates.

A reduced sized filter bank channelizer, specifically-path polyphase filter with each
path beings taps is presented in our paper [A] for different embeddedmgding cases
and their architectural exploration is performed in ourgrgdB]. The block RAM based
LPA for the embedded resampling cases presented in our pBpshows that on the
average approximately 60% of the time is used for loadingréggster bank from the
input FIFO, which eventually demands high operating claties to process the loaded
data within the output time constraints. The high clock dgeands of LPA-BR can be
reduced by using distributed RAM based register banks arapplying different sched-
ules such as interlaced load-process and runtime schgdilive use of distributed RAM
based register banks in the LPA, reduces the clock rate by 28% as compared to their
block RAM based counterparts [B][D].

In LPA with distributed RAM based register bank (LPA-DR)ethcheduling of the load
and process cycles can also be improved to further reduceethered operating clock
rates. The idea is to interlace the load process archiestwoh that the processing of the
subfilters (process-cycle) starts along with the data lugadtiom the FIFO (load-cycle),
instead of waiting for the complete loading of the data-Exdh{targeted) subfilters before
processing. In this case, the process-cycle continue¥/ feubfilters, but the data loading
is stopped for non data-loaded (non-targeted) subfiltéris i€ the only time when input
data is pushed onto the FIFO without being pulled at the s@amme tSince the number
of non-targeted subfilters is less than the number of tadgstbfilters, the FIFO does
not grow as rapidly as in the previous case where proceds-starts after completing
the load-cycle as shown in Fig. 2.8a. This interlaced schiemieading and processing
as shown in Fig. 2.8b reduces the overall clock cycles condttherefore reduces the
required clock rate.

1% cycle 2 cycle o

l Load-cycle l Pro-cycle Load-cycle Pro-cycle

@

[ Y J— v 2™ CYOIR
Load-cycle ‘ Load-cycle ‘
Pro-cycle Pro-cycle l
FIFO growth
® -k

Figure 2.8: Scheduling of load- and process-cycles for B8 &nd (b) interlaced LPA.

By applying the interlaced scheme to LPA-DR in our paper [@ required clock rate
can be reduced tdx (twice the input data rate) as comparedto and4x clock for
its LPA-DR and LPA-BR counterparts. In an interlaced LPA,staf the process cycles
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which are overlapped by the load cycles are idling as theyvaitng for the next avail-
able data from the input FIFO. To make efficient use of theegatycles of the2x
clock, our paper [B] introduces a Run-time Architecture {Rvkere non-targeted subfil-
ter's processing is achieved by idling cycles of the clock instead of processing them
after the load cycle. The idea is to operate at twice as higita clock rate, process the
input data while simultaneously loading the subfilters amfitst cycle of the2 x clock
and the next cycle of thex clock is used to process the non-targeted subfilter. By using
this scheme, the non-targeted subfilters get processedhviith time frame of the tar-
geted subfilters and therefore reduce the overheads as @asieeof LPA and interlaced
LPA. It also eliminates the need for the input FIFO. The RAeshilling for the embedded
resampling cases are presented in our paper [B] and the Rovwarsin Fig. 2.9. It uses a
distributed RAM based register bank (without input/outggfisters), a block RAM based
coefficient bank, and a MAC based on a systolic array of DSP8ES.

The parallel data from the data register is delayed by a sg¢laf/ elements to align the
subfilter's MAC and final accumulation process within thetsijs array MAC as shown
in Fig. 2.9. The corresponding delay for the coefficient stagi bank can efficiently be
achieved by offset addressing, instead of using a delayerienetwork. The RA with a
DSP48E systolic array based MAC has a large latency due toipiedine and delay reg-
isters, but has an enhanced maximum operating clock ratemtiitiplexer block prior to
the delay elements switches between the targeted sulsfited non-targeted subfilter’s
processing, which is used only in under-decimated and coadhiip and down sampling
with single stride length.

L L e
ddr —t — T T T T T

2 Distri ) Distrbuted f—7—  — . — —| Distributed [ Data
Data RAM RAM RAM Register
Input (32-bitx 16) (32-bit x 16) (32-bit x 16) Bank

Deiay

Control
i| Logic

Figure 2.9: Runtime Architecture with a DSP48E systoli@gbased MAC. The data
from the register bank is fed through a set of delay eleménatisdelay the parallel data
element by element to time align the subfilter's MAC and firalanulation process.

Among the architectures presented in our paper [B], the IERA-LDA-DR, and RA use
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DSP48E slice multipliers and a CLB based adder tree for MAICs, whereas RA with a
DSP48E systolic array (RA-DSP48E) uses a DSP48E slice sysaalic array MAC. All
these cases with different configurations use a block RAM:&a®efficient bank. The
resource usage of FPGA mapping for the five embedded resagrgases for their LPA
and RAs are presented in [B], in terms of slice registersedllUTs, dedicated resources,
required operating clock rates, and dynamic power consomptThe RAs turn out to be
a preferred choice to reduce operating clock rates and eedyrtamic power consump-
tion. Using RA is also a preferred means to reduce area resswith the exception of
some cases (under-decimated and combined up- and dowrisgmjih single stride
length of commutator) which use multiplexers and pre-stamdices in the LUTSs for ad-
dressing their data and coefficient banks. RA slightly inses the area but on the other
hand, operates at a reduced clock rate as compared to thieintga

The coefficient banks which are based on block RAMs for theskitectures can also
be replaced by distributed RAMSs. In this case, the block RAfdources which were
previously used by coefficient banks are unnecessary argttheccupy additional CLB
resources.

2.7 Optimization for Enhanced Clock Speed Performance

Fig. 2.10 shows an analysis for the best case achievable@dtefor the architectures for
the five cases of embedded resampling presented in our Bjpdjese values are gen-
erated under balanced performance design goal and seaiaghe Xilinx ISE tool [90].
This tool optimizes the design’s place and route to meetpeeied timing constraint.
All the cases presented have different timing constraintejgt for the RAs operating
at 2x clock rate. These targeted timing constraints are furtigliténed to obtain the
maximum possible optimization by the tool to achieve thenkigclock rates for these
architectures. The red dotted horizontal line on each baptgin Fig. 2.10 shows the
timing constraint of the corresponding case. All the tim@ogistraints are met except the
one for casel, which is the LPA with block RAM based register bank. The LBR;
LPA-DR, and RA (in balanced design goal and strategy in Xili&E tool) can execute
at up to200 MHz whereas RA-DSP48E (systolic array) can execute at W§5@dViHz.
This speed enhancement results from the systolic array GRABE slice based MAC.
All these architectures have a block RAM based coefficienkbd he clock speed can
be further enhanced by using either distributed RAM or piyeel block RAM based co-
efficient banks t&300 MHz and400 MHz for the adder tree and the systolic array MAC
architectures, respectively.

The RA for the up- and down-sample polyphase filters presenteur paper [C], op-
erating at2x the data clock rate, require processingt@® and480 MHz, respectively

to meet their output time constraints. The asynchronous Ipetiween the cascaded dis-
tributed RAMs (without input/output registers) turns oattte a bottleneck with respect
to achieving higher clock rates. In our paper [C], it is shawat as the number of cas-
caded distributed RAM (without input/output register)r@ases, their maximum operat-
ing clock rate decreases. On the other hand, a minimush®@MHz performance can be
achieved even with up t®4 cascades of distributed RAMs having output registers. The
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Figure 2.10: Best case achievable clock rate performanabédfive embedded resam-
pling cases; maximally decimated system (CASE 1),Undemaigted system (CASE 2),
Over-decimated system (CASE 3), Combined up- and down-agnpith single stride
length (CASE 4) and with multiple stride length (CASE 5).

insertion of an output register for each cascaded disgtb®AM forms a pipelined reg-
ister bank that allows high operating clock rates, but astirae time the added registers
require balancing of the control and data paths and alsoappet-delay shifting for the
cascaded distributed RAM (pipelined). These are achieyéuderting the pipeline regis-
ters for the control path (i.e., address and read/writeed)gand by delaying each memory
output path by the total number of cascaded distributed RANM=IS its tap number, as
shown in Fig.2.11. The added pipeline register networkadli additional latency which
is a compromise to achieve high operating clock rates. Euribre, the real and imag-
inary register banks are separated and 16sbit memories instead of a combined (real
and imaginary) data register bank usiybits memories. The separate memory banks
allow the tool's place and route process to meet the timingstraints o480 MHz. The
Run-time Architectures are capable to meet the challendgmgands for a modern SDR
front-end in terms of minimal area, time (clock frequeney)d power requirements.

2.8 Explored Solution Space

Finally, the explored solution space for designing polygehfiter banks operating in non-
maximally decimated modes is presented by a complete flograiia shown in Fig. 2.12.
The flow diagram wraps up every thing we have presented prsli@nd helps to give
the answer to our initial thesis. The processing enginethiselected serial polyphase
filter structure can be realized by Load-Process and Rurfirtigitectures. Their internal
building blocks i.e., data and coefficient register banklmamapped, in a straightforward
manner, to CLB based slice registers or RAM based registdrish results in a high re-
source utilization of CLB resources even for a small sizelgguase filter. On the other
hand, the data and coefficient banks can be mapped in a resefticient manner to block
RAM and/or distributed RAMs. The MAC architecture can bedshen summer tree or
systolic array consisting of DSP48E slices.

The design flow provides a mean to explore the trade-off betviee targeted constraints
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Figure 2.11: The complete architecture for the down-samplgphase filter with 24
cascaded Dist. RAMs, delay/pipeline registers, multiptexsystolic array of DSP48E
slices, coefficients’ distributed ROM, and data and coeffitaddress distributed ROM.

and the required FPGA resources. The explored architecforethe polyphase filter
bank (for its serial polyphase with parallel MAC structufeljowed by their step-wise
refinements provide customized solutions for the desigioemseet their targeted design
constraints of area, time, and power. A comparison of anee &nd power for the ex-
plored architectures and their customized solutions foslgghase filter bank operating
in five different resampling modes is presented in our paBgrThe LPAs are the most
power hungry solutions because of their requirements fyit bperating clock rates. The
interlaced LPAs provide significant improvements to LPA legucing the clock rates.
The RA while operating at maximum of two times the input rat@vles the least power
consumption solutions. Furthermore, it is seen from Figj2 2hat the design customiza-
tion results in wide range of operating clock rate perforogginom200 MHz to 500 MHz.
The RA supports the designer’s requirements of minimal,gr@a&er, and operating clock
rates, while at the same time being capable of achievingdlatk rate performance.

Furthermore, an analysis is performed for latency and tinput of the presented archi-
tectures. The throughput is constrained by the output sanapés so that it is same for
all the architectures under the same resampling case; leoybey vary in terms of their
latencies. A detailed latency analysis is tabulated in@®BI2 to 2.6 representing the five
different embedded resampling cases for the polyphase littek. The previous time
calculation for the load process architectures as predenteur paper [B], are carried
out on the control signals from their state machines, iafrolling the load and process
cycles. The loading time was calculated from the non-emigtyad from the FIFO, but
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filter banks operating in non-maximally decimated modes.
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the FIFO loading time is not included. Similarly, the progéme is calculated from the
state machine’s control signal, but it did not incorporageprocessing delay through the
MAC operations. These two timing parameters do not effeztrésults presented in our
paper [B] in Table 2 and Table 3, but they do have an effect efatency, which are now
taken into consideration.

Table 2.2: Case 1 (Maximally Decimated): Latency and clogiles distribution for
different architectures.

LPA-BR LPA-DR RA RA (Systolic Array)
Clock Period (ns) 6.66 8.33 33.33 33.33
Latency - Time (ns) 246.7 258.3 333.33 466.7
Latency - Clock Cycles 37 31 10 14
Clock Cycle Distribution
FIFO Load/Unload + 24 19 - -
Data Register Bank Load -
State Machine’s Overhead 2 2 - -
(load and process) -
Data Register Bank Read 1 - - -
MAC - Adder Tree
Multiply 1 1 1 -
Adder Tree(log2(N/M)) 3 3 3 -
MAC - Systolic Array
Multiply pipelined delay - - - 3
Delay across ArrayN/M — 1) - - - 5
Subfilter to be processed 5 5 5 5
M-input Accumulation 1 1 1 1

TOTAL 37 31 10 14

It can be seen from Table 2.2 to Table 2.6, LPAs have largadsterhich basically is due
to the loading cycle. This eventually results in needinghtdfpck rates to meet the tar-
geted throughputs. The latency of LPA-BR is larger than #étericy of LPA-DR because
of the fact that block RAM takes one clock cycle to read and agtumulate over the
subfilter’s length during the loading cycle. Similarly bloRAMS’ read operation in the
process cycle has a one clock cycle delay as compared tosbdaadistributed RAMSs.
The RA's simultaneously loading and processing of the ispatsults in reduced latency
solutions. The latency for MAC operation is fixed (dependimgthe subfilter’s length)
and is the same for all the architectures except the systoly based MAC which takes
4 extra clock cycles. Furthermore, RAs operating oncock rates take one clock cycle
extra to switch between the targeted (data-loading) andtageted (non data-loading)
subfilters’ processing.

The RA with distributed RAM pipelined register bank, dibtried RAM or pipelined

block RAM based coefficient bank, and systolic array of DIP4Bces based MAC is
a preferred choice in terms of enhanced performance andai@ndy for state-of-the-art
SDR digital front-ends.

It was stated in chapter 1 that high performance radio desfgich is also true for
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Table 2.3: Case 2 (Under-Decimated): Latency and clockesydistribution for different
architectures.

LPA-BR  LPA-DR RA  RA (Systolic Array)

Clock Period (ns) 5.55 6.66 16.66 16.66
Latency - Time (ns) 161.1 160/166.7 183.3 250
Latency - Clock Cycles 29 24/25 11 15
Clock Cycle Distribution
FIFO Load/Unload + 17 12/13 - -
Data Register Bank Load -
State Machine’s Overhead 2 2 - -
(load and process) -
Data Register Bank Read 1 - - -
Multiplexer - - 1 1
MAC - Adder Tree
Multiply 1 1 1 -
Adder Tree(log2(N/M)) 3 3 3 -
MAC - Systolic Array
Multiply pipelined delay - - - 3
Delay across ArrayN/M — 1) - - - 5
Subfilter to be processed 5 5 5 5
M-input Accumulation 1 1 1 1
TOTAL 29 24/25 11 15

Table 2.4: Case 3 (Over-Decimated): Latency and clock eydisgtribution for different
architectures.

LPA-BR LPA-DR RA  RA (Systolic Array)

Clock Period (ns) 8.33 11.11 33.33 33.33
Latency - Time (ns) 308.3 333.3/322.1 366.7 500
Latency - Clock Cycles 37 30/29 11 15
Clock Cycle Distribution
FIFO Load/Unload + 24 18/17 - -
Data Register Bank Load -
State Machine’s Overhead 2 2 - -
(load and process) -
Data Register Bank Read 1 - - -
MAC - Adder Tree
Multiply 1 1 1 -
Adder Tree(log2(N/M)) 3 3 3 -
MAC - Systolic Array
Multiply pipelined delay - - - 3
Delay across ArrayN/M — 1) - - - 5
Subfilter to be processed 5 5 6 6
M-input Accumulation 1 1 1 1
TOTAL 37 30/29 11 15
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Table 2.5: Case 4 (Combined up- and down-sampled with sicghemutator stride

length): Latency and clock cycles distribution for diffatarchitectures.

LPA-BR LPA-DR RA  RA (Systolic Array)
Clock Period (ns) 4.76 5.55 16.66 16.66
Latency - Time (ns) 147.5/119 150/122.2 183.3 250
Latency - Clock Cycles 31/25 27/22 11 15
Clock Cycle Distribution
FIFO Load/Unload + 18/12 15/10 - -
Data Register Bank Load -
State Machine’s Overhead 2 2 - -
(load and process) -
Data Register Bank Read 1 - - -
Multiplexer - - 1 1
MAC - Adder Tree
Multiply 1 1 1 -
Adder Tree(log2(N/M)) 3 3 3 -
MAC - Systolic Array
Multiply pipelined delay - - - 3
Delay across ArrayN/M — 1) - - - 5
Subfilter to be processed 5 5 5 5
M-input Accumulation 1 1 1 1
TOTAL 31/25 27/22 11 15

Table 2.6: Case 5 (Combined up- and down-sampled with niellipmmutator stride
length): Latency and clock cycles distribution for diffet@rchitectures.

LPA-BR LPA-DR RA RA (Systolic Array)
Clock Period (ns) 8.33 11.11 33.33 33.33
Latency - Time (ns) 375/341.7 400/366.6 433.3/400 5663353
Latency - Clock Cycles 45/41 36/33 13/12 17/16
Clock Cycle Distribution
FIFO Load/Unload + 32/28 24/21 - -
Data Register Bank Load -
State Machine’s Overhead 2 2 - -
(load and process) -
Data Register Bank Read 1 - - -
MAC - Adder Tree
Multiply 1 1 1 -
Adder Tree(log2(N/M)) 3 3 3 -
MAC - Systolic Array
Multiply pipelined delay - - - 3
Delay across ArrayN/M — 1) - - - 5
Subfilter to be processed 5 5 8/7 8/7
M-input Accumulation 1 1 1 1
TOTAL 45/41 36/33 13/12 17/16
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other systems) need both the smart algorithms and theim@#d or near optimized im-
plementation on the processing platforms. Multirate dignacessing based algorithms/
techniques for numerous DFE functionalities as explaine@hapter 1 allow low com-
plexity design for DFE tasks which can further be implemdiiea cost effective manner.
Reducing sampling rate of the signal along with the bandwidtuction (filtering) and
signal processing by effective use of the aliasing procestha distinguishing features of
multirate signal processing. Furthermore, instead of anadbFIR filter process, this alter-
native approach allows distributed processing over a nuwitsubfilters (as a polyphase
filter) and even at a reduced processing rate. These tecdmighould be adopted by
the state-of-the-art radio transceiver designs and atdyhigcommended to the system
designer of SDR based DFE designs including:

Single and multiple channel extraction and filtering,
With equal and unequal channel (spacing) distribution,
Embedded (rational) sample rate conversion,

Arbitrary sample rate conversion, and

Combining multiple tasks into a single processing filter.

A polyphase filter structure capable of combining multi@sks (i.e., arbitrary resam-
pling, match filtering, and symbol timing recovery) is pnetesl in our paper [E].

This dissertation contributes to the DFE designs mainlyeims of HW architectures
for polyphase filter banks to reduce area, time, power, ardating clock rates. Today
designers often lack a structural methodology or fail td@septhe design space and stick
to their already known / experienced architecture desigithvimnay not necessarily be
a minimal or a near optimal solution in comparison to muléraignal processing tech-
niques. This dissertation paves the way towards resournamizied HW architectures
for highly efficient SDR techniques based on polyphase filtarks. The design space
for the FPGA platform was explored and through several expts and step wise re-
finements, various architectural solutions were presenfdtkese experiments and the
resulting hardware architectures can serve as structuidélines for the hardware de-
signers to achieve their targeted constrained solutiose@an the explored design space
presented in Fig. 2.12, our findings and recommendatiorddsigners are:

1. A polyphase filter bank hae parallel paths which can be exploited in a number of
different ways to meet the design constraints. Changing fistraightforward//
parallel path implementation to a shared path with a singd&Mpproach provides
a significant variation in resource usage and the requiredabing clock rates. The
designer constraints of area, processing time, and opgreltbick rates determine
the selection of the solution. The design of bandpass fiftera multi-standard
receiver [F] has an input sample rateG30 MHz. This is higher than the upper
bound of the 550 MHz maximum possible clocking rate for VirEeFPGA. This
situation (where the input sample rate is higher than thégsta’s processing ca-
pabilities) calls for a fully parallel solution allowing ela subfilter to process at a
lower rate 0f630/7 = 90 MHz which is now within the operating limits of the
target platform, but requires greater area resources.
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2. The situation where the input sample rate is significdotier than the platform’s
processing capabilities often favors a solution usinguesmsharing architectures.
The resource sharing demands higher clock rates whichdbewchievable by the
design and most importantly by the platform itself. Thefolah’s operating clock
rate and the design performance often limit the amount afue® sharing in the
architecture. The designer can consider the trade-offdmivthe serial polyphase
with serial MAC that gives the least resource complexity dertnands high clock
rates, and the serial polyphase with parallel MAC that takesadvantages of op-
erating at an input clock rate with a reasonable resourceptzxity.

3. The polyphase filter bank can embed rational sample raeecsion together with
performing down-conversion and channel filtering. This i®esy powerful feature
of the polyphase filter bank that with no extra processingl lacan efficiently
achieve the target output sample rate and eliminate theatepalock for sample
rate conversion. This approach is highly recommended ®8{bR-DFE designers
and they should use this embedded function of the polyphiéesetfank whenever
possible. Four re-sampling scenarios other than the malyimhecimated system
are presented. These scenarios presents situations Whewbfilters are to be
processed within a time period of either more than or less ffainput samples.
These scenarios lead to different schedulers for the seusfilprocessing, which
were considered for serial polyphase structure with a [edIAC approach.

4. The resampling scenarios whévg subfilters are to be processed in a time period
less than thé\/ input samples require higher processing rates to meet ttpeiou
time constraint. Three different schedulers for subfiligrscessing were presented
based on stepwise refinements towards reduced operaticig reltes. The Load
Process scheduler requires more clock cycles to computewpat sample, which
eventually requires much higher clock rates to compengsaieder to meet the out-
put time constraint. The Interlaced Load Process schededieices the number of
clock cycles by starting the subfilters’ processing eath@n the complete subfil-
ters’ loading. It therefore significantly reduces the ofiatpclock rates even down
to 2x clock rates for the scenarios presented. The Runtitmedsder further opti-
mizes the idling cycles of a 2x clock and uses these for nayetad subfilters. The
Interlaced Load Process scheduler and the runtime schis@uerecommended for
the designer but not the load process scheduler, which twi® be an inefficient
approach. The Runtime scheduler results in a lower lateolcisn as compared
to the interlaced load process scheduling. The Runtimedsg@ehas a simple
state machine but non-trivial complicated scheduling ithi@trlaces the processing
of data loaded and non-data loaded subfilters, whereastinaired load process
scheduler has a simple scheduler but a non-trivial comglicstate machine. Fur-
thermore, interlaced processing of data loaded and nanidatled subfilters in
Runtime scheduling results in reordering of the processgoiub samples, which is
not the case for interlaced load process scheduler.

5. The FIFO based tapped delay line approach [88] for decimasing the serial
polyphase structure with parallel MAC approach, can onlyubed for a maxi-
mally decimated system. To achieve rational resamplingrdtian the maximally
decimated system in a serial polyphase structure, a twordilneal addressable
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memory (as a data register bank) is required. Different rimgppptions for a data
register bank were explored, these can enable the desmaehteve highly mini-
mized area resource solutions. The designer can choosegasulutions based on
CLB registers, block RAMs, and distributed RAMs. The CLB &dslata register
bank demands high area resource even for a small sized filtes. block RAM
based register bank optimizes the area resources but esguirextra clock cycle
to have data shifted among the cascaded block RAMs, whichtithe case for a
distributed RAMs based data register bank. The runtimedidke utilizes a dis-
tributed RAM based data register bank which offers one clyate data shifting
among the cascaded memories.

. The mapping of a coefficient register bank is not as chgitenas a data regis-
ter bank since it does not require coefficient shifting amthrgytaps. It requires
segregated memories which can either be block RAMs or diggd RAMs. The

coefficients assigned to each tap’s processing are usualoriarge, thus the dis-
tributed RAM based is the preferred solution. The desigmawnever, can choose
between both of these resources, but should take theirafesponse) time into
account. The memory response time can be a bottleneck tevachihigh oper-

ating clock rate. The distributed RAM has a faster respoimse than the block

RAM, unless it is pipelined which will then take 2 clock cyslenger to read than
distributed RAM read operation. For low latency and higheysperformance so-
lution, a distributed RAM based coefficient bank is recomdezh The extra clock
cycles required by block RAM can be compensated for by utijzan advanced
read operation.

. We have considered the serial polyphase structure withllpeMAC approach
because of its reasonable resource complexity while dpgrat the input clock
rate as compared to the other solutions that were explorbd.se&rial polyphase
with parallel MAC approach has a MAC unit féF/M inputs. Two different MAC
approaches (i.e., adder tree and systolic array appropatees considered. The
adder tree approach uses DSP48E slice based multiplier€laBdased adders,
whereas the systolic array approach uses only DSP48E.slibesadder tree based
MAC has a latency of + loga(N/M) + M clock cycle, where as systolic array
based MAC has a latency 6f+ ((N/M) — 1) + M clock cycles. The systolic
array based MAC approach has an extra latency of 4 clock €yolg enhances the
system’s performance allowing it to achieve a higher ofrggatlock rate. This is,
again, a trade-off for the designer between the reduceddgiend the achievement
of higher clock rates.

. The delay across the cascaded memory structure for theetaster bank is deemed
to be a bottleneck with regard to achieving higher operatlogk rates. The block
RAM based cascaded memory structure has a lower operaticl chte perfor-
mance because of the large clock-to-data-out time, as amupge a cascaded
structure with distributed RAMs. It was further analyzedttthe path from the
output of one distributed RAM (without an output registerjtie input of next dis-
tributed RAM is an asynchronous path that also leads to debettk with regard
to achieving higher operating clock rates. This path can bdarsynchronous by
inserting an output register between the cascaded distddRAMs, but this will
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effect a one cycle shift operation among the cascaded steuaquired for the run-
time scheduler. The delay caused by the insertion of ougmisters is balanced
by inserting pipeline registers both in the control and aufmaths as explained in
our paper [C]. This adds additional latency to the systemdifithe same time, is
highly recommended to the designer in order to achieve tipgrelock rates of up
to 500 MHz on the Virtex-5 platform.

9. A pipelined data register bank based on distributed RANs&d for enhanced op-
erating clock rate performance. The designer, howeverysara similar approach
for a block RAM based data register bank. In such a case thek IiRé&M should
be used with output and pipelined registers. This requicesbling the balancing
registers for the control and the output data path and wslliten doubled latency
as compared to the pipeline register bank solution wittribisted RAMSs.

10. The FFT algorithms Radix-2 and Radix-4 are commonly 6eeDFT calculation.
The Winograd Fourier Transform offers reduced complexitytion by eliminat-
ing twiddle factors and complex multipliers. However, ipgads on the transform
sizes being split into relative prime numbers. It is higldggmmended for design-
ers to use this reduced complexity transform whenever altbly the transform
size.

11. In a Runtime scheduler for cases whéfesubfilters are to be processed in a time
period of more than th&/ input samples (case-3 and case-5), the twice loaded sub-
filters are processed twice as well. However, the ddgtrocessed outputs are valid
outputs of the subfilters. The previous output cycles can asked so that they
are not processed further. This can avoid some unnecessagssing resulting in
(dynamic) power saving.
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3  Summary of Contributions

This chapter provides a summary of the contributions ofitliigk. The summary is related
to the papers A-F.

The body of this dissertation is formed by the papers A-F. Siramary of these papers
together with authors’ contributions are given:

Paper A:
Authors’ Contributions:
Mehmood Awancontributed by proposing different resampling scenaridthivw
polyphase filter bank. He derived five different cases bigiby extending the
previous work of fred harris. He performed all the MatLab siations, and inter-
preted their results. He wrote the entire draft version &f traper, and revised it
according to co-authors’ comments.
Yannick Le Moullecprovided the suggestions to improve the draft version of the
paper, and to link the paper to the other paper presentinghiduelware architec-
tures.
Peter Kochcontributed by interacting with Mehmood Awan on the scfenéis-
pects of defining the resampling cases. He provided suggestor layout and
presentation of the draft version of the paper.
fred harris provided the basic DSP technique for resampling in polyphdter
banks; which is further extended to five general re-samptiages by Mehmood
Awan. fred harris reviewed the final version of the paper.

This paper presents efficient processing engines for Sodtidafined Radio (SDR)
front-ends. These engines use a polyphase channelizertitraay sample rate
changes, frequency selection, and bandwidth control. péjger presents an M-
path polyphase filter bank based on a modified N-path polypFiier. Such a
system allows resampling by arbitrary ratios while perfimgrbaseband aliasing
from center frequencies at Nyquist zones that are not niedtipf the output sam-
ple rate. This resampling technique is based on slidingecgedta load interacting
with cyclic-shifted coefficients. A non-maximally-decited polyphase filter bank
(where the number of data loads is not equal to the number afitfilers) pro-
cesses M subfilters in a time period that is less or greater thea M data loads.
A polyphase filter bank with five different resampling modssused as a case
study for embedded resampling in SDR front-ends. These made (i) maxi-
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mally decimated, (ii) under-decimated, (iii) over-dected and combined up- and
down-sampling with (iv) single stride length, and (v) mplé stride lengths. These
modes can be used to achieve any required rational sampliaghange in an SDR
front-end based on a polyphase channelizer. They can alseglgfor translation to

and from arbitrary center frequencies that are unrelatéftd@utput sample rates.

Paper B:

Authors’ Contributions:

Mehmood Awancontributed by proposing different HW architectures forfpem-
ing resampling within polyphase filter banks. He derivedtzdi presented solutions
and performed their architectural analysis and comparisde performed the De-
sign Space Exploration (DSE) experimentation, their RTéigles and associated
simulations, and interpreted the results. He entirely wridte draft version of the
paper, and revised it according to co-authors comments.

Yannick Le Moulleccontributed with scientific and technical feedback on HW ar-
chitectural designs and analyses. He suggested gramnhaticbpresentation im-
provements to the draft version of the paper.

Peter Kochprovided feedback concerning the presentation and layamutyell as
relation and mutual impact among the scientific experimantsresults. He sug-
gested technical, organizational, wording, and illusivatrefinements to the draft
version of the paper.

fred harris interacted with Mehmood Awan on multirate signal procegdech-
nigues and their benefits for low complexity solution. Héeeed the final version
of the paper.

In this paper, we describe resource-efficient hardwareitaathres for software
defined radio (SDR) front-ends. These architectures areeratiitient by using a
polyphase channelizer that performs arbitrary samplediadéages, frequency se-
lection, and bandwidth control. We discuss area, time, awekp optimization for
field programmable gate array (FPGA) based architecturas M-path polyphase
filter bank with modified N-path polyphase filter. Such systeafiow resampling
by arbitrary ratios while simultaneously performing bamsthaliasing from center
frequencies at Nyquist zones that are not multiples of thtpudwsample rate. A
non-maximally decimated polyphase filter bank, where thmber of data loads
is not equal to the number of M subfilters, processes M sutsfiltea time period
that is either less than or greater than the M data-load’s period. We present
a load-process architecture (LPA) and a runtime architedi®A) (based on se-
rial polyphase structure) which have different scheduling LPA, N subfilters
are loaded, and then M subfilters are processed at a clockhatés a multiple
of the input data rate. This is necessary to meet the outmé tonstraint of
the down-sampled data. In RA, M subfilters processes ardegifig scheduled
within N data-load time while simultaneously loading N slibfs. This requires
reduced clock rates as compared to LPA, and potentiallydes&r is consumed.
A polyphase filter bank that uses different resampling fector maximally dec-
imated, under-decimated, over-decimated, and combine@mgh down-sampled
scenarios is used as a case study, and an analysis of aregatichpower for their
FPGA architectures is given. For resource-optimized SDRtfends, RA is supe-
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rior for reducing operating clock rates and dynamic powasconption. RA is also
superior for reducing area resources, except when indregsra-stored in LUTSs.

Paper C:
Authors’ Contributions:
Mehmood Awancontributed to defining the overall problem and proposedsihie
lution for high speed processing HW architecture for restingppolyphase filter
bank. He derived the solution, and performed all the RTL wsialand simula-
tions. He identified relevant performance metrics and ioteted the experimental
results from the Design Space Exploration (DSE) experiat@m. He wrote the
entire draft version of the paper, and revised it accordingé-authors comments.
fred harris reviewed the final version of the paper.
Peter Kochinteracted with Mehmood Awan on design space exploraticBED
experimentations and provided feedback on the derivedtsedde suggested gen-
eral, technical and grammatical improvements for the dvatsion of the paper.
He also actively took part in the process of preparing thel prasentation for the
conference.

This paper presents the time and power optimization coredides for Field Pro-
grammable Gate Array (FPGA) based architectures for a pelsg filter bank
channelizer with an embedded square root shaping filtesipatyphase engine.
This configuration performs two different re-sampling ss&quired for spectral
shaping and for an M-channel channelizer. In an under-dateid(non-maximally
decimated) polyphase filter bank scenario, where the nuoftdata-loads is less
than the number of sub-filters, the serial polyphase stractith parallel MAC ap-
proach requires a larger processing time than the correlsppdata-load time. In
order to meet the output time constraint, the serial polgplstructure with parallel
MAC has to run at a higher clock rate than the data input rateheamce poten-
tially consumes high power. In contrast to the Load-Proéeshitecture (LPA),
a Run-time Architecture (RA) operating only at twice thelhplata rate is pre-
sented which efficiently schedules the sub-filter's proiogswithin the data-load
time. The RA offers time and power efficient structure for gresented up- and
down-sample polyphase filters utilizing 9% and 11% slice kdihd 10% and 13%
slice register resources of a Xilinx Virtex-5 FPGA, opangtat 400 and 480 MHz,
and consuming 1.9 and 2.6 Watts of dynamic power, respégtive

Paper D:
Authors’ Contributions:
Mehmood Awancontributed to defining the overall problem and proposedsiie
lution to its HW architecture. He performed complexity assals for the structures
and the algorithms, design space exploration of FPGA resesiand suggested a
HW solution. He explored the options for mapping the registak of polyphase
filters to FPGA, and presented different scheduling schefioreBFT algorithm.
He performed all the MatLab simulations and RTL analysis sintulations. He
interpreted the results and wrote the draft version of thpggawhich was revised
according to co-authors comments.
Peter Kochprovided scientific and technical feedback on HW architecanalysis
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and the interpretation of their results. He suggested thiéivgrand expressive im-
provements for the draft version of the paper. He contriBuiefinalizing the oral

presentation for conference.

Chris Dick reviewed the technical aspects of the final version of thepap

fred harris interacted with Mehmood Awan on core concepts and basiayhafo
DSP. He gave the idea of polyphase filter bank processing otoverocessor,

which together with the processing constraints for polygehsub-filters led to load
process architecture (LPA) by Mehmood Awan. He contribotethe FFT algo-

rithms and provided feedback on their complexities. Heetsed the final version
of the paper.

The paper presents the architectural domain analysis '8¥HField Programmable
Gate Array) implementation of a polyphase filter bank chéineewith an embed-
ded square root shaping filter in its polyphase engine thdibpes two different
re-sampling tasks required for spectral shaping and fohsihoel channelizer. In
terms of algorithms; Radix-2 FFT, Prime Factor and Winodfadrier Transform
are considered for IFFT, where as the polyphase filter isyaedlin terms of sym-
metric structure, and serial polyphase structures wittalsend parallel MAC ap-
proaches. The computational workload for these algoritantstheir implemen-
tation structures are presented together with their harelweapping to a Virtex-5
FPGA by exploiting the inherent parallelism. Their res@uutilizations and De-
sign Space Exploration in terms of Area-Time is presentedabith different
optimization techniques.

Paper E:

Authors’ Contributions:

Mehmood Awancontributed towards the design of a low-complexity synacizer
by proposing the solution using polyphase filter banks teghes. He derived the
solution and performed MatLab simulations to verify it. Hecgperformed the RTL
analysis and simulations. He interpreted the simulatiod arperimental results
with comments from the co-author. He completely wrote tladt drersion of the
paper, and revised it according to the co-author's comments

Peter Kochprovided general and scientific feedback on low complexésighs,
and suggestions to improve the technical writing and reddglof the draft ver-
sion of the paper.

This paper describes a low complexity multi-rate synctrenthat makes use of
a polyphase filter bank to simultaneously perform matchiéerifig and arbitrary

interpolation for symbol timing synchronization in a saegbldata receiver. Ar-
bitrary Interpolation between available sample pointscisieved by selecting the
appropriate filter in the bank having the polyphase partéwmatched filter, which
provides the optimal sampling time. Two different struetiare considered which
are modified to perform combined arbitrary resampling. Téwajgutational com-

plexity is analyzed to have the resource optimal solutiomutation results are

analyzed and their resource utilization for Virtex-5 FPG#plementation is pre-
sented.
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Paper F:
Authors’ Contributions:
Mehmood Awancontributed to defining the overall problem and proposed a so
lution by using polyphase filter banks techniques. He ddriee solution and
performed the MatLab simulations to verify the filtering gges. He interpreted
the results and identified the performance criteria veréesdomplexity of the so-
lution. He entirely wrote the draft version of the paper, aadised it according to
the co-author’'s comments.
Peter Kochprovided feedback concerning the derived solution, andimvgiim-
provement to the draft version of the paper. He provided sstjgns towards the
oral presentation at conference.

The aim of this work is to design efficient bandpass filtersmonti-standard soft-
ware defined radios. Software Defined Radio (SDR) basedaatioins which de-
mand high sampling rate to eliminate the most of the analogpoments require
high-performance technology and digital signal processiethods to handle and
process the high sample rate data. State of the art technslaiy as FPGAs can
support several hundred MHz of I/O data transfer rate. Tterral hardware ar-
chitecture, however, would limit the maximum operatingjfrency of the design.
An alternative is therefore to use advanced DSP methodseirome this bottle-
neck. Polyphase channelizers having spectral shifter teerttee filter position are
used in a scenario of dual standard (WLAN and UMTS) SDR rexdor the band-
pass filtering. It will not only split the data in multiple pestto reduce the per arm
data rate but the filter also operates at lower rate than fh& sample frequency.
Furthermore it can also eliminate the need of IQ demodulator
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4  Conclusion

This chapter gives the conclusion of the work, supportirgttfesis. Furthermore, sug-
gestions for future work are provided.

The high and constantly increasing demand for radio tramscewith enhanced function-
alities, inter-standard portability, higher throughpatsmpact physical size, low cost, and
longer battery time open challenges for the radio desighleis requires both enhanced
signal processing algorithms with reduced complexitiesrabust performance, and high
performance HW/SW platforms for implementing these abhani. It is not only the al-
gorithms and the signal processing platforms that are redquo meet there challenging
demands, but we also need knowledge about optimizing ommiimg the architectural
design that finally maps the algorithms to the processingquta. An algorithm can be
more efficient in terms of its physical design by having anlangentation that requires
less resources, less processing time, and reduced powarraption.

SDR technology promises to provide a solution for meetimg¢hdemands by digitizing
the radio signals as close to the antenna as possible andrmapting the radio func-
tionality as software modules running on generic hardwéatgrms such as an FPGA.
The enhancements in FPGA technology and especially itsénihparallel processing ca-
pabilities have made these components the core-processgige in SDR applications.
Their rich architecture with customization features affarhuge design space solution
which opens another challenge to the designers i.e., téecogimal or near-optimal de-
signs for SDR. By moving the ADC close to the antenna, radicfionalities such as
down-conversion and channel filtering which were previgisplemented in the analog
domain become digital forming a Digital Front-End. The Eitgandwidth and high dy-
namic range of the signals result in a high sample rate age Maord length. The DFE
is one of the most power- and time-critical functionalitefsan SDR, as it has to meet
the requirement of reconfigurability and/or programmapfior an SDR in the presence
of very high sample rates. The traditional digital signadqessing design methodolo-
gies are not practically suited for implementing the SDR DHéis is because of the fact
that the traditional or legacy design solutions were basetbonpromises appropriate for
their times. Furthermore, the straightforward SDR DFE giesithat replicate their ana-
log counterparts operating at high input sample rates aremlyg difficult to map to the
current technology platforms, but also make their hardwachitectures power hungry.
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Conclusion

This dissertation targets resource minimal FPGA basedtaothre designs for a SDR
DFE. These architectures are based on multirate signaépsotg methods/ techniques
which specify new ways of performing DSP tasks that are nymat available using
traditional DSP design methods. Multirate signal procesgsiolates the traditional DSP
methodology byintentionally aliasing the signal, processing at reduced sampling rate,
and efficiently extracting the desired output signal frora #iased signals. A state-of-
the-art DFE (with down-conversion, channel filtering, sémate conversion, single and
multiple channel extraction) including synchronizatioasapresented which clearly il-
lustrates that multirate signal processing based methedsell suited for the design of
a SDR DFE. It not only provides low complexity and high penfi@nce solutions, but
at the same time it allows several functionalities to be etdld within a single filter,
these include: (i) extraction of multiple channels by usingingle filter, (i) embedded
sampling rate changes in the polyphase filter banks thawalloy rational sample rate
change while simultaneously performing filtering openasicand (iii) combined arbitrary
resampling, match filtering and symbol timing recovery, dtbe design and the FPGA
mapping of a polyphase filter based approach for performamgléned arbitrary resam-
pling, match filtering, and symbol timing recovery for a BGAéteiver was presented.
A structure with Maximum Likelihood (ML) control of polyplse matched filter was
modified to embed arbitrary interpolation, which in termscofmputational complexity
is more efficient (12% reduction) than the cascaded streafian arbitrary interpola-
tor and matched filter. The main contribution of the disgentawas the Design Space
Exploration (DSE) for polyphase filter bank architectur@sthe design of SDR DFE, to-
gether with the step-wise refinements to enhance their FR@¥ementation in terms of
reduced area resources, processing time, power consurspdi® well as achieving high
operating clock rates. The Design Space Exploration (DSggiformed for the building
blocks of the polyphase filter bank i.e., polyphase filter BRd.

In the following sections, we provide answer to the questithat lead to the formu-
lated thesis in section 1.8.

A polyphase filter bank was analyzed in terms of its (i) geh@ipsymmetric, (iii) adder-
shared symmetric structures, and serial polyphase wijtpévallel and (v) serial MAC
structures. The resource complexity and processing cktekamalyses showed a signifi-
cant variation in resource usage and required operating ctdes, from a straightforward
M parallel path implementation to a shared path with singleQvipproach. The situ-
ation where the input sample rate is nearly equal or higher the platform processing
capabilities; a fully parallel solution is recommended vweheach subfilter is processed
at a lower rate, and consequently requires larger areanesnuOn the other hand, the
situation where the input sample rate is significantly lothamn the platform processing
capabilities, a resource sharing architecture is oftenrta. The resource sharing de-
mands higher clock rates which should be achievable by thigidand most importantly
by the platform itself. Among all the structures which do apérate at a clock rate higher
than the input clock rate, the serial polyphase structutk parallel MAC turned out to
be the most resource efficient.

The goals defined in the introduction of this dissertatiovetzeen achieved as follows:
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1. to explore the design space by taking advantage of the repoafile target archi-
tecture

Different design techniques for mapping register bankseeislly the data register bank,
were presented, which include: (i) a straightforward magiased on CLB slice register
or RAM registers, and (ii) more advanced solutions using @@ Ks dedicated memory
resources, such as distributed and/or block RAMs. CLB bdatalregister bank demands
more area resources even for a small sized filter. The blodd RAsed register bank op-
timized the area resources but required an extra clock ¢gdiave data shift among the
cascaded block RAMs, which was not the case for a distribRi&ll based data regis-
ter bank. This extra clock cycle resulted in higher operptilock rate demands to meet
their output constraint. The pipelined configuration ofedaggister bank can operate at a
higher clock rate, but at the expense of increased latertoy.ifiserted pipeline registers
in the cascaded path were balanced by extra pipeline regtst¢h in the control and the
output data paths for the data register bank. The latencydwabled for the pipelined
block RAM based register bank as compared to the pipeliretdigited RAM based reg-
ister bank. The serial polyphase with parallel MAC apprdaas anN/M inputs MAC
unit. Two different MAC approaches i.e., adder tree anddigsarray approaches were
considered. The systolic array based MAC was modified wittt afpipeline registers to
match its operation with the outputs from the data regist@kbBoth of these approaches
used dedicated computational resources i.e., DSP48Es $ticenultipliers however, the
adder tree used CLB based adders, whereas the systolicagpagach used the adder
built-in the DSP48E slice. The systolic array based MAC haldock cycles higher
latency than the adder tree based MAC, but enhanced therspstdormance to achieve
higher operating clock rates.

2. to carry out mapping experiments in order to gain sufficieqpeziences to formu-
late a set of structured design guidelines

The experimentation and the step-wise refinements towdré\dng area, time, power,
and latency optimized solutions were presented as a desigrdfagram which actually
explored a design space. The design all started from a veiy staucture and its straight-
forward mapping, to more sophisticated structures withedalers and their optimized
mapping. It is always desirable to achieve optimal or neéinggl solutions. Sometimes
this may not be necessary due to loose constraints, baddesigtices, and often short
time to market that does not allow the designers to optiniizé twork. In such a case a
design space exploration will definitely help the desigondbtesee the performance of a
solution with different building blocks. The explored dgsispace shown in Fig. 2.12, is
of course a subset of the complete design space, but praviktf structural guidelines
to help the designers choose a solution for their SDR DFEjdesid architectures within
the given constraints of area, time, power, and latency.

The polyphase filter bank can embed rational sample rateecsion together with per-
forming down-conversion and channel filtering. This is ayveowerful feature of the
polyphase filter bank as with no extra processing load, iteféiciently achieve the tar-
get output sample rate and eliminate a the separate blockafople rate conversion.
The polyphase filter was analyzed in terms of five differenbedued resampling modes:
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Conclusion

(i) maximally decimated, (ii) under-decimated, (iii) ovéecimated, and combined up-
and down-sampling with (iv) single and (v) multiple stridengths of the commutator
that feeds the input data into the filter bank. These scenar@mapplicable to any rational
sampling rate change in a polyphase channelizer-based ®@bRend. A non-maximally
decimated polyphase filter, where the number of data loadswbequal to the number
of M subfilters, processed M subfilters in a time period thag @ither less than or greater
than the M data loads’ time period. Two different types ohétexcturesi.e., Load Process
Architecture and Runtime Architecture, based on load m®ead runtime scheduling
schemes, for the serial polyphase with parallel MAC stmectuere explored. The LPA
required a high clock rate to meet its output time constraifitich can be reduced by
using interlaced LPA scheduling. The RA, on the other haperated at a maximum
of double the input data rate (for the presented resampliegasios), which enabled
scheduling of subfilter processes along with the data l@gadidetailed analysis of LPA
and RA for the five embedded resampling cases in terms of tinea, and power were
carried out and showed that RA was superior to LPA in reducpeyating clock rates and
dynamic power. RA was also superior in reducing area regsyexcept when address
indices for subfilters were pre-stored in the LUT. RA wasHertoptimized by using a
systolic array of DSP48E (dedicated computational ressuan Xilinx FPGAS) slices
based MAC and a pipelined configuration of cascaded disgtbRAM based register
bank to achieve the high operating clock rates up to 500 MHz.

An analysis was performed for the latency and throughputefexplored architectures.
The throughputs were constraint by the output sample ratesvoecame the same for all
architectures operating in same resampling scenario. AstiRned out to have lower
latency as compared to LPAs. This is due to the simultanesading and processing of
the input samples, rather than first load and process aftdrasin the case for LPAs.
In the beginning of our experimental process, we statedaldFO based tapped delay
line approach [88] for a decimator, using a serial polyptsgecture with parallel MAC
approach, is the most optimal solution. This solution, faaraple, has a latency of 12
cycles for a 16-tap filter which is partitioned into four sitiefis, which results in a 4-to-1
down-sampling. The same analysis for our design based damraiarchitecture results
in the same latency. However, our architecture can alsmparfational resampling for
other cases in addition to the maximally decimated systeiltwik only the case for the
first approach.

The DFT was analyzed by considering Radix-2 FFT (togethén s variant in terms
of number of butterflies being processed simultaneoushindFactor, and Winograd
Fourier Transform (WFT) algorithms. WFT has the lowest catafional complexity be-
cause of elimination of twiddle factors and complex muiéfs. The DSE for a 40-point
transform being mapped as a 5x8 WFT was carried out to expldyeparallel, partially
parallel, and sequential designs with different scheduichemes. The corresponding
trade-off between the area resources used and the reqlocdrates was presented.

Based on our work in [A] to [F], we conclude that the polyphéiter bank engines
are the most desired choice for SDR DFE and that they can loeeetly implemented on
a reconfigurable platform with minimized area, time, oparatlock speed, latency, and
power parameters. The explored solution space not onlepteslifferent architectures
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based on different scheduling schemes, but also gives dedkitasight into the selection
and the performance criteria for their building blocks. Tihteraction of these build-
ing blocks with different configurations and the resultingput performances are highly
recommended for the designers which will help them to plandysstem resources for
a desired constraint and performance implementation,ghuisig design time and cost.
These design customizations resulted in wide range of tipgrelock rate performance
from 200 MHz to 500 MHz (for the investigated platform i.e.ilix Virtex-5). A set
of detailed structural guidelines based on our exploredt&wsl space were presented in
chapter 2. We believe that some, if not all of them, will deétyi be helpful for any spe-
cific scenario. Furthermore, with the experimentation wdgreed, we conclude that
RA with distributed RAM pipelined register bank, distribdtRAM or pipelined block
RAM based coefficient bank, and a systolic array of DSP48tfeslbased MAC is a pre-
ferred choice for an enhanced performance and reduceatjesefution for SDR digital
front-ends.

Although the Runtime Architecture has proven to be a lowneyeand high performance
solution among the presented solutions as it supersedé®im terms of reduced area
(except where subfilter indices are pre-stored in LUTSs)etimperating clock rate, dy-
namic power, and of course latency, but it still has someddisatages:

1. It has a simple state machine but a non-trivial complata&heduling that inter-
laces the processing of data loaded and non-data loadettensbfit is sometimes
difficult to calculate on-the-fly the next indices for datetled or non data-loaded
subfilter processing. The easy and the recommended solsttorstore these in-
dices in LUTSs, which requires a bit of extra area resources.

2. Because of interlaced processing of data loaded and ataia@hded subfilters, the
processed outputs are reordered. This does not affect sieefoasingle channel
extraction because all the subfilters’ outputs are simptieddy an M-input adder.
However, it does have an affect for the case of multi-chaer&hction where an
M-point FFT is used.

Normally, FFT is performed on an incoming stream of data Whségprocessed in blocks
according to the transform size. Two approaches can be oseahtel this reordering
process, (i) either wait for all the subfilters’ outputs ahdrt deliver them to the FFT
processing in their natural order or (ii) modify the FFT pges to compensate for this
reordering. The first approach has the advantages of usingxisting FFT processing
cores from various vendors, but it will add delay (latenay) the complete processing.
This latency is highly dependent on the number of subfilteth®transform size, which
may not be desired for low latency solutions. The secondasgmtr of customized FFT
processing according to the reordered indices offers thaigo with no added latency,
but requires extra effort to do so.

On the other hand, the interlaced load process schedulaedae the operating clock
rates of load process scheduler to the operating clock cdtesmtime scheduler, having
a simple scheduler but a non-trivial complicated state mechnd with a larger latency.
However, in this case, the processed outputs are not remtded can be directly fed to
the FFT processing. The low latency achieved by the runtcheduler may not be true
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Conclusion

when combined together with FFT processing, unless FFTegsieg is customized.

Finally, based on the explored solution space, and ar¢hitaesigns to achieve Area,
Time, operating clock Speed, Latency, and Power optiminkdisns for polyphase filter
banks, we conclude the thesis presented in section 1.8 tirygsta

Yes, its possible to design polyphase filter bank engine(sigorming multiple func-

tions for a SDR DFE while achieving cost effective mapping toeconfigurable plat-
form in terms of Area, Time, operating clock Speed, and Poweconsumptions, uti-
lizing the presented explored design trade-offs.

The architectural designs for a polyphase filter bank pteskeim this dissertation are
not limited to only SDR DFE, but they can also be used anywhetgphase filter bank
are employed.

We have explored the solution space and believe that it wilhélpful for designers to

obtain resource optimized architectures for SDR digitahfrends; there is always room
for further optimizations and exploring the solution spagen more, which will be dis-

cussed next.

Future Work:

The future work can be of manyfold; either by further optiatians in the already ex-
plored solutions or by finding new ways and methods to achieseurce optimized ar-
chitectures for SDR digital front-ends. Every solution fta®wn advantages and disad-
vantages, but sometimes these advantages may not nelydssdeneficial to the overall
system design.

1. It is seen from our experiments and findings that desigaidgta register bank,
which is a two dimensional memory structure, is a challeggask. The cascaded
structure of memories (either distributed or blocks RAMsially showed limited
performance because of their intra-connections, whichlatas optimized by uti-
lizing pipeline structures. A new memory structure is sigjge as a future work
to explore, where all the memories have a common input sdtikgtare no longer
in cascade but now are independent of each other. Becaubis dfidependency,
each memory (representing a subfilter’s tap) has to hold ta@aony contents of
all the preceding memories. So the memory’s depth will n@é&rbe the same but
will become a multiple of the total number of subfilters. Fustance, for a 20-tap
filter partitioned into 5 subfilters each with 4 taps, the nesanmory structure (for a
maximally decimated system) has 3 independent memoriésteading a depth of
multiple of five, as shown in Fig. 4.1.

Furthermore the memaories for this structure need "reatHfiede” for their write
operation so that the previous data can be extracted foepsaty before storing
the new data in the same address location. Each of these mbamwit own address
generator to write and read the memory according to the sensfibperation. For
a maximally decimated system, the addresses for indivichegthories are modulo
of multiples of 5, which are listed in Table 4.1.
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Figure 4.1: a) Two loading sequences for a 5-path maximatirdated system, b) pro-

posed independent memory structure for data register bank.

Table 4.1: Address sequences for 5-path polyphase filtaratipg as a maximally deci-
mated system, for the first 15 input data samples.

Data Input sl s2 s3 s4
n+0 n+0 @Addr: 0 @Addr: 0 @Addr: 0
Rd: 0, Wr: n+0 Rd: 0, Wr: n+0 Rd: 0, Wr: n+0
n+4 n+4 @Addr: 4 @Addr: 4 @Addr: 4
Rd:0, Wr: n+4 Rd: 0, Wr: n+4 Rd: 0, Wr: n+4
n+5 n+5 @Addr: 0 @Addr: 5 @Addr: 5
Rd:n+0, Wr: n+5 Rd: 0, Wr: n+5 Rd: 0, Wr: n+5
n+9 n+9 @Addr: 4 @Addr: 9 @Addr: 9
Rd:n+4, Wr: n+9 Rd: 0, Wr: n+9 Rd: 0, Wr: n+9
n+10 n+10 @Addr: 0 @Addr: 0 @Addr: 10
Rd:n+5, Wr: n+10 Rd:n+0, Wr: n+10 Rd:0, Wr: n+10
n+14 n+14 @Addr: 4 @Addr: 4 @Addr: 14
Rd: 0, Wr: n+14

Rd:n+9, Wr: n+14 Rd:n+4, Wr: n+14
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Conclusion

The above structure can be further extended for non-makirdacimated sys-
tems. The address generators (for each memory) act as mgtedreel to pro-
cess the subfilters for the desired embedded resamplingy fadte advantages of
eliminating the cascaded memory inter-connections, naswvtiha disadvantage of
having deep memories and separate address generatorswitiiobquire more
area resources. Furthermore, this new memory scheme ney #fé performance
with the increased number of individual memories (représgnV/M taps) due
to the fan-out conditions. This may be overcome by pipelppreaches but at an
expense of extra area resources and latency.

. The explored solution space was targeted for a specifinxXXdlatform. This so-

lution can be extended to other reconfigurable platforms. (éltera) to have a
comparative analysis of resources and performances. ficglar, the performance
and resource usage may be affected by the re-mapping ofrceparations onto
the dedicated internal resources of the FPGA (e.g. DSP4&tkblin Xilinx FP-
GAs vs. DSP blocks in Altera FPGAS).

. The architectures presented for the polyphase filter kesyecially the one oper-

ating in non-maximally decimated modes) can be used to makelntellectual
Property cores which should be considered in a future apprisa FPGA-based
solutions.
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1 Motivation

Abstract

This paper presents efficient processing engines for Saftivefined Radio (SDR)
front-ends. These engines use a polyphase channelizerliitragy sample rate
changes, frequency selection, and bandwidth control. gdper presents abf-path
polyphase filter bank based on a modifidt-path polyphase filter. Such a system
allows resampling by arbitrary ratios while performing &aand aliasing from center
frequencies at Nyquist zones that are not multiples of thpuiisample rate. This re-
sampling technique is based on sliding cyclic data loadaating with cyclic-shifted
coefficients. A non-maximally-decimated polyphase filtank (where the number
of data loads is not equal to the number\df subfilters) processe®d! subfiltersin a
time period that is less or greater than fhe data loads. A polyphase filter bank with
five different resampling modes is used as a case study foeddelol resampling in
SDR front-ends. These modes are i) maximally decimatednider-decimated, iii)
over-decimated, and combined up- and down-sampling wjtkingle stride length,
and v) multiple stride lengths. These modes can be used tevachny required ra-
tional sampling rate change in an SDR front-end based onyplpate channelizer.
They can also be used for translation to and from arbitranyecdrequencies that are
unrelated to the output sample rates.

1 Motivation

There are several generations of architectures for digidib transceivers. A base sta-
tion in a cellular mobile communication system is an exangpke multichannel radio re-
ceiver that simultaneously down-converts and demodutse®wband radio frequency
(RF) channels [1] [2]. Traditional heterodyne architeeturonsidered the first genera-
tion of digital radio architecture, is shown in Fig. 1a for Airchannel receiver. Each
sub-receiver consists of a dual-stage down-converterpahdthe baseband processing
is done in the digital domain [2]. In the first stage, the RFalgs down-converted to
bandlimited intermediate frequency (IF). In the secondestéhe IF filter output is again
down-converted to baseband by a matched-quadrature raix@matched baseband fil-
ters that perform final bandwidth control. Next, the sigredges into the digital domain
where the output of the analog-to-digital converter (ADEpiocessed by digital signal
processing (DSP) engines. These engines perform the eelchéiseband processing, that
is, synchronization, equalization, demodulation, déd@ctand decoding. The problem
with this type of architecture is that amplitude and phageimxbalanced. This results
in cross-talk between the narrowband channels due to atjimg,(temperature) of the
analog components of the quadrature down-converter. Eabhlance-related spectral
image must be lower than the desired spectral term, andgh#ficult to sustain over
time and at variating temperature.

The need for extreme I/Q balance gave rise to the next géme@ftradios where second-
stage (IF) down-conversion and, consequently, the chiematiein process are digitized,
as shown in Fig. 1b. Digital conversion at IF provides greatatrol over the imbalance
by manipulating the number of bits involved in the arithroetperation. The precision
of the coefficients used in the filtering process sets an uppéifor spectral artifacts at
—5 dB/bit. This means that2-bit arithmetic can achieve image levels belex§0 dB [2].

The DSP based complex down-conversion, however, has twangayes: i) the spectral
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Figure 1: (a) First generation of digital radio architeetéor anN-channel receiver, and
(b) Second generation of digital radio architecture fonN&channel receiver.

images are controlled so that they are below the quantizatidse floor of the ADC in-
volved in the conversion process, and ii) the digital filleesore and after the mixers are
designed to have linear phase characteristics [2]. Thenskegeneration of radio, with
digital front-end, is a realizable version of SDR. The ran§@applications for second-
generation architecture shown in Fig. 1b is restricted ¢ésé¢hwith IF center frequencies
of a couple of hundred megahertz. This is due to the limitethdyic range of high-speed
ADCs. The dynamic range is often extended by using a hybhdmse in which the ini-
tial complex down-conversion is performed by analog I/Q ené and channelization is
performed digitally after the ADC. DSP techniques are aggptb the digitized I/Q data
to balance the gain and phase offsets in the analog ADC [3].

A digital front-end with standard design that includes freqcy selection, bandwidth
reduction, and sample rate reduction is one of the most p@mertime-critical function-
alities of an SDR terminal. This is due to the large bandwatit high dynamic range
of the signal to be processed. Consequently, the digitalatigmay have high sample
rates and large word lengths. High sample rates not onlgasa power consumption but
also make the use of time-shared hardware infeasible [4]th@mther hand, multirate
signal processing specifies new ways of performing DSP tasid these ways are not
normally available in traditional DSP designs. A multirgi@lyphase filter can perform
the tasks of a multichannel receiver. In such a multicharewsiver, an input signal com-
posed of many equal-bandwidth, equally spaced frequensi@h-multiplexed (FDM)
channels which are digitally down-converted to basebaaddividth is constrained by
digital filters) and subjected to a sample rate reductionroensurate with the bandwidth
reduction. This significantly reduces the amount of systesources required to perform
multichannel processing and, consequently, costs [2] [3].

The remainder of this paper is organized as follows: In seac®, we briefly introduce

a polyphase channelizer and describe how it is formulatad ft conventional channel-
izer. In section 3, we categorize the embedded resamplsgsqaresented in [5] into five
different resampling cases: maximally decimated, undeirdated, over-decimated, and
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combined up- and down-sampled with single and multiple comamor stride lengths.
In section 4, we perform MatLab simulations to analyze thégumance of polyphase
channelizers that are delivering the targeted output samapés. Section 5 concludes the
paper.

2 Introduction

A multirate polyphase filter can perform the tasks of a mhlitnel receiver. These tasks
are equivalent to down-conversion, filtering, and resangpdif multiple narrowband sig-
nals [5]. The step-by-step conversion of a standard siolgéeinel demodulator into a
multichannel polyphase channelizer is described in [2] [@hd A brief introduction is
given here. In the standard single-channel demodulatioogss, shown in Fig. 2a, the
carrier-centered spectrum is translated to baseband éeHéter reduces the bandwidth),
and a resampler reduces the sample rate in proportion tcathewbdth reduction. Stan-
dard single-channel demodulation is described by Eq. 1 and2Ewherez(n) is the
carrier-centered input signdl, is carrier angular frequency faf" channel(n) is the
baseband filter, angi(n, k) is the output baseband signal fg* channel.

y(n, k) = [x(n)e™""] x h(n) 1)
y(n, k) = z_: z(n —r)e 10 p(r) (2)
r=0

According to the Equivalency Theorem [3], down-converdafowed by baseband fil-
tering can be reordered so that filtering at the carrier acfiwst, followed by down-
conversion. This is the opposite of the traditional chaizaéibn process. Fig. 2b shows
this reordered operation, which is also described by

N-1

y(n, k) — ¢ J0kn Z w(n _ T)h(’l“)e_jTe’“ 3)

r=0

To reduce the work involved in down-converting and thenaliding the samples during
resampling, the heterodyne and down-sampler are reordanedonly retained samples
are down-converted, as shown in Fig. 2c. In this case, tlypiéecy of the heterodyne at
the reduced sample rate 40, rad/sample rather than the original frequencypf If
the center frequenday; is a multiple of the output sample rate /M, that is, k(27 /M),
then the center frequency is aliasedtoy A/ -to-1 resampling. Under this condition, the
down-sampled heterodyne defaults to unity and can be disdaas shown in Fig. 2d.

For the computed output for each inpdt, — 1 of these computed output samples are
discarded by the down-sampler. To reduce this workload:gbampling and the filtering
operations are reordered so that one output is computedédoy &/ input sample. This

is achieved by applying the Noble identity [3], which statest a filter processing every
My, input sample followed by an outpit -to-1 down-sampler is equivalent to an input
M-to-1 down-sampler followed by a filter processing every input gkem The original
up-converted filter is partitioned td/ subfilters that operate at the reduced output rate

75



Paper A

-8

e Digital Digital e
Lowpass filter band-pass filter
& A o
X(n) YnK) y(nmk)  X(n) Y(nK) V(ML)
(a) (b)
Digital & IM8n Digital
band-pass filter band-pass filter
gl )| n T W
(c) (d)
Polyphase ejgk(zmM) Polyphase
Partition Partition y(nM,0)
’
it
y(nM,1)
X0) e P LMD ) ST | yom2)
N,
[ ] i e

|
|
M-1)k(2T/M) |
e |

FDM: Frequency Division Multiplexing

FFT: Fast Fourier Transform
Figure 2: Transformation of a standard single-channelcblirer into a polyphase chan-
nelizer with M channels: (a) heterodyning, filtering, andvdesampling for a standard
channelizer, (b) reordered channelizer using Equival@igorem, (c) reordering of the
resampler, (d) down-converter with center frequency at Hiphel of output sample rate
aliases to baseband by M-to-1 down-sampling, (e) singéexehl polyphase channelizer,
and (f) polyphase channelizer for M channels.

rather than the original input rate. Eq. 4, 5 and 6 describarthpping of the filter's Z-
transform at the input rate to a sum of Z-transform at the wiutpte. The phase rotators
in each subfilter are constant for that subfilter. Fig. 2e shitve block diagram for Eq. 6.
The output resampler is pulled to the input side of each fitege by applying the Noble
identity. The input delay elements and the resampler atstage are replaced by a rotary
switch called a commutator.

N-1

G(2) =Y h(n)el¥knz=" (4)

n=0
M—17r—1

= Z Z h(r+nM)ej?V_}rk(T+”M)Z7(T+”M) (5)
r=0 n=0
M—1 w1

= > 27N N h(r + M)z M (6)
r=0 n=0

In the final step of forming the polyphase filter bank, the sarmied by the phase rotators
is one output port of a Discrete Fourier Transform (DFT). THel can be implemented

as a Fast Fourier Transform (FFT) to extract time samplesofi @arrowband process
located at multiples of the output sample rate (that has béased to baseband by the
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resampler) [5]. This is shown in Fig. 2f and given by

M—-1

y(nM, k) = yo(ndM)eSFH (7)
r=0

The relationship between the sampling frequency, champaalisg, and number of chan-
nels for the polyphase channelizer is

wheref; is the input sampling frequencl) is number of channels (FFT size), which is
the same a8/ here, and\ f is the inter-channel spacing [3].

The polyphase filter channelizer uses the inpiHto-1 resampling to alias the spectral
terms residing at multiples of the output sample rate to leaseé. This means that for a
standard polyphase channelizer procesgifignput samples at a time, the output sam-
ple rate is the same as the channel spacing. When operatihigimode, the system is
a maximally decimated filter bank. We experimented with pbse filter banks using
embedded resampling and here present under-decimateejesienated, and combined
up- and down-sampling (for single and multiple commutatdds lengths) modes.

3 Non-Maximally Decimated Filter Bank

We have briefly presented the polyphase filter bank chareretiavhich the output sam-

ple rate is the same as the channel spacing. However, ingegaah output sample rate
that is different than the channel spacing is often requifedincouple the output sample
rate from the channel spacing, a straightforward approa¢b resample each channel
with P/Q resamplers [5]. By changing the values®fandQ, the required sample rate
can be obtained. An alternative is to embed the resamplioggss in i) the polyphase

commutator, that is, in the interaction between input daggsters and the polyphase co-
efficients, and ii) the interaction between the polyphageuts and the FFT input. This

alternative only requires a state machine to schedule tagsictions, and there is no com-
putational cost.

Two schemes [5] for these interactions are i) serpentiniirgpithe input data that in-
teracts with a fixed set of coefficients and circular buffgtime filtered data prior to FFT,
and ii) sliding the cyclic data-load that interacts with lig«shifted coefficient memory.
In the serpentine shift and circular buffering scheme, putidlata set (not equal ) is
always fed to the same registers, and the polyphase subbkdficients are fixed. Let us
consider a single-tapped delay line where all the data issshéwrther to the right before
the next input data set is loaded. The data is moved by an sslécal in length to
the next input data set. By folding this one-dimensionap&pdelay line into the two-
dimensional memory of the polyphase filter, the data movesisrpentine shift between
the columns. Because this non-equdlinput data set is loaded, the data time-origin
moves with respect to the FFT time-origin. To keep these trigires aligned, the com-
puted output of the polyphase filter is circular-shifted bg tesidue address of the data
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time-origin modM before the FFT is performed. In the sliding cyclic data-leand
cyclic shift of the coefficient memory scheme, the data tegssare fixed instead of be-
ing cycled, and the coefficient sets are rotated. The inpta dafed as sliding cyclic
load by the input commutator to a fixed set of registers, aadtibfilter coefficients are
cyclic-shifted by the same residue address of the data oinggn mod M before FFT is
performed. Taking individual subfilters into account, thstfscheme seems to require
more read and write operations to synthesize the serpedétzeshift, which is rather
achieved by circular wrapping of block memory (an addresdrobtask). In the second
scheme, only the loading subfilter gets a data shift.

2.5 MHz
pa

(MHz)

Figure 3: A30 MHz FDM signal with5 channels separated ByMHz center frequencies.
Each channel hasa5 MHz symbol rate shaped by a square root Nyquist filter Ritto
excess bandwidth.

To demonstrate the embedded resampling, we now descrileséneple shown in Fig. 3.

A system ha$ channels separated ByMHz center frequencies. Each channel h&ssa
MHz symbol rate shaped by a square root Nyquist filter (witPo28xcess bandwidth)
to form a30 MHz FDM channel. To satisfy the Nyquist criteria at the outpample
rate, the output sample rate must be greater than the octop#nnel bandwidth. The
occupied channel bandwidth 8fMHz (symbol rate plus excess bandwidth) is selected
to be smaller than the channel bandwidth6ofiHz to allow down-sampling by large
factors within the channelizer. The down-sample chaneelises a80-tap prototype
low-pass filter with aroun@d0 dB side-lobe attenuation that is partitioned int6-path
polyphase filter with6-tap subfilters. Both the data bank and filter coefficient barek
two-dimensional memories &frows ands columns, and each row corresponds to a sub-
filter. According to Eg. 8, the output sample rate for the medly decimated system
become$ MHz, which is the same as the channel spacing. Four othemgsey factors
are also introduced, and two of these have an embedded ygisgrfactor of two. So,

in total, these five resampling factors &re3, 6, 5/2, and15/2, delivering output sample
rates of6, 10, 5, 12 and4 MHz respectively. These correspond to maximally decimated
under-decimated, over-decimated, and combined up- and-damwple cases. Each of
these cases will be presented for the sliding cyclic datd el cyclic shift of the coeffi-
cient memory scheme.

Case 1: Maximally-Decimated Mode

In a maximally decimated system, data is loaded in stridgtlenof5 mod5, and a com-
puted output sample hassao-1 down-sampling. Fig. 4a shows the data loading process
for the two outputs. The subfilter’'s data register and cadefits are denote® andC,
respectively. In all the data loads, data loading startsifsabfilter R4 up to R0, and

the loaded subfilter’'s tapped delay line is pushed one tapdaoight before a new data
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Figure 4: Data loading processes for a 5-path polyphasegitgorming (a) 5-to-1 down-
sampling (case 1), (b) 3-to-1 down-sampling (case 2), {or6-down-sampling (case 3),
(d) 5/2 down-sampling (case 4), and (e) 15/2 down-samptingd 5).

element is loaded. For every computed output, all the satsitire fed with input data.
Because there is no residue (non-loaded subfilter), theme isffset between the data
time-origin and the FFT time-origin. The subfilters’ coeiffiats are therefore fixed from
C0to C4. There is only one state machine where ihgoint data-loading of the register
bank always performs an inner product with the fixed set ofisebcoefficients. Table 1
shows the register loading sequence and correspondindisthitoefficients.

State | Loading Sequence Filter Coefficients
0 R4 R3 R2 R1 RO | CO C1 C2 C3 C4

Table 1: Register loading sequence and correspondingteubiiloefficients for &-path
maximally decimated system

Case 2: Under-Decimated Mode

In a non-maximally decimated (under-decimated) systena iddoaded in stride lengths
of 3 mod5, and a computed output sample has@-1 down-sampling within &-stage
polyphase filter. The least common multiple (LCM)3&nd5 is 15, which means that
the state engine cycles s inputs, and becauskpoint data is delivered at a time, there
must be 5 distinct states in the state machine. Fig. 4b shwsvddta-loading processes
for the first two states.

In the first state, data loading starts from subfil& up to R0; and in the second state,
data loading starts fron®4 to R2 and so on for the five distinct states. Consequently,
there is a residue df for each data-loading operation. To align the data timghonivith

the FFT time-origin, the subfilter coefficients are cycligfed by the residue address of
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the data time-origin mod. The time-origin that is being cyclically shifted is alsoripe
odic in the LCM of3 and5. Thus, the cyclic shift of the polyphase subfilter coeffitgen
has the same period as the data register load and is codtbyllihe same state machine.
The data-loading sequence is always to the Baxigisters that have indexing of méd
which means that the next register to accept data when mdrong state0 to statel

is (R0)-1, which is actuallyR4. Similarly, the filter coefficients assigned to perform the
inner products with the registers are always offsetod5 relative to the previous filter
set. Table 2 shows the state machine for register-loadidgaaefficients of each corre-
sponding subfilter for performingrto-1 down-sampling in &-stage polyphase filter.

State | Loading Sequence| Filter Coefficients
0 R2 R1 RO CoC1 C2(C3 C4
1 R4 R3 R2 C3 C4 CO C1 C2
2 R1 RO R4 Cl1 C2 C3 C4 CO
3 R3 R2 R1 C4 CO C1 C2 C3
4 RO R4 R3 C2 C3 C4 C0O C1

Table 2: Register loading sequence and the correspondififsucoefficients foi3-to-1
sample rate change insapath polyphase filter.

Case 3: Over-Decimated Mode

In a non-maximally decimated (over-decimated) systenq talbaded in stride lengths
of 6 mod5, and a computed output sample has#®-1 down-sampling within &-stage
polyphase filter. The LCM o6 and5 is 30, which means that the state engine cycles in
30 inputs, and becaugkpoint data is delivered at a time, there mustlistinct states

in the state machine. Fig. 4c shows the data-loading presdssthe first two states.

In the first data load, loading starts from subfilt&®, R4 up to R0, and the second load
starts fromR4 up to RO and R4 again and so on for the distinct states. Consequently,
there is a residue af for each data-loading operation. To align the data timghonivith

the FFT time-origin, the subfilter coefficients are cycligfed by the residue address of
the data time-origin mod. Table 3 shows the state machine for register-loading aad th
corresponding coefficients for performidgto-1 down-sampling in a 5-stage polyphase
filter.

State Loading Sequence Filter Coefficients
0 RO R4 R3 R2 R1 RO | CO C1 C2 C3 C4
1 R4 R3 R2 R1 RO R4 | C1 C2 C3 C4 CO
2 R3 R2 R1 RO R4 R3 | C2 C3 C4 CO C1
3 R2 R1 RO R4 R3 R2 | C3 C4 C0 C1 C2
4 R1 RO R4 R3 R2 R1 | C4 C0O C1 C2 C3

Table 3: Register loading sequence and the correspondififsucoefficients fol6-to-1
sample rate change insapath polyphase filter.

Case 4: Combined Up- and Down-Sampling Mode (Single Stride)
In the previous three cases, down-sampling was performediffgrent factors. The
polyphase filter is also capable of embedding the up-samtotor with the down-
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3 Non-Maximally Decimated Filter Bank

sampling so that the sample rate change is rational. In &sis we up-sample by a factor
of 2 and then down-sample by a factor ®fto obtain a5/2 sample rate change. The
up-sampling (performed by zero-packing the input datagtisally achieved by data-load
addressing, in which one address is skipped solthat2 up-sampling can be realized.
Down-sampling is performed by cyclic-loading the data ¢zpacked) through the filter
in stride of lengtts. The two data-loading cycles forsd2 sample rate change inbapath
polyphase filter are shown in Fig. 4d.

In the first data load3 data samples are delivered to theegister addresses. In the
second load?2 data samples are delivered to theegister addresses. The data-loading
process is periodic i@t load cycles, and 2 states are needed to control the procass. T
data-loading process for thiestates and the corresponding coefficient sets are listed in
Table 4. In the2 statesp inputs are delivered, artloutputs from the polyphase engine
are taken to realize the desirg2 embedded resampling. The loading scheme has a con-
stant offset of~2 mod5 within a sequence and also in the transition between segsenc
The —2 offset is a result of thé-to-2 up-sampling, represented by the zero packing.

State | No. of Inputs | Loading Sequence Filter Coefficients
0 3 R4 R2 RO C0 C6 C2 C8 C4
1 2 R3 R1 C5 C1 C7 C3 C9

Table 4: Register loading sequence and the correspondbfiitsucoefficients fors/2
sample rate change insapath polyphase filter.

There are normally 5 subfilters in the polyphase partitiom 6fstage polyphase filter.
Because of thé-to-2 up-sampling implemented by the zero-packing, only halfabef-
ficients in each stage actually contribute to the subfiltéapo[5]. Thus, each stage is
further partitioned int@ subsets of coefficients, which resultslid subfilter coefficient
sets. These sets are denotet, C'1...C'9, where the integer is the starting index from
the original non-partitioned prototype filter. The sucaeséilter index increments bg
mod 10; and between the states, the filter index increments byod 10. The integer

6 is the offset between two data samples in the zero-packebitomvo adjacent rows.
Because of up-sampling by a factorfthe prototype filter has to be designed to operate
at2 x f,, thatis,60 MHz. Consequently, the filter becomes twice as long as tmelatal
design. However, because only half of it is used per proogssicle, there is no process-
ing penalty [5].

Case 5: Combined Up- and Down-Sampling Mode (Multiple Strigks)

The case is similar to case 4 but down-sampled by a factds o have al5/2 sample
rate change. Up-sampling is performed by data-load addgsshich skips the next
address, and down-sampling is performed by cyclic-loatheglata through the filter in
stride lengths ot 5. The two states of the loading cycle fbf/2 sample rate change in a
5-path polyphase filter are shown in Fig. 4e.

In the first data loadd data samples are delivered to theegister addresses. In the
second load7 data samples are delivered to theegister addresses. The data-loading
process is periodic ia load cycles, and states are needed to control the process. Table 5
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lists the data-loading process for thestates and the corresponding coefficient sets. In
the process]5-to-2 down-sampling is performed in &path polyphase filter. The fil-
ter down-converts the spectral regions from multiples'ofs (or 30/5 = 6 MHz) and
maintains a sample rate ¢f(2/15) (or 60/15 = 4 MHz).

State | No. of Inputs Loading Sequence Filter Coefficients
0 8 R4 R2 RO R3 R1 R4 R2 RO | CO C6 C2 C8 C4
1 7 R3 R1 R4 R2 RO R3 R1 C5 C1 C7 C3 C9

Table 5: Register loading sequence and the correspondiiiifsucoefficients forl5/2
sample rate change insapath polyphase filter.

4 Simulations

The MatLab simulations show the embedded sample rate chamge-path polyphase
filter and DFT operating as a 5-channel channelizer. The FDt signal ha$ chan-
nels which are each6-QAM modulated, and separated BYyMHz center frequencies.
The sample rate i80 MHz, and each channel ha2e&b MHz symbol rate shaped by a
square root Nyquist filter with 20% excess bandwidth. Thifgéefive channels, which
are occupied by 3 MHz bandwidth signals, are center@d@tand12 MHz. The remain-
ing two channels, centered-atl2 and—6 MHz, are intentionally kept empty. The input
signal spectrum comprisirigchannels a0 MHz is shown in Fig. 5a.

In a system operating in maximally decimated mode, the idlat# is channelized and
down-sampled-to-1 for an output rate o6 MHz. Each of thes polyphase filter stages
are6 taps long and are anchored to théput registers being fed by the periodic input
commutator. Fig. 5b shows the spectra of Shautput channels with an output rate ®f
MHz. In a system operating in under-decimated mode, the same data is channel-
ized and down-samplegito-1 for an output rate of0 MHz. Fig. 5¢ shows the spectra
of the 5 output channels witi0 MHz output rate. Similarly, in a system operating in
over-decimated mode, the same input data is channelized@md-sampled-to-1 for
an output rate ob MHz. Figure 5d shows the spectra of theutput channels witl?
MHz output rate.

In a system operating in combined up- and down-sampling mttgeinput spectrum

is channelized, up-sampled by a factoRpaind down-sampled by-to-1 and15-to-1 for
output rates of 2 MHz and4 MHz, respectively. Because of up-sampling by a factor of
2, there ard 0 polyphase filter coefficient stages each wittaps. The filters’ coefficients
are periodically rotated through tlénput registers (which have a periodic sliding input
commutator) according to the state machine described ilePalnd Table 5. The spec-
tral locations of the channels are reordered as a resuliaigsing the up-sampled data
in the polyphase filter [3] [5]. Th&-point FFT processes the polyphase data output fre-
quencies in the ordef[2, 4, 1, 3], which is seen to be indexing stride ®mod5. These
are reordered back to their natural order. Figs. 5e and 5f ¢he spectra of the 5 output
channels at2 MHz and4 MHz, which correspond t6/2 and15/2 sample rate changes,
respectively.
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5 Conclusion

Figure 5: (a) Input signal spectrum with 5 channels3diHz bandwidth ands MHz
channel spacing &0 MHz sample rate. The spectra of the 5 output channels aré (b)
MHz for 5-to-1 down-sampling, ()0 MHz for 3-to-1 down-sampling, (d» MHz for 6-
to-1 down-sampling, (€)2 MHz for 5/2 resampling, and (£ MHz for 15/2 resampling.

The simulations show that embedded sample rate changesecancbessfully imple-
mented in a polyphase channelizer. All the output chanrele60 dB of spectral side-
lobe attenuation, selected by the prototype low-pass.filiee processing engines used in
all the 5 cases are identical except that each has diffetaetmachines, register loading
schemes, and subfilter coefficient sets.

5 Conclusion

In this paper, we have shown the versatility of a polyphag@ethat performs embedded
resampling that is uncoupled from frequency selection ardtvidth control. Five em-
bedded resampling modes in polyphase filter banks are pezteamely; maximally dec-
imated, under-decimated, over-decimated, and combinedngpdown-sampling which
correspond to single, short, long, and multiple commutstiiade lengths. For various ap-
plications, these modes can be used for any required rasangling-rate change in an
SDR front-end using a polyphase channelizer. The suggexidds are highly useful dur-
ing the process of designing flexible and resource-optincaitectures for advanced soft-
ware radios. In a subsequent paper "Hardware Architectuggdysis of Polyphase Filter

83



Paper A

Banks Performing Embedded Resampling for Software Defiratldrront-Ends” [6],
we analyze FPGA based hardware architecture of these réagrepgines in terms of
area, time, and power tradeoffs.
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1 Introduction

Abstract

In this paper, we describe resource-efficient hardwareiteatbres for software
defined radio (SDR) front-ends. These architectures areemffitient by using a
polyphase channelizer that performs arbitrary sampleatseges, frequency selec-
tion, and bandwidth control. We discuss area, time, and poptmization for field
programmable gate array (FPGA) based architectures ifapath polyphase fil-
ter bank with modifiedV-path polyphase filter. Such systems allow resampling by
arbitrary ratios while simultaneously performing basabahasing from center fre-
guencies at Nyquist zones that are not multiples of the awgpmple rate. A non-
maximally decimated polyphase filter bank, where the nunobetata loads is not
equal to the number oM subfilters, processed? subfilters in a time period that
is either less than or greater than thé data-load’s time period. We present a load-
process architecture (LPA) and a runtime architecture ((Ra3ed on serial polyphase
structure) which have different scheduling. In LEX, subfilters are loaded, and then
M subfilters are processed at a clock rate that is a multiplesoiftput data rate. This
is necessary to meet the output time constraint of the dammpted data. In RAM
subfilters processes are efficiently scheduled wifNimata-load time while simulta-
neously loadingV subfilters. This requires reduced clock rates as compareBAo
and potentially less power is consumed. A polyphase filtekkihat uses different
resampling factors for maximally decimated, under-detétiaover-decimated, and
combined up- and down-sampled scenarios is used as a cdgeasid an analysis of
area, time, and power for their FPGA architectures is giVear.resource-optimized
SDR front-ends, RA is superior for reducing operating clatkes and dynamic power
consumption. RA is also superior for reducing area resayreecept when indices
are pre-stored in LUTs.

1 Introduction

Polyphase filter banks are versatile engines that perforbedaed resampling uncoupled
from frequency selection and bandwidth control [1], [2].aprevious paper "Polyphase
Filter Banks for Embedded Sample Rate Changes in DigitaldRant-Ends” [3], we
described the benefits of such a polyphase engine. Five eladedsampling approaches
were discussed: 1) maximally decimated, 2) under-decith&@gover-decimated, and
combined up- and down-sampling with 4) single and 5) muétigtride lengths of the
commutator (which feeds input data into the filter bank). Sehare efficient approaches
to rational resampling in polyphase filter banks becausestiseno computational cost,
and only a state machine is required to schedule the intersctPolyphase engines are
promising candidates for realizing software-defined rd@&DR) front-ends where em-
bedded sample rate changes are needed. This paper descelsssociated hardware
architecture designed to reduce area, time, and power ogtgn of such a polyphase
engines implemented on FPGA.

The hardware platform is the most prominent and challengamgponent of an SDR be-
cause it must provide massive computational power and flgyist the same time [4], [5].
An important semiconductor technology is the field prograahha gate array (FPGA). It
consists of a vast array of configurable logic blocks, mliéis, and memories, and it
allows a custom data path to be tailored to the applicatitvaatl. Parallel processing ca-
pabilities in an FPGA has made them the core processingeimgBDR applications. The
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rich architecture of FPGA with specialized functionaktilows a large design space. In
such a large design space, resource-optimized archiéscéwe highly desirable for im-
plementing SDR functions. In this paper, we describe an FPa@ged architecture for
polyphase filter banks that is optimized in terms of areagetiand power. A filter bank
performs rational sample rate changes together with fregueontrol and bandwidth re-
duction.

In section 2, we analyze five structures for the polyphaser fiianks in terms of re-
quired resources (referred to as resource complexity) pedating clock rates. From
these structures, we select the serial polyphase strustitirgarallel multiply and accu-
mulate (MAC) and explore its implementation options. Inteet3, the selected structure
is mapped onto the FPGA in two different implementation aeciures that are built on
different scheduling, denoted load-process architediLiPd), and runtime architecture
(RA). In section 4, we compare resource usages in the LPA a@ndaRants of the five
embedded resampling cases in terms of slice registers, Islikup tables (LUTS), and
dedicated resources as well as the operating clock ratesedtion 5, we analyze the
dynamic power consumed in the LPA and the RA variants of trerfssampling cases.
Section 6 concludes the paper.

2 Architecture Design

In this section, we analyze the architectures of the FPGAempntation of a polyphase
filter performing embedded sample rate changes. We do nowdisathe FFT part and
simply replace it with an\/-input adder, which represents the output of a channel cen-
tered at origin (channel 0). The main building blocks of aypblase filter are an/-path
polyphase lowpass filter and dd-input adder. The structural analysis of the polyphase
filter includes general, symmetric, and serial polyphasesires with serial and parallel
MACs.

The general M-path polyphase filter structure Adssubfilters of lengthV/M, where

N is the length of a non-partitioned lowpass filter. Each oféhsubfilters operates at
1/M times the input rate (Fig. 1a). In the symmetric structuine, symmetry property
of the coefficients in the subfilters is exploited, and thituees the number of subfilters
and commutator length td//2. The commutator moves in both the forward and reverse
feed directions (Fig. 1b), and the multipliers are sharedhgytwo subfilters [6]. The
adders can also be shared by using multiplexers and deptexkis to form an adder-
shared symmetric structure (Fig. 1c). In Afipath polyphase filter, only one subfilter
is processed at a time, and the remainidgl subfilters are idle. The serial polyphase
structure merges the subfilters’ data registers to form a-gafister bank and merges
the subfilters’ coefficients to form a coefficient bank. Théat register and coefficient
banks are addressed by a control sequence so that the datansegnd coefficients of the
desired subfilter can be selected to perform MAC operatidie MAC operations can
be performed in parallel or in serial such that a serial plohge structure with parallel
MAC (Fig. 1d) or serial MAC (Fig. 1e) is formed [7].

Table 1 shows the resource complexity in &frpath polyphase filter (each path with
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Figure 1: Polyphase filter structures: (a) general, (b) setnio) (c) adder-shared sym-
metric, (d) serial polyphase with parallel MAC, and (e) abpolyphase with serial MAC.

N/M taps) for a general polyphase structure (P1), symmetrictsire (P2), adder-shared
symmetric structure (P3), and serial polyphase structitteserial MAC (P4) and paral-
lel MAC (P5). It also shows the required operating clocksdte these structures (with fs
as the input rate). There is a trade-off between compledinel processing clock rates. A
serial polyphase filter with serial MAC has the least comipyebut demands a high clock
rate. A serial polyphase filter with parallel MAC has a slightigher complexity and
operates at a clock rate that corresponds to the input cliek Among all the solutions

which do not operate at a clock rate higher than the inpukalate, the P5 uses the least
resources.

Mults Adds Regs Mux Demux Process
Clock Rate
P1 N {(N/M) -1} M N 0 0 fo/M
P2 | N/2  {(N/M)-1}M N 0 0 2(fs/M)
P3| N/2 {(N/M)—-1}M/2 2N N — (M/2) M/2 2(fs/M)
P4 1 1 N+1 (N/M)+1 0 N(fs/M)
P5 | N/M (N/M) -1 N +2(N/M) N/M 0 fs

Table 1: Resource complexities and required process ctdek for anV/-path polyphase
filter with P1-P5 polyphase structures (wifhas the input rate).

A non-maximally decimated polyphase filter bank procedgesubfilters in a time period
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which is either less or greater than the data-load’s time period. The embedded resam-
pling in the polyphase filter banks requires architectunalges for the structures (Fig. 1)
to meet the output time constraint. These changes mainlly apphe structures which
are sharing resources (P2, P3, P4 and P5). P1 is a fully glesalltion and is not oper-
ationally affected in non-maximally decimated modes beeaach subfilter is operating
independently and M subfilters can be processed even fogkegiata input time period.
However, it does require some changes in its state machymem®tric structures are lim-
ited to cases with an even number of polyphase partitionsaicernse of filter symmetry
which is not the case for serial polyphase structures. hieeescribe the mapping of P5
onto the target platform - a Xilinx Virtex-5 FPGA (xc5vsx58if1136) [8]. A fixed-point
analysis has been used to determine the word lengths thatketization errors below
60 dB (commonly required).

There are a number of design options that correspond to tled &¢ FPGA resource
exploitation. The targeted polyphase filter used for the exhdled resampling cases [3]
has five paths each with six taps. A straightforward mappintp® corresponding P5
structure onto an FPGA, where all the filter coefficients dreldubfilters’ tapped delay
lines are implemented as combination logic blocks (CLBs3ults in relatively high us-
age of slice registers and LUTs. The implementation scatesilly with the filter size.
Today’s FPGAs have rich architectures with special memesgurces such as distributed
RAM and block RAM, high-performance computational resesrsuch as DSP48E slices
in addition to the basic CLBs. The DSP48E slice improvesfiiéiky, utilization, and ef-
ficiency of applications. It also reduces overall power econgtion, increases maximum
frequency, and reduces setup and clock-to-out time [9]. dffieient use of these ded-
icated resources creates a high-performance system wgthdpierating clock rates and
reduced CLB requirements.

The filter coefficient bank can be easily replaced by FPGAIbRAMSs to eliminate the
number of CLB resources; however, the polyphase-parétiadata bank (register bank)
is a bit critical because it has to shift the new data elemeithé respective subfilter’s
tap-delay line and having access to all the taps of that sebfit the same time. In a
maximally decimated system, where the down-sampling fastequal to the polyphase
partition, a first-in first-out (FIFO) can be used as delagdito derive the optimal archi-
tecture, as described in [9]. For non-maximally decimatesiesns, a two-dimensional
memory solution is required in which only the targeted stdsfitan be loaded with the
input data. Fig. 2 shows the resource usage when mapgingéaregister bank (witf32-

bit complex data) according to different design optionsdlatsée on the Virtex-5 FPGA.
The 5 x 6 register bank based on slice registers and LUTs @6@sslice registers and
389 LUTs. Each data register in the subfilters is replaced witlAdMFbased shift reg-
ister (SRL16 / SRL32 mode of the slice LUTs), and the numbeslioE registers and
LUTs usage becomdsand 389, respectively. This eliminates the need for slice regis-
ters, but the LUT usage remains unchanged. In Virtex-5, €dhhas64-bit distributed
RAM [8] that is bit-addressable. For32-bit data register32 CLBs are collectively used
as a singled2-bit register. The remaining3 bits in each CLB are unused. Distributed
memory is used so that ea6H-bit memory contributes one bit to32-bit data register
for 64 subfilters (only five are used). In this way, the memory tha praeviously used for
only one data register of a subfilter is now used for one dajfiater for all five subfilters.
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3 LPA and RA Scheduling

The resource usage forfax 6 register bank based on distributed RAM becormg?
slice registers antl92 LUTs. This eliminates the need for the decoder and multgriex
to select the desired subfilter’s data elements in the caaesbift-register based register
bank. The same concept can be applied to block RAM, which tetelyg eliminates the
CLB usage. Three block RAMs are used fds & 6 register bank, which corresponds to
2% utilization of block RAM resources for a Virtex-5.
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Figure 2: Resource usage foba 6 register bank by exploiting FPGA resources.

To use block RAM based register banks, an extra clock cyceieésled for each data load
and shift [10] because six block RAM82-bitx5) are cascaded to formiax 6 register
bank, and the data shift in the subfilters requires data tovaidasle from the preceding
memory. Therefore, one clock cycle is needed to read theifare) data elements in the
cascaded memories, and the next clock cycle loads the nevelieihent to the subfilter’s
data memory along with data shifting. It is because block RAMve synchronous read
and write operations. On the other hand, a distributed RAkkHaegister bank has no
extra clock cycle penalty for each data load and shift bez#usas asynchronous read
and synchronous write operations.

3 LPA and RA Scheduling

According to the polyphase channelizer configurations lfer gresented embedded re-
sampling factors [3], five polyphase subfilters need to begssed within the time pe-
riod of five, three, and six samples and within the time pedbdero-packed five and
15 samples. For the resampling cases, where the number ofadats-is less thad/
(the number of subfilters), it is not possible to process atiput sample rate of fs in a
serial polyphase structure with parallel MAC. Fig. 3 shotes time domain view of the
under-decimated case where 3-to-1 down-sampling is paddrin a5-path polyphase
filter. The five subfilters are to be processed within the timeqa of three data samples.

In [10], an LPA with block RAM based register bank for a polggsk filter bank operating
in under-decimated mode is described. This LPA runs at aehiglock rate and uses a
FIFO to interface with the input data at lower rate. Fig. 4whohis architecture with

an output accumulator instead of an FFT to represent thenethat baseband. In the
load phase, the data elements are taken from the input FIEQoaded into the subfil-

ters as directed by the data pointer. In the processing pbasficient and data pointers
with embedded shifts select the coefficient and data mentenyents in order to perform
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Figure 3: Under-decimated case whéro-1 down sampling is performed in &path
polyphase filter. The five subfilters are to be processed nvithe time period of three
data samples.

MAC operations. The multipliers are based on DSP48E slidesreas the additions are
performed using a CLB-based adder tree network.
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Figure 4: LPA with block RAM based register bank for a polypadilter operating in
under-decimated mode and with a clock rate higher than the thata rate.

The LPAs for the five embedded resampling cases [3] are bastr@rchitecture shown
in Fig. 4 according to the number of subfilters (five), numbiesubfilter taps (six), and

corresponding data loading and filter coefficient sequenths register and coefficient
banks are based on block RAMs. Table 2 shows the operating ctes for the designed
LPAs. These clock rates meet the output time constraintssfive different cases, with-
out overflowing the input FIFO. Cases 4 and 5 have two diffelead times because two
different numbers of data inputs are loaded, as shown ireTabhd Table 5 in [3].

Case| OutputTime | Required Clock Rate | Load Process
Constraint Frequency Time Period Time Time
(ns) (MHz) (ns) (ns) (ns)
1 166.6 5¢ 6.66 113.3 53.3
2 100 6x 5.55 55.6 44.4
3 200 4 8.33 133.3 67.7
4 83.5 > 4.76 57.2,33.4 38
5 250 4 8.33 199.9, 166.7 66.7

Table 2: Required operating clock rates for the five embeddedmpling cases in a
polyphase filter with block RAM based register bank.
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3 LPA and RA Scheduling

The loading of LPA data from the input FIFO into the registank is controlled by the
FIFO empty flag, so the loading process may need to wait fow#tid data sample in
the FIFO. The loading time shown in Table 2 incorporateswaging time. From Ta-
ble 2, on average, approximat&i§% of the loading time is used for loading the register
bank. This eventually requires high operating clock ratesrider to process the loaded
data within the output time constraints. Although block Ré&lb not require CLBs, the
synchronous write and read operations require two cloclesyfor loading and shifting
the input data. Thus, the clock rates must be increased. @utliter hand, the distributed
RAM based register bank has asynchronous read operatioardayndequires one clock
cycle for loading and shifting. Therefore, the overall doate is reduced, but CLB re-
sources are now required.

In the LPA with distributed RAM based register bank, the ot bank is based on
block RAM which requires the coefficient pointer to be oneckloycle ahead of the data
pointer that drives the distributed RAM based register bahte operating clock rates
for the LPA using distributed RAM based register bank atedisn Table 3. These clock
rates meet the output time constraints of the five differases, without overflowing the
input FIFO.

Case| OutputTime | Required Clock Rate | Load Process
Constraint Frequency Time Period Time Time
(ns) (MHz) (ns) (ns) (ns)

1 166.6 A 8.33 100 66.6

2 100 5x 6.66 53.4,40.1 53.3

3 200 X 11.11 100, 122.2 88.8

4 83.5 6x 5.55 50, 27.9 44.4

5 250 X 11.11 177.8,144.5 88.8

Table 3: Required operating clock rates for the five embeddedmpling cases in a
polyphase filter with distributed RAM based register bank.

From Table 2 and Table 3, it can be seen that using distrilRiéed based register banks,
instead of block RAM based register banks, reduces thenmedjaperating clock rates for
the LPA by approximatel0%. High clock rates for LPA may limit the polyphase filter
design to a lower input sample rate because the technolagfipph has limited ability
to achieve high operating clock rates. To overcome the higtkaate demands of the
LPA, we introduce the runtime architecture (RA), which raha maximum of double the
input data rate for the five cases. At double the input datg itafficiently schedules the
processes af/ subfilters withinV data load times while simultaneously loadiNgsub-
filters. It uses a distributed RAM based register bank anal elisninates the input FIFO
for bridging the input data rate with the high processingkloate. The RA resembles
the LPA (Fig. 4) but has a different configuration of disttidstiRAM based register bank,
lacks FIFO, and has a run-time scheduling instead of a lsadess scheduling. Here we
present the scheduling schemes for the RA for the five emiok@dampling cases [3].

Case 1:
Fig. 4a [3] shows the first two loading cycles for the maxipalécimated system. The
timing diagram for these cycles (Fig. 5) shows the schedudirthe filter operations and
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input data loading at the input rate. The parallel multigliend adder tree take four clock
cycles to generate the subfilters’ MAC output, which arehfertaccumulated over five
MAC outputs to get the output of the polyphase filter (chaiel
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Figure 5: Scheduling of the filter operations (at input choaikd input data loading in a
maximally decimated system (case 1).

Case 2:

Fig. 4b [3] shows the first two loading cycles for the undecid®ted system. The timing
diagram for these cycles (Fig. 6) shows the scheduling ofiltiee operations and input
data loading at double the input rate.

The first cycle of the doubled-rate X2 clock processes the targeted (data-loaded) sub-
filter while the second cycle of thex2clock processes the subfilter that is not targeted.
The three input data periods have six periods »f@ock that (for the first load cycle)
schedule the processing of the non-targeted subfilters 3% by interlacing with the
processing of the targeted subfilters [R2, R1, RO]. The sixttrlock cycle is not used
because a new data sample has not yet arrived. The parallighlrets and adder tree
take four cycles of 2 clock to generate the subfilters’ MAC output, which is furthe-
cumulated over five MAC outputs to obtain the output of theypbhse filter.

Case 3:

Fig. 4c [3] shows the first two loading cycles for the overideted system. The tim-
ing diagram for these cycles (Fig. 7) shows the schedulintheffilter operations and
input data loading at the input rate. The loading and filtexcpssing is the same as that
described in case 1, but six input data samples are loadedahef five, and the accumu-
lation process is modified. The RO subfilter in the first loadleyccepts two data loads
and is processed separately. Only the second processead tartthe subfilter (which is
loaded twice) contributes to the final accumulation. Thisosel processed output for RO
subfilter also has the contribution from the first loaded dataple, so the MAC outputs
fromn + 1 ton + 5 are accumulated for the final output.
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Figure 6: Scheduling of filter operations (ak Zlock) and input data loading for an
under-decimated system (case 2).

|e — - 1¥Dataload — — — —>|H 2™ Data Load H

Data SN
il ) 0 0 ) ) ) o o S
oas 1
clk
R2
sub-filter | |
write [
sub-filter ; e
addr_ptr CLX
sub-filter b C_2
coeff —
e )
ACC Y1 Yoe2 Yrva
Output i

ACC: accumulate
MAC: multiply-and-accumulate

Figure 7: Scheduling of the filter operations (at input chomfkd input data loading for an
over-decimated system (case3).

95



Paper B

Case 4:

Fig. 4d [3] shows the two loading cycles for the system upsdachby two and down-
sampled by five. The timing diagram for these cycles (Figh®yss the scheduling of the
filter operations and the input data loading at double thetirgte. The data loading cycle
is periodic for the two states having three and two data mpeispectively. These two
states correspond to six and four cycles af @dock to process five subfilters. In the first
state, which has three data inputs, six cycles of theclbck can process five subfilters.
However, the second state, which has two data inputs withZauclock cycles, lacks a
clock cycle to process the fifth subfilter. This required @ssing can be achieved either
by using a X clock to provide more clock cycles or by efficiently using then-utilized
cycle of the X clock in the first state. In the first state, the processingetargeted sub-
filters [R4, R2, RQ] is interlaced with the processing of rtargeted subfilters [R3, R1].
In the second state, processing of the non-targeted subfiRd, R2, RO] is interlaced
with the processing of the targeted subfilters [R3, R1].
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Figure 8: Scheduling of filter operations (at 2lock) and input data loading for a system
up-sampled by two and down-sampled by five (case 4).

Case 5:

Fig. 4e [3] shows the two loading cycles for the system upgachby two and down-
sampled byl 5. The timing diagram for these cycles (Fig. 9) shows the sclireglof filter
operations (for one loading cycle) and the input data logdirthe input rate. The load-
ing process continues for three stride lengths of the corataytand the eight input data
samples undergo filter processing. The outputs of the setbMIACs are accumulated
from outputsn + 3 to n + 7 because these outputs contribute to the final accumulation
(which includes outputs from the twice-loaded subfilters).
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We have so far described the scheduling schemes for thetswifrocesses along with
their data loading at the input data rate or double the inptd date. Their architectures
have DSP48E slice-based multipliers and CLB-based adédes that limit the overall
operating clock rate to approximate?0 MHz. However, the clock rate can be im-
proved by performing MAC operations in systolic array of BI8E slices. To perform
MAC operations in systolic arrays, the parallel data from dlata register bank needs to
be time-aligned. The parallel data is fed through a set abtexs that delay the data,
element by element, in order to align the subfilter's MAC amglfiaccumulation pro-
cess within the systolic-array based MAC (Fig. 10). The R&MDSP48E systolic-array
based MAC has high latency because of the pipeline and detasters, but it increases
the maximum operating clock rate 850 MHz. The multiplexer block before the de-
lay elements switches between the processing of the targetafilter and non-targeted
subfilter (which is used only in cases 2 and 4).

4 Resource Usage

We have presented LPA with block RAM and distributed RAM lehsegister banks as
well as RA (distributed RAM based register bank) having D&P4lices based multi-
pliers and CLB based adder tree, and RA with DSP48E slicekystrray based MAC.
These architectures are mapped onto a Virtex-5 FPGA in ttme & I/Q components.
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Figure 11: Resource usage for the five embedded resamplieg cader LPA and RA:
(a) slice registers, (b) slice LUTs, (c) dedicated resasiremd (d) required operating
clock rates.
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Fig. 11 shows the resource usage in the FPGA for the five engloledidampling cases.
The slice registers, slice LUTs, dedicated resources, eqdined operating clock rates
are shown for both LPAs and RAs. In all five cases, the LPA bR&M and LPA dis-
tributed RAM (based register banks) have almost the saroe gdigister usage, that is,
397 t0 407 slice registers. However, in all five cases, there is a diffee in slice LUT us-
age between LPA block RAM and LPA distributed RAM. The usageRA block RAM
ranges fromt06 to 431 slice LUTs, and the usage in LPA distributed RAM ranges from
447 to 502 slice LUTs. This is due to the fact that distributed RAMs @i$er the data
register bank) require LUTs. The variation in slice LUT usagthin LPAs block RAM
and LPAs distributed RAM is due to the different sets of staiad control sequences
for the polyphase engines with different embedded resamfdictors. The RA in all the
embedded resampling cases uses almost the same numbeeatglistersy3s — 342)
and almost the same number of slice LU3$Y— 334). The exceptions are case 2, which
has 524 slice LUTs and case 4, which has 529 slice LUTs. Thesaystems do not
have straightforward indices for accessing their datastegand filter coefficient banks.
Therefore, the indices for data register and filter coefficimnks are pre-stored in LUTS
instead of being generated by sets of counters. The artlviéealso contains the mul-
tiplexer block for switching between targeted and nondted subfilter processing that
uses slice LUTs and slice registers. Similarly, the RA witBHA8E systolic array based
MAC - for case 1, case 3, and case 5 - have almost the same naintlere registers
(318 — 324) and LUTs 866 — 381). The RA with DSP48E systolic-array based MAC
- for case 2 and case 4 - use slightly more slice registé®) @nd LUTs 628 — 563)
because of the pre-stored indices for data register andddefficient banks, and multi-
plexer block.
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Figure 12: Area versus (operating clock) frequency for the tesign solutions for the
five embedded resampling cases.

The MAC architecture for LPA and RA has DSP48E slice-basetliptiers and CLB-

based adder trees. All the cases based on this MAC architaases| 2 DSP48E slices.
However, the RA with DSP48E systolic-array based MAC usesextra DSP48E slices
for the final accumulation process. Similarly, the filter fficéent banks (which are
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based on block RAMs) in both LPA distributed RAM and RAs ude®é¢ dedicated
RAMB18x2s [11] resources. However, the LPA block RAM usagéhextra resources
of RAMB18x2s for its block RAM based register bank. Furtherm the LPAs use one
RAM18x2SDPs [11] for the input FIFO (which is zero for the RBacause they do not
use input FIFO).

Fig. 12 shows the number of LUTs versus (operating cloclguency for the four design
solutions for the five embedded resampling cases for theppalse filter. The RAs for
case 1, case 3, and case 5 require less area and lower pngeelssks than their LPA
counterparts. Similarly, the RAs for case 2 and case 4 regnore area but use lower
processing clocks than their LPA counterparts. This lasgea is due to the pre-stored
indices for addressing data register and filter coefficiamiis, and also due to the use of
multiplexers. Thus, RA is the preferred choice for redugeekrating clock rates, and also
for reduced area resources with the exception of cases 2.and 4

5 Power Analysis

Here we analyze power consumption, focusing on dynamic p¢@&IOS technology
is assumed) for the LPA and RA of the polyphase filter with fiviéedent resampling
factors. The demand for high clock rates in the LPA is oftdfiadilt to satisfy, and the
architectures are power hungry because the dynamic poweof®rtional to the toggle
frequency [12]:

denamic = ncv2f (1)

wheren is the number of nodes being toggled,is the load capacitance per nodé,
is the supply voltage, and is the toggle frequencyC' and V' are device parameters,
whereas: and f are design parameters. By keeping almost the sa@ed loweringf,
power consumption decreases. As reduced clock operat®thbasame time constraint
as high clock operation, energy consumption is reduced Hs we

Fig. 13 shows dynamic power consumption for LPA and RA in tkie #mbedded re-
sampling cases. Xilinx XPA [13] tool is used for the analysi$e input vector is the
same for all the cases and designs, and the activity ratesatrelated using Model-
Sim [14] post-route simulations with a run length50 us. The thermal settings for the
power simulations ar25 degrees Celsius-an ambient temperature, and zero airflow.

Fig. 13 shows that the LPA with block RAM based register baokstumes more dy-
namic power than LPA with distributed RAM based registerkoamd also more dynamic
power than RAs. The maximally decimated system (case 1)dbaseRAs consumes
64% less dynamic power than its LPA counterpart when block RAsddal register banks
are used, and it consumé&$% less dynamic power than its LPA counterpart when dis-
tributed RAM based register banks are used. The under-aeethsystem (case 2) based
on RAs consume$8% less dynamic power than its LPA counterpart when block RAM
based register banks are used, and it cons@f#sless dynamic power than its LPA
counterpart when distributed RAM based register banks seel.uThe over-decimated
system (case 3) based on RAs consufitgs less dynamic power than its LPA counter-
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Figure 13: Dynamic power analysis for all four design sauo$ for the five embedded
resampling cases for the polyphase filter.

part when block RAM based register banks are used, and iticoest2% less dynamic
power than its LPA counterpart when distributed RAM basejister banks are used. The
up-sampled by two and down-sampled by five system (case 4jlias RAs consumes
46% less dynamic power than its LPA counterpart when block RAdgdul register banks
are used, and it consumd$% less dynamic power than its LPA counterpart when dis-
tributed RAM based register banks are used. The up-sampleddand down-sampled
by 15 system (case 5) based on RAs consub®és less dynamic power than its LPA
counterpart when block RAM based register banks are useblit @onsumesl0% less
dynamic power than its LPA counterpart when distributed RB&sed register banks are
used. Thus, RA is superior to LPA for reducing dynamic powet elock rates. The five
cases are representative for polyphase filter banks th&drpeembedded sample rate
changes. The analysis also shows that the dynamic powe®ovitR DSP48E systolic-
array based MAC in cases 1, 2 and 5 is betwg#nto 11% higher than their RA with
DSPA48E slice based multipliers and CLB-based adder tree.

FPGAs provide high parallelism and reprogrammability biutha expense of additional
signal routing resources and higher static power conswmptile to transistor leakage
from parasitic diodes in gate junctions [15], [16]. The istaturrent dissipates power
when the device is powered-up and no logic is being clockde drive toward smaller
transistors in FPGA is necessary for achieving higher cleipsity and faster dynamic
speed. This, in turn is necessary for embedding speciali&fifunctionality blocks, but
it substantially increases the current leakage. As thedfizeansistors in FPGA drops
to 70 nm, the current leakage becomes more dominant and accaumtsfe tharb0%

of power consumption [17]. The clocked (dynamic) power idetito basic static power
when logic is active. Both these power contributions suligtly increase as the device
junction temperature increases. For the targeted VirtERGA at65 nm, static power
consumption in all the cases of embedded resampling is di@ad60 W, which is signif-
icantly higher than the highest dynamic power consumptfoh 62 W. However, static
power consumption is technology-dependent, and only tha and clock rates can be
reduced to minimize the overall power consumption in théesys
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6 Conclusion

We have described the architecture and FPGA implementatiapolyphase engine that
performs embedded resampling. We have analyzed the artthits for five different
embedded resampling scenarios in polyphase filter banksiak)mally decimated, 2)
under-decimated, 3) over-decimated, and combined up- awd-dampling with 4) sin-
gle and 5) multiple stride lengths of the commutator thatifethe input data into the
filter bank. These scenarios are applicable to any requatiahial sampling rate change
in a polyphase channelizer-based SDR front-end. We hawwided the FPGA-based
architectures for a serial polyphase structure with palr®AC that has load-process and
runtime scheduling. The LPA first loads the selected vagialaita length and then pro-
cesses the subfilters that require a high clock rate. The RAh® other hand, operates
at a maximum of double the input data rate, which enablesdsding of subfilter pro-
cesses along with the data loading. We have also descrilffededit design techniques
for polyphase register bank mapping. A detailed analysared, time, and power in the
two types of architectures with different resampling fastoas been given. This analysis
showed that RA is superior to LPA in reducing operating clatks and dynamic power.
RA is also superior in reducing area resources, except wihdiees are pre-stored in
the LUT. Thus, RA is capable of satisfying the need for mifiar@a, clock frequency,
and power consumption in SDR front-ends. From our FPGA implatation analysis,
we have derived a set of valuable guidelines that can be usegstem designers to cre-
ate an SDR front-end that is optimized in terms of area, tiamg, power consumption
given certain design specifications. Future work couldudela similar analysis for FP-
GAs from other manufacturers. This would be valuable in galigng the suggested
hardware architectures.
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1 Introduction

Abstract

This paper presents the time and power optimization coratides for Field
Programmable Gate Array (FPGA) based architectures forypbpase filter bank
channelizer with an embedded square root shaping filtes polyphase engine. This
configuration performs two different re-sampling tasksuieef for spectral shaping
and for an M-channel channelizer. In an under-decimatea-(naximally decimated)
polyphase filter bank scenario, where the number of daw@slizdess than the number
of sub-filters, the serial polyphase structure with paf&l&C approach requires a
larger processing time than the corresponding data-loa€. tiin order to meet the
output time constraint, the serial polyphase structurh péirallel MAC has to run at a
higher clock rate than the data input rate and hence pollgrd@nsumes high power.
In contrast to the Load-Process Architecture (LPA), a RometArchitecture (RA)
operating only at twice the input data rate is presented hhi6iciently schedules
the sub-filter's processing within the data-load time. Thed¥ers time and power
efficient structure for the presented up- and down-samplgppese filters utilizing
9% and 11% slice LUTs and 10% and 13% slice register resoof@Xilinx Virtex-

5 FPGA, operating at 400 and 480 MHz, and consuming 1.9 and/at®& of dynamic
power, respectively.

1 Introduction

Traditional polyphase filter banks are formed from thredding blocks, an M-port com-
mutator, an M-path polyphase partition of a prototype Iaspfilter and an M-point
IFFT. These blocks can be arranged to form an M-channel elizen for modulators

and demodulators. The up- and down-converters based omrabxidecimated filter

banks are dual graphs which by virtue of their linear timeyirag structures perform the
opposite tasks of up-sample and down-sample channelizakive non-maximally deci-
mated version of polyphase filter banks performing dual damgte change both for up-
and down-sample channelization is presented in [1]. Figad Rig. 2 show the down-
and up-sample channelizers for a system with 32 channetsatend by 6 MHz center
frequencies and each having a 5 MHz symbol rate shaped byaaesqouot Nyquist filter

with 20% excess bandwidth.
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Figure 1: 40-path polyphase FDM-to TDM channelizer withtd4t down-sampling [1].
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Figure 2. Two dimension partition of prototype filter withatlest frequency sinusoid of
40 samples extended to 48 samples and shifted in stride ohd®laase aligned by 8-
samples shift [1].

The down-sample channelizer shown in Fig. 1 uses a 40-p&plpase channelizer. To
achieve 2 samples/symbol rate, a 24-to-1 down-samplirfgmit 40-path channelizer is
required. This 3/5 fractional rate change is accomplisheddsing a cyclic input data
buffer and a cyclic output data buffer between the polypHéise and the IFFT along
with a modified commutator operation that feeds 24 samplgteau of 40 samples at
a time. The Time Division Multiplexing (TDM) to Frequency \igion Multiplexing
(FDM) counter part i.e., up-sample channelizer shown in Ejgises the same 40-point
IFFT with output spacing of 6 MHz. The shaping filter increafige input symbol rate
of 5 MHz to 240 MHz by performing 1-to-48 interpolation. Th&accomplished by an
extended circular buffer in the interface between the cotatouand the polyphase filter
which is circularly shifted 8-samples prior to accepting ttext 40-point vector from the
40-point IFFT. A second half extension buffer holds the eddirst half which makes it
easy to have 8-sample shift for 40-sample data.

These under-decimated polyphase filter banks, where the&uofdata loads (N) is less
than the number of sub-filters (M), require the processinl gub-filters in a time pe-
riod of N data loads, so run-time processing at the input da&afor the serial polyphase
structure (with parallel MAC) is not possible. An LPA for tkerial polyphase structure
(with parallel MAC) for these under-decimated systems &edf FPGA implementation
analysis for Xilinx Virtex-5 FPGA is presented in [2]. FigsBows the LPA with Block-
RAM based register bank for a polyphase filter, which runs higher clock rate and
uses a FIFO to interface with the input data at lower rateiriguhe load phase, the data
elements are fed from the input FIFO and loaded to the sidyilis directed by the data
pointer. In the processing phase, coefficient and data gmiritaving embedded shifts
select the coefficient and data memory elements to perforr@ dperations. The multi-
pliers are based on DSP48E slices [3] (dedicated DSP blocK#inx FPGA) whereas
the additions are performed by using a CLB based adder-a®erk. The architecture
loads the register bank with N data elements from the inpge®Fnd then process M sub-
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Figure 3: LPA with BlockRAM based register bank for a polypédilter operating in
under-decimated mode, running at a clock rate higher thaut iata rate.

filters while the FIFO is being loaded. As the FIFO is continsiy loaded and unloaded
only during the process cycles, the FIFO eventually oveslol order to overcome the
FIFO’s overflow and to meet the output time constraints, thigghase filters for the up-
and down-sample channelizers have to run at 4 times the oipcit rates i.e.4 x 200
MHz and4 x 240 MHz, respectively. These high demanding clock rates baesijds
are not only difficult to achieve but at the same time the aechires becomes power
hungry, since the dynamic power is proportional to the tedggquency, as described by
the following equation [4]:

denamic = TLCVQf (1)

wheren is the number of nodeg] is the load capacitanc#; is the supply voltage and
f is the toggle frequencyC andV are device parameters whereaand f are design
parameters. So, by keeping (almost) the sanf@rea consumption) and lowerirfg the
power consumption can be reduced. As the reduced clock tiperaeets the same time
constraint as the high clock operation, the energy consomptill be decreased as well.

The high demanding clock rates for the LPA may limit the pblgge filter design to

a lower input sample rate, as the technology platforms ERGA has certain limitations
on achieving the high operating clock rates. This paper iex@nsion of the work pre-
sented in [2], basically in the sense that the LPA is modiftecttiuce the required clock
rates for the up- and down-sample polyphase filters. It ise@eld by introducing dis-

tributed RAM based pipelined register bank, systolic afiyof DSP48E slices based
MAC, and rescheduling the sub-filter's operations at 2 tithesinput clock rate. The
FFT/IFFT part of the channelizer is not dealt with in this pap

In the LPA, the data register bank is based on BlockRAMs whimimpletely eliminates
the CLB resource but requires an extra clock cycle for eatdldad and shifting among
the cascaded BlockRAMs. This is due to the fact that BlockRiAdd synchronous write
and synchronous read operations and is thus a source chgeatelock rate. The required
clock rate for the data register bank can be reduced in thaafislg ways:

1. The distributed RAM has synchronous write but asynchusmead operation. So,
a data register bank formed by distributed RAMs without trgmd/or output regis-
ters will require only one clock cycle to perform the reqditeading and shifting.
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It therefore results in an overall reduced clock rate dembatirequires extended
CLB resources. The required operating clock rate for the lf&Athe up- and
down-sample polyphase filters with distributed RAM basegister bank reduces
to 3x the input data rates.

2. In the LPA with distributed RAM based register bank, theestuling of the load
and process cycles can also be improved to further reduceethéred operating
clock rates. The idea is to start the processing of the stdvdi{process-cycle)
while data is loading from the FIFO (load-cycle), insteadmaiting for the com-
plete loading of the data-loaded (targeted) sub-filter®teeprocessing. In this
case, the process-cycle continues for M sub-filters, butiétia loading is stopped
for non data-loaded (non-targeted) sub-filters.

1% cycle 2™ CYCle

l Load-cycle l Pro-cycle Load-cycle l Pro-cycle

@

[ L Y — 2" cycle 5
Load-cycle ‘ Load-cycle ‘
Pro-cycle Pro-cycle l
FIFO growth
®

Figure 4: Scheduling of load and process cycles for (a) LRA(@hinterlaced LPA

This is the only time when input data is pushed onto the FIFuit being pulled
at the same time. Since the number of non-targeted sulsfitiéess than the num-
ber of targeted sub-filters, the FIFO does not grow as rapisliy the previous case
where process-cycle starts after completing the loade@skhown in Fig. 4a. This
interlaced scheme for loading and processing as shown irBigeduces the over-
all clock cycles count and therefore reduces the requireckalate. By operating
the sub-filter's processes at 2x clock, the FIFO growth in(théended) process
cycle gets undone in the next couple of sub-filter’s procesgiithin the next load
cycle. So, the required operating clock rates for up- andrdsample polyphase
filter reduces to 2x still meeting the output timing congttsi

3. In interlaced LPA, most of the process cycles which arelapped by the load
cycles are idling as they are waiting for the next availalasieadrom the input FIFO.
To make efficient use of these idling cycles of 2x clock, an Rktroduced where
non-targeted sub-filter's processing is achieved by idtiygjes of 2x clock instead
of processing them after the load cycle. By doing so, thetleafithe process cycle
becomes equal to the length of the load cycle which will alsoirate the need for
the input FIFO.

The RA, operating at twice as high a data clock rate, prosetee input data while
simultaneously loading to the sub-filters on the first cydl¢he 2x clock and the next
cycle of the 2x clock get used to process the non-targetedilseib By using this scheme
the non-targeted sub-filters get processed within the tiaraé of the targeted sub-filters
and therefore reduce the overheads as in the case of LPA &mhaed LPA.
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2 RA Scheduler

Now we present the RA scheduling for the up- and down-samgiigpase filters for the
channelizers shown in Fig. 1 and Fig. 2. On the RA for the deample polyphase filter,
operating at 2x process clock, the 24 input data periods #8wveeriods of 2x clocks.
It schedules the non-targeted sub-filtgi339, R38, ..., R24) processing by interlacing
it with the targeted sub-filter'$R23, R22, ..., R0) processing during the first state, as
shown in Fig. 5. It will be extended accordingly for the 5 pelit states of the polyphase
engine. As there are 16 non-targeted sub-filters in each, ted rest of the 8 time slots
of the 2x clock allocated for the non-targeted sub-filtersgessing remain unused, and
we call them invalid sub-filters. The sliding data loading floe 5 periodic states need
48 x 5 = 240 distinct addresses for the data address pointer. As thaglioading of data
interacts with the cyclic shifted set of coefficients, thefficient address pointer needs
the same sized distinct addresses as the data address.poirenused time slots for the
non-targeted sub-filter processing (invalid sub-filte® addressed by zero-valued data
and coefficients at address 40. Because of the interlaceggsimg of the non-targeted
sub-filters with the targeted sub-filters, the final procdssetputs need reordering to
bring them in their normal order, and delivering them at #mguired output rate.

1% Data Load 2™ Data Load
X RO ~ RO
: R15
i [Tres 40 o
R39 & R39
| e | f

Polyphase filter: data register bank loading

o 1#DaaLoad -~ - 2<Dataloss -~~~ A
ol CD I > CED G e G
o | f L AT FL s

L 24 I%:ads,j40 prooass&&jidle '

RA40 | RO | R40

sub-filter | |
(wr/rd) [N

wr/rd £

sub-filter

sub-filter
coeff

sub-filter £
coeff_ptr

MAC

Output  freeeeesfpdeenenennenans

i non-targeted sub-filters ; | Invalid sub-filter

Figure 5: Scheduling of the first two states for RA for the desampling polyphase filter.
The time-lag for processing non-targeted sub-filters is@w®e by using 2x clock and
processing non-targeted sub-filters along with targeteefitters.
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Similarly, for the RA for the up-sample polyphase filter cgtérg at 2x process clock,
there will be40 x 2 = 80 time slots for each state to process 40 targeted and 8 non-
targeted (extended) sub-filters in a time frame of 40 inpuiEas. The rest of the 32
time slots allocated for the extended sub-filter's procesbiecome unused (invalid sub-
filters). In order to incorporate the required circular 8hi for the next states, which is
periodic over five states0 x 5 = 400 distinct addresses for the data address pointer are
required. In this case the circularly shifted data intesadgth the fixed set of coefficients,

so the coefficient address pointer is the same for all the tihdisstates. It therefore
requires 80 addresses for the coefficient address pointeofavhich only 48 addresses
have valid coefficient indices.

3 Architecture Design

The RA presented in [6] uses a distributed RAM (without iputput register) based
register bank and coefficient bank, and a systolic array dP48E slices based MAC.
The required RA for the up- and down-sample polyphase fjltgyerating at 2x the data
clock rate, has to run at00 and480 MHz, respectively. In an effort toward achieving
these clock rates, it is noticed that in the RA [6], the dafister bank based on dis-
tributed RAMs without input/output registers limits the xiraum operating clock rates.
The bottleneck is the asynchronous path between the casdistdbuted RAMs. This
bottleneck can be removed by inserting input /output /jriyealegisters for each cascaded
distributed RAM. It is seen from Fig. 6a that as the numberasitaded distributed RAM
without input/output register increases, their maximuraraging clock rate decreases. On
the other hand, Fig. 6b shows that a minimun0® MHz performance can be achieved
even with up to 24 cascades of distributed RAMs with outpgisters. The results shown
in Fig. 6a and 6b are the best case achievable clock ratdsfoascaded distributed RAM
based register bank together with MAC block for a Xilinx &xt5 FPGA [7] which are
generated under 1iming performance with I0OB packing) balanced performan¢and

3) power optimization performancdesign goal and strategies in Xilinx ISE tool [8].
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Figure 6: Maximum achievable clock rates for a number of @ded distributed RAM
(a) without input/output registers (b) with output registend with DSP48E systolic array
MAC.

112



3 Architecture Design

The cascaded distributed RAM without input/output regigterforms the data load and
simultaneously shifts across the cascade in one clock cicieit limits the desired
achievable clock rates. On the other hand, the distribufed Rith output register meets
the targeted clock rates but due to extra register (outjgigtes), it requires some changes
to balance the control and data paths, and also to achieaskliftis across the cascade in
one clock cycle. Fig. 7 shows the data shifting among threearied distributed RAMs
(a) without and (b) with output registers. This correspotwda four tap sub-filter for
a M-path polyphase filter, where M is equal to the depth of tisriduted RAMs. In
order to get the one tapped-delay shifting for the cascad#ddited RAM with output
register, the pipeline registers are inserted for addnedsead/write path for each mem-
ory. Furthermore, each memory output path is delayed byead toimber of cascaded
distributed RAMs minus its tap number. This is shown in Fig.vwwheres0, s1, s2, s3
represent the tapped outputs from the distributed RAMs lvhiter the corresponding
delay elements haw#)’, s1’, s2’, s3 outputs to form the required tapped delay line. This
cascaded distributed RAM pipelined structure for the fayped filter is extended to the
actual requirements of 20 and 24 cascades for up- and dompls@olyphase filter. The
added pipeline register network will add more latency whila compromise towards
achieving high operating clock rates.
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Figure 7: (a) 3 cascaded distributed RAMs without inpupoititegisters, illustrating the
data loading and shifting operations for any specific adqré® 3 cascaded distributed
RAMs with output registers and corresponding pipeline segés for control and data
paths, illustrating the data loading and shifting opersifor any specific address.

Fig. 8 shows the complete architecture for the down-samplgppase filter with dis-

tributed RAM based pipelined register bank, multiplexesgstolic array of DSP48E
slices, coefficients’ ROMs (distributed RAM), data and ¢icéfnt address ROMs (dis-
tributed RAM). This architecture needs to be doubled fordbmplex data processing.
The multiplexer at the output of the register bank is usediitch between the targeted
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and non-targeted sub-filter's processing. The parallel ffaim the multiplexer block is
delayed element-by-element to time align the sub-filterAQVprocess in the systolic ar-
ray of DSP48E slices. The coefficients from the respectiedfimient memories being
driven by the same address pointer need the same elemeaietment delay as the data
from the register bank, to time align the coefficients withitlcorresponding data. This
required delay for the coefficients is achieved efficientyam offset address filling of
the coefficient memories instead of using extra delay regisis required by the data
path. The coefficient memories are shared by both the reahsaginary data processing
unit. The first data input takes 25 clock cycles (24 clock egdbr the tap-0 delays and
1 clock cycle for the multiplexer) to be available for the MAtck which needs to be
synchronized to its corresponding coefficient set. Thishyonization is achieved by an
equivalent advanced count operation in the coefficientesidcounter. The RA for the
up-sample polyphase filter is the same as the down-samp}ehpde filter but it has a
cascade of 20 distributed RAMs instead of 24, for its registank, and corresponding
coefficient bank and addressing memories.
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Figure 8: The complete architecture for the down-samplgpiwse filter with 24 cas-
caded distributed RAMs, delay/pipeline registers, mighprs, systolic array of DSP48E
slices, coefficients’ distributed-ROMs, data and coeffitiaddress counters, and data
address and coefficient address distributed ROMs.
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4 Results

The presented RA for the up- and down-sampling polyphasedildre mapped to a Xil-
inx Virtex-5 (xc5vsx50t-3ff1136) FPGA in the form of I-Q cqunents. The resource
usage of the real FPGA implementation for these architestimr terms of (a) slice reg-
isters, slice LUTs, and slice LUT flip-flop pairs, and (b) d=déed resources is presented
in Fig. 9a and Fig. 9b, respectively. These results are géseiunder théiming per-
formance with 10B packindesign goal and strategy, and withn-resource sharingnd
auto LUT combiningptions in Xilinx ISE tool. The resource usage for the sliegisters
and slice LUTs presented in Fig. 9a is on an average of 3.Xthigher as compared to
the usage presented in [2] for their LPA counter parts. Thduie to the fact that the RA
uses distributed RAM based data and coefficient banks, adedagipeline registers to
meet the timing constraints up 480 MHz. A power consumption analysis focusing on
the dynamic power is performed for the RA for the up- and deample polyphase filters
by using the Xilinx XPA tool [8]. The activity rates based ¢retinput test vectors are cal-
culated by running ModelSim [9] post place and route sinioitet for a run length of 500
us. The corresponding thermal settings for these power aeslge 50 degrees Celsius
as ambient temperature with 250 LFM air flow and medium proiéat sink. The toggle
rates for the flip-flop, /0 and DSP, and the correspondinggs@ensumptions by the up-
and down-sample polyphase filters are shown in Fig. 9c andJeigrespectively. The
dynamic power consumptions of 1.9 and 2.6 Watts correspmiftet 2x operating clock
rates i.e., 400 and 480 MHz for the up- and down-sample palgelfilters, respectively.
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Figure 9: Resource usage in terms of (a) slice registerg LWTS, and slice LUT flip-
flop pairs (b) dedicated resources for Xilinx Virtex-5 FPGQ#), toggle rates for the flip-
flops, I/Os and DSP, and (d) corresponding power consumpdipmamic and leakage)
for the down- and up-sample polyphase filters, respectively
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5 Conclusion

We have presented and demonstrated the RA for the seriglipadg structure with paral-
lel MAC for the up- and down-sampling polyphase filters opiagain an under-decimated
scenario. In terms of the targeted design goals of Time amgPaptimizations, the RA,
in contrast to its LPA counterpart, operates at 2x clock aaie efficiently schedules and
process the sub-filters within the data load time. The rorescheduling schemes for em-
bedding the required sliding and cyclic shifting for the apd down-sampling polyphase
filters are presented. The data register bank based orbdistti RAMs is modified by
inserting pipeline and corresponding balancing registeashieve the targeted operating
clock rates up to 480 MHz on the Xilinx Virtex-5 FPGA. The FP@&source usage and
power consumption analysis is presented. The RA at 2x dpgrelock rate being the
minimum possible rate for the serial polyphase structuth parallel MAC operating in
an under-decimated scenario turns out to be a preferableecfar the time and power
efficient solution for its FPGA based architectures.
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1 Introduction

Abstract

The paper presents the architectural domain analysis l8AHField Programmable
Gate Array) implementation of a polyphase filter bank chimeewith an embed-
ded square root shaping filter in its polyphase engine thdbmes two different
re-sampling tasks required for spectral shaping and forishael channelizer. In
terms of algorithms; Radix-2 FFT, Prime Factor and Winodfadrier Transform are
considered for IFFT, where as the polyphase filter is andlyzéerms of symmetric
structure, and serial polyphase structures with serialpamellel MAC approaches.
The computational workload for these algorithms and timepiementation structures
are presented together with their hardware mapping to a¥BtFPGA by exploiting
the inherent parallelism. Their resource utilizations Bradign Space Exploration in
terms of Area-Time is presented along with different optiaion techniques.

1 Introduction

Traditional polyphase filter bank are formed from three dini blocks, an M-port com-
mutator, an M-path polyphase partition of a prototype Iaspfilter and an M-point
IFFT. These blocks can be arranged to perform M-channelrefieer for modulator
(where up to M input time series form an output time series posed of M-equally
spaced frequency division multiplexed (FDM) channels) dachodulator (where up to
M-equally spaced frequency division multiplexed (FDM) ohels are converted to M-
interlaced time division multiplexed (TDM) channels). Beeup-converter and down-
converter, based on maximally decimated filter banks, aaé ghaph which by virtue of
their linear time varying structures perform the oppositeks of up-sample and down-
sample channelization [1]. There are a number of differeaharios where we want that
the different up-sampling and down-sampling tasks be pexéad in the channelization
process (non-maximally decimated system). Polyphaselfitbeks performing dual sam-
ple rate change both for up-sample and down-sample chaatieh are presented in [1]
where a system has 32 channels separated by 6MHz centeeffreéigs and each having
a 5MHz symbol rate shaped by square root Nyquist filter witb2cess bandwidth.
Figures 1 and 2 show the down-sample and up-sample chagirseliz
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Figure 1: 40-Path Polyphase FDM-to TDM Channelizer with t@4- Down-
Sampling [1].
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The down-sample channelizer shown in Fig. 1, uses a 40-pdyplpase channelizer. To
achieve 2 samples/symbol rate, a 24-to-1 down-samplirigmihe 40-path channelizer
is required. This 3/5 fractional rate change is accomptidheaddition of a cyclic input

data buffer and a cyclic output data buffer between the gadgp filter and IFFT along
with modified commutator operation that feeds 24 sampleteaasof 40 samples at a
time [1]. TDM-to-FDM counter part i.e., up-sample chanreti shown in Fig. 2, uses
the same 40-point IFFT with output spacing of 6MHz. The shgfilter increases the
input symbol rate of 5MHz to 240 MHz by performing 1-to-48drptolation. This is ac-

complished by an extended circular buffer in the interfagtvieen the commutator and
the polyphase filter which is circularly shifted 8-sample®ipto accepting the next 40-
point vector from 40-point IFFT. The second half extensiofidr has the copied first half
which makes it easy to have 8-sample shift for 40-sample[data

This paper deals with the architectural domain analysisFIBGA implementation of
the main building blocks of the structures presented ahevethe M-point IFFT and the
M-path polyphase low-pass filter. The Radix-2 FFT, Primetéia&lgorithm (PFA) and
Winograd Fourier Transform Algorithm (WFTA) are considéfer IFFT. The polyphase
filter is analyzed in term of different implementation stwes like symmetric structures,
and serial polyphase structure with serial and parallel MAC

Fig. 3 shows the computational complexities for a 48-patlpitase filter with the fol-
lowing structures; general polyphase structure (P1), sgtriastructure (P2), adder shared
symmetric structure (P3), serial polyphase structurerttasérial MAC (P4), and parallel
MAC (P5). There is a trade-off between the complexities eerthe processing clock
speed. Serial polyphase with serial MAC shows the least taxitp but demands high
clock rate, where as serial polyphase with parallel MAC Highly higher complexity
operating at input clock rate. Fig. 4 shows the computaticomplexities for Radix-2,
PFA, and WFTA algorithms for 40-point (64-point for Radix{EFT. M1, M2, M3, M5
are variants of Radix-2 which indicates the number of bfligsrprocessed at a time [2].
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Figure 3: Complexity analysis for 48-path polyphase filggneral polyphase structure
(P1), symmetric structure (P2), adder shared symmettictstre (P3), serial polyphase
structure having serial MAC (P4), and parallel MAC (P5).
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Figure 4: Complexity analysis for 40-point IFFT with RadixPrime factor and Wino-
grad Fourier Transform Algorithms. M1, M2, M3, M5 are vafiaof Radix-2 FFT.

The WFTA algorithm is the most efficient having only 100 realltiplications for 40-
point IFFT.

Based on the computational complexity analysis, the WFTgodthm and the serial
polyphase structures are selected for the mapping to thetgalatform Virtex-5 (xc5vsx50t-
3ff1136). Fixed point analysis is performed to determireslift widths keeping the quan-
tization errors below 60dB (normally required). The downpée polyphase channelizer
has 40 paths filter with 24 taps each. A straight forward magjoif this structure to
FPGA where all the filter coefficients and tapped delay limesGL B slice register based,
results in a resource utilization which is more than theestiegisters and LUTs on the
target platform Virtex-5. It requires various resourceimai techniques to map these
structures, both by optimizing the algorithmic structuaesl by using the dedicated re-
sources within the FPGA. The filter coefficient bank can gasd replaced by FPGA
BlockRAMSs to optimize the resources, but the critical pmmtis polyphase partitioned
data bank (register bank), especially when we have to parfioe embedded resampling
within that. In case of a maximally decimated system, wheeedownsampling factor
is equal to polyphase partition, FIFOs can be used as delag to have the most opti-
mal structure, as described in [3]. But for non-maximallgideated system which we
have in this scenario, a two dimensional RAM based solusareeded. Fig. 5 shows the
resource utilization for mapping 240 register bank (16-bit) by considering different
options available on the Virtex-5 FPGA.

121



Paper D

[ Slice Reg
15000 - [ Slice LUTs |
10000

5000

0 i i | — — i
Slice Distributed 40x32-bit 40x32-bit
Registers Memory Cell Distributed BlockRAM
& LUTs (16-bit) Memory (Complex)
(Real) (Real) (Complex)

Figure 5: 20«40 Register Bank Resource Utilizations by using Slice Reggsand LUTSs,
Distributed Memory, and BlockRAMs.

The 24x 40 register bank based on slice registers and LUTs resyli8jr26]% utilization
for slice registers and LUTSs respectively. It's only forIrdata and therefore the num-
bers would be double for the complex data. Next, each datateedn the sub-filters is
replaced by a distributed memory based memory cell (16abi)the resource utilization
(for real data only) comes out to be [0, 24]% for slice regstnd LUTSs respectively. It
saved the slice registers but the LUTSs ultilization is altibe same as before. In Virtex-
5, each CLB has 64-bit distributed RAM [4], but it is bit-addsable, so for 16-bit data,
16 CLBs are collectively used as a single 16-bit registere fdst of the 63 bits in each
CLB remained unused. Based on this analysis, distributedangis used such that each
64-bit memory contribute 1-bit to 16-bit data element foistdy-filters (only 40 are used).
So here comes the effectiveness that the memory which wa®psty used for only one
sub-filter is now being used for all the 40 sub-filters. Thevtith is further extended
to 32-bit to incorporate complex data (16 + 16 bits) and tlseuece utilization dramati-
cally decrease to 2% (for complex data). It will also elim@the need for multiplexers
to select the desired sub-filter's data elements for the abskift register based register
bank. The same concept is further applied to BlockRAMs witicinpletely eliminate
the CLBs ultilization. The BlockRAMs utilization for (4032-bit) register bank is 12
BlockRAMSs, which corresponds to 9% utilization for Virtéx-

In order to use BlockRAMs based register banks, we have toapagxtra clock cycle
for each data load and shift. The reason is that as 24 mem@i@e<32-bit) are cas-
caded to form 2440 register bank and the data shift in the sub-filters requdaga to
be available from the preceding memory. So it requires ooekatycle to read the data
element and then the next clock will load the new data elerakmmg with shifting of
the sub-filter, as shown in Fig. 6. According to the polyphasennelizer configurations
in [1], the downsampling polyphase filter loads 24 data eleand process 40 sub-
filters, whereas the upsampling polyphase filter loads 48 ditments and process 48
sub-filters, so the run time processing at the input sampée frafor serial polyphase
structure with parallel MAC andv/M times thef, for serial polyphase structure with
serial MAC is not possible. Therefore, the polyphase engingn at higher clock speeds
and a FIFO is used to interface with the input data at lower. r8b a "load and process”
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Figure 6: 40<32-bit memory cascade to form 240 register bank. One clock cycle
to load the date form the memories and another clock cycléift the data through
memories.

architecture is required where during load, data elementdeal from the input FIFO
to sub-filters as directed by the data-pointer to embed theimed shift. In the process
phase, coefficient-pointer and data-pointer having eméedtifts select the coefficient
and data memory elements to perform MAC operations. Thedoaddorocess sequences
for the downsampling polyphase filter which has 4 distinatest, both for its parallel and
serial MAC architecture, is presented in Table 1:

Load | Process
Load 24 Data Elements  Process 40 Sub-filters

Data Loading Data Address Sequence: [0]
Address Sequence: Coefficient Address Sequence:
[23, 39, 15, 31, 7] [0, 24, 32, 16] (Parallel MAC)

[0, 24, 32, 16k 24 (Serial MAC)

Table 1: Load & Process sequences for downsampling polydfiites

In the upsampling polyphase filter, the 40-point IFFT outisuéxtended to 80-points
and loaded to a 2080 register bank, and after circular shifting of 8 samplestiide
of 48, only a 20«48 register bank is used for filter processing. This apphreeems
to be quite complicated and resource demanding as we anedéx¢ethe register bank.
But by employing a clever address scheme, we can do with 0B@xal0 register bank
to perform the required circular shift. It has been notideat ach column in the regis-
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ter bank which is (4&32-bit) BlockRAM has a circular shift of multiples of 8 modaul
40. So instead of the common address bus, if each memory reggmeate address bus
with its own data-pointer having the offset of multiples ah®dulo 40 from the adjacent
memories, we can achieve the required circular shift. Teiedaub-filters have the same
data (or more precisely same data-pointer) as the first Sikebhave, only coefficient
pointers are different. It is further noticed that data peis having offset of multiples of
8 modulo 40 results in 5 distinct pointers which are repeatest for 20 columns. The
register bank based on (4@2-bit) BlockRAMs for the upsampling polyphase filter with
separated data pointers is shown in Fig. 7. The load and ggsmjuences for the up-

addr1 : addr2 : addr5;
P 40x32bit | 40x 32-bit i 40 x 32-bit
! BockRAM  } BlockRAM ! BlockRAM
: dout}o ! dout (- : dout {—
745— din iddin b eeeeee —idin
32 addr Haddr | | e, Haddr
wen wen wen
’; clk 1 ’; clk o | T ’; clk 2
wen
clk 31‘7 S2 v SN/M\V

Figure 7: 40<32-bit memory cascade to form 420 register bank. It uses separate
address buses for each memory block to embed the requiredearishift.

sampling polyphase filter, both for its parallel and seri@d®architecture is presented in
Table 2.

Load | Process
Load 40 Data Elements  Process 48 Sub-filters

Data Loading Data-pointer is modulo-40, so the
Address: [0] last 8 sub-filters take the same
data as first 8 sub-filters

5 distinct Data-pointer:
[0, 8, 16, 24, 32] Modulo 40

Coefficient-pointer:
[0] Parallel & Serial MACs

Table 2: Load & Process sequences for upsampling polypHtese fi

The filter coefficient bank is mapped on to ROMs by using Blo&M® resources, both
for parallel and serial MAC architecture. For the paraltelisture, each column in the
coefficient bank corresponds to a separate ROM, whereagtia MIAC structure uses
a single large ROM. The final resource utilization for the desampling and upsampling
polyphase filters based on the serial polyphase structuteparallel and serial MAC is
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Figure 8: Resource Utilization (in terms of Slice Registe8ice LUTs, BlockRAMs
and DSP48e) for the upsampling and downsampling polyphlsesffor their serial
polyphase architectures with parallel and serial MACs.

presented in Fig. 8. The downsampling polyphase filteragtdi3% of CLBs, 18% of
BlockRAMs and 16% of DSP48e slices for its parallel struetwhere as the serial struc-
ture utilizes 1% of CLBs, 9% of BlockRAMs and 0% of DSP48eesdic The resource
utilization for the upsampling polyphase filter is almost #ame as for downsampling
polyphase filter. It uses the same architecture with diffedata and coefficient pointer
sequences. These resource utilizations can also be adalyzemparison to their pro-
cessing time in term of clock cycles. Fig. 9 shows the DSE igeSpace Exploration)
graph in terms of Area and Time. The smaller the processinmgTthe larger is the re-
quired Area (parallel design) and the smaller the Area,dngelr is the processing Time
(serial design). The downsampling polyphase filter withaial structure requires 99
clock cycles for 40 outputs from 24 data inputs, whereas #r@lsstructure requires
1015 clock cycles for the same outputs. Similarly, the upsam polyphase filter with
parallel structure requires 138 clock cycles for 48 outfiuds 40 data inputs, whereas
the serial structure requires 1044 clock cycles for the samtiputs. All the designs can
operate at a maximum clock speed of 225 MHz.

1400 1 DSE (Area-Time Graph) B Rx Parallel design
12004 - ™ ARXx Serial Design |
—_ X X Tx Parallel Design
E O O Tx Serial Design |-
-
5 800 A
> A,
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200 ===
0 T T T T T 1
0 200 400 600 800 1000 1200

Time (No- of Clock Cycles)

Figure 9: Design Space Exploration (Area-Time) for the deampling and upsampling
polyphase filter for their serial polyphase architecturéh warallel and serial MACs.
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According to the complexity analysis for 40-point IFFT peated in Fig. 4, Winograd
Fourier Transform Algorithm has the lowest computatiormahplexity because of elim-
ination of twiddle factors and complex multipliers. The géint Winograd transform is
carried out as 5x8 transform (5 and 8 are relative prime nus)b&he 40-point vector is
loaded to a 5x8 matrix by Chinese Remainder Theorem. Thari4pansform is carried

out 8 times and then on intermediate outputs, 8-point transfs carried out 5 times and
finally data is unloaded by Ruritanian mapping. So therewoetuilding blocks, i.e., a

5-point transform and a 8-point transform. The 5-point Vigraal transform requires 10
multipliers and 34 adders, whereas the 8-point transfoiguires 4 multipliers and 52
adders. These algorithms can be scheduled in a number efafitfways depending on
allocated processing resources in terms of adders andpfierii.

For instance, in design no. 1, by allocating 10 multipliensl 8 adders for the 5-point
transform, it takes 6 clock cycles to process. Similarlyabbgcating 4 multipliers and 16
adders for the 8-point transform, it takes 5 clock cyclesrtacpss. So, for the 40-point
transform, 6 clock cycles x 8 times and 5 clock cycles x 5 tintetal 48 + 25 = 73
clock cycles are required. The throughput can be increagegérating each clock stage
in parallel and by using pipeline registers. It becomes by fodirallel design requiring
all multipliers and adders, and plus extra pipeline regsster 5-point and 8-point trans-
forms. By doing so, now 8 times 5-point transform is procddseonly 14 cycles and
5 times 8-point transform is processed in 10 cycles. In des@ 2, allocating 4 multi-
pliers and 4 adders for 5-point transform, it takes 11 clogiles to process. Similarly
by allocating 2 multipliers and 4 adders for 8-point tramsfpit takes 16 clock cycles to
process. So, for 40-point transform, 11 clock cycles x 8 sirmpd 16 clock cycles x 5
times; total88 4+ 80 = 168 clock cycles are required. For the pipelined designs which
are partial parallel in this case, 8 times 5-point transf@processed in 19 cycles, and 5
times 8-point transform requires 21 cycles. This approasgsuhe same computational
resources as in design no. 1 but due to different schedutingsults in more pipeline
registers as presented in Fig. 10, and hence more clockscgslshown in the Design
Space Exploration presented in Fig. 11.
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mSliceReg. | 3790 | 5028 | 2843 | 2688 | 2689 | 3024
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Figure 10: Resource Utilization for 40-point IFFT, as 5x8fjrad Fourier Transform,
by considering different design options based on scheglalimd resource allocation.
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The sequential approach, design no. 3, scheduling theri-fransform by allocating 2
multipliers and 4 adders requires 9 clock cycles. Similadiieduling the 8-point trans-
form by allocating 1 multiplier and 4 adders requires 13 klogcles. So, for the 40-point
transform, 9 clock cycles x 8 times and 13 clock cycles x 5 sintetal 72 + 65 = 137
clock cycles are required. In this design, multipliers a®H48e based and adders are
based on CLBs. The design no. 4 is identical to design no. aduers are also DSP48e
based. There is a little reduction in CLB utilization but DiBR utilization has increased
from 3 to 11. DSP48e slice has pipeline registers and it ismesended to use them to
increase the performance in terms of clock speed. In desigrbripipelined DSP48e),
by using one register on each port-A, port-B and port-C of Z&Pslices, the same re-
source utilization is achieved as for design no. 4, but iesalonger due to wait stages
for data dependencies in the pipeline. In the last designénahe 5-point and 8-point
algorithms are rescheduled to avoid the data dependenttae preceding stages, which
are in pipeline. It utilizes a little more CLBs resources déinel number of clock cycles
are reduced to 217 from 269 in design no. 5. The DSP48e slieeshared to perform
both multiplication and addition and therefore, the numiferequired DSP48e slices is
reduced to 8.

Fig. 10 shows the resource utilization for the 40-point IFE$ 5x8 Winograd trans-
form for different design options mentioned above i.e., @)y-parallel (CLB-Adders,
DSP48e-Mults) 2) Partial parallel (CLB-Adders, DSP48elts)) 3) Sequential Design
(CLB-Adders, DSP48e-Mults), 4) Sequential Design, (DSRA8ders&Mults), 5) Se-
quential Design (Pipelined DSP48e-Adders&Mults) 6) Sedjaé design rescheduled
(Pipelined DSP48e-Adders&Mults). The resource utilizatis more or less the same for
all of the sequential design. All designs use 40 registet8(Rased) to store the interme-
diate outputs from the 5-point FFTs. The overall resourdization can be reduced by
using distributed memory based registers. Fig. 11 show®#sign Space Exploration
in terms of Area-Time plot for the different design optioms the 40-point IFFT. The
sequential designs which showed almost the same resouiizatittn now shows differ-
ences for their processing clock cycles. All the designsagserate at a maximum clock
speed of 400 MHz.
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Figure 11: Design Space Exploration (Area-Time) for théedént design options for the
40-point IFFT.
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2 Conclusions

We have analyzed different implementation structures édyghase filter bank, and FFT
based concepts are analyzed by different algorithms afetelift design structures based
on scheduling and resource allocation. Different desighnigues for polyphase register
bank mapping, data and coefficient pointers based circhifting for downsampling
and upsampling polyphase filter bank are presented. Basee wasults achieved by our
FPGA implementation analysis, we have provided a set ofaimiels which can be used
by the system designers to approach a given solution in tefmsea-Time trade-offs
given certain design specifications.

References

[1] fred harris, Chris Dick, "Polyphase Channelizer PamisrSample Rate Change Re-
quired for both Matched Filtering and Channel FrequencycByg,in 43rd Asilomar
Conference on Signals, Systems and Compl26r39.

[2] C.S. S. Burrus, Thomas W. ParBFT/FFT and Convolution Algorithms: Theory
and Implementatiodohn Wiley & Sons, Inc. 1991

[3] Virtex-5 FPGA XtremeDSP Design Considerations User Gui@1 9B (v3.3)Jan-
uary 12, 2009

[4] Xilinx DS100 (v1.1) Advance Product Specificatibiay 12, 2006

128



Paper E

Combined Matched Filter and Arbitrary Interpolator for Sym bol
Timing Synchronization in SDR Receivers

Mehmood Awan and Peter Koch

This paper was published in:
13" IEEE International Symposium on Design and Diagnosticsle¢tEonic
Circuits and Systems



Copyright©IEEE 2010
The layout has been revised



1 Introduction

Abstract

This paper describes a low complexity multi-rate synctzenithat makes use
of a polyphase filter bank to simultaneously perform matefilesting and arbitrary
interpolation for symbol timing synchronization in a saeghidata receiver. Arbitrary
Interpolation between available sample points is achiéyesklecting the appropriate
filter in the bank having the polyphase partitioned matchiger fivhich provides the
optimal sampling time. Two different structures are coasid which are modified to
perform combined arbitrary resampling. The computatiooatplexity is analyzed to
have the resource optimal solution. Simulation result@astyzed and their resource
utilization for Virtex-5 FPGA implementation is presented

1 Introduction

Software Defined Radios (SDR) are highly configurable hardyéatforms that provide
the technology for realizing the rapidly expanding futuemgration of digital wireless
communication infrastructure. Many sophisticated sigmatessing tasks are performed
in a SDR, including advanced compression algorithms, pawsatrol, channel estima-
tion, equalization, forward error control and protocol ragement. In recent years,
the FPGA technology has undergone revolutionary changéshwias enabled imple-
mentation of SDR systems ever further. The gate densitidscktk speeds of recent
FPGA generations provide the communication system athitéh a highly config-
urable logic fabric that can be used for realizing sophagéd real-time signal processing
functions [1]. Amongstthe more complex tasks performediigh data rate wireless sys-
tem is synchronization. A large amount of time is spent etirguhis task, and normally
significant amount of hardware and software in a SDR is déslild® synchronization [2].
Physical layer synchronization of symbol timing is reqdivehen samples of the received
signal are misaligned with the data symbols generated byraimsmitter. Synchroniza-
tion can be done by the use of polyphase filter banks whiclvaii@ater flexibility and
efficiency in the receiver by computing only those multiptions necessary for matched
filtering while simultaneously interpolating to achieveaargple point sufficiently close to
the optimum [3].

The development of the polyphase filterbank and its apjdicab perform the interpola-
tions required for symbol timing synchronization is praeenin [4]. The authors of [3]
extended the work presented in [4] by adding an additionatrobloop for carrier syn-
chronization after matched filtering. In our work we combtine polyphase structures for
performing the arbitrary interpolation and the matchedfiiftg to have a single structure
for symbol timing synchronization.

2 Symbol Timing Recovery

There exist two standard DSP approaches to obtain timirayezg in modern QAM re-
ceivers [5]. The first approach uses a polyphase interpadfatalculate the samples at the
desired locations from the offset samples provided by tke funning ADC. These posi-
tion corrected samples are processed in the receiver nufitiee whose output, through
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a detector, forms a timing error signal to guide the inteaiping filter re-sampling pro-
cess [5]. The second approach folds the interpolation gsoitgo a polyphase matched

s | Polyph s(m)
24 yphase : )
Interpolate Matched Filter ['yn) Matched Filter ['yn)
Filter
Derivative Derivative
Matched Filter vi(n) Matched Filter yA(n)
PLL
Loop Filter f PLL
21 Loop Filter 241
(a) (b)

Figure 1: Maximum Likelihood (ML) control of (a) Polyphasetérpolating Filter and of
(b) Polyphase Matched Filter [5].

filter. The separate paths of this polyphase filter represeotlection of filters matched
to different time offsets between input sample positiors e output sample peak cor-
relation value position. The timing recovery process sinfjas to determine which filter
that matches the unknown time offset between input and osgraples. Either process
uses a phase locked loop (PLL) to direct the pointer to thempjate phase leg of the
polyphase filter [5].

Figure 1 presents the structure of the two timing recoveheswes based on the Max-
imum Likelihood (ML) error term formed from two matched filse Fig. 1a shows the
control of the polyphase interpolator while the Fig. 1b shale control of the matched
filters. The loop in Fig. 1a exhibits a larger transport defaypugh the cascade of two
filters than does the loop in Fig. 1b through the delay of alsifijer. Due to the addi-

tional delay, the polyphase interpolating filter must hawsoaver (or lower bandwidth)

loop filter than does the polyphase matched filter [5].

3 System Design

As a case study we will now investigate an SDR-based designB%AN (Broadband

Global Area Network) satellite receiver as shown in FigureTBhe ADC data sampled
at 57.85 MHz is down-sampled to 723.125 kHz by a cascadedtstaiof 16:1 and 5:1

re-samplers. It is further required to match the receivgdaiwith the transmitted pulse
shape using matched filtering along with the timing recoméiys delivering the output at
151.2 k-symbols/sec. Now the two different approachesifioing recovery, mentioned
earlier are employed and compared in order to achieve amapsolution, in terms of

computational complexity.

In the first approach having separate interpolation andmfdter, the timing error signal
guides the interpolation filter re-sampling operation thieee the timing synchroniza-
tion. According to the system requirements, a sample ra#28f125 kHz is converted
to 151.2 kHz. The rate conversion factor is M (number of phbge partitions or phases)
times723.125/151.2 = 4.782, which therefore requires an arbitrary interpolator. The
structural diagram for the first approach i.e., separatgpbalse interpolating filter as
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Figure 2: SDR design for a BGAN satellite receiver. Data imgied at 57.85 MHz
and down-sampled to 723.125 kHz by a cascaded structure:bfab@l 5:1 re-samplers
followed by arbitrary interpolator and match filter for syattiming recovery.

shown in Figure 1a, replaced with arbitrary interpolatalisstrated in Figure 3.

X(n) :' 77777777777777777777777777
—_—

h«(n) : Polyphase Filter
dhy(n) : Derivative poly. Filter

Fractional Offset : d-acc
d-ace : M (flf ou)

M: No. of polyphase partitions |
J

error_sig

Figure 3: Cascaded structure of arbitrary re-sampler artdired filter with ML control
of polyphase interpolating filter.

Figure 3 shows a cascaded structure of arbitrary re-sarfijl@nd matched filter. Ar-

bitrary re-sampler is based on linear interpolation to atjprsbetween available output
points in an M-path interpolator. Interpolation is achié\® polyphase lowpass filter,
and the polyphase derivative filter is used for local slopgemion. The polyphase
lowpass and the polyphase derivative filters’ coefficierinfa is addressed by the in-
teger part of the phase accumulator. The phase accumwaaomiodulo-M (number of
polyphase patrtitions or phases) addition of the fractioffakt factord_acc and the error

signalerror_sig generated by the loop filter. The fractional part of the plzaseimulator

is multiplied with the derivative filter’s output and addedhe lowpass filter’s output for
the slope correction.
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In this case, the matched filter operates at twice the syralb®l.e., 2151.2 kHz = 302.4
kHz, but the loop filter still operates at 1 sample per symBolthe required fractional off-
set factord_acc for the arbitrary re-sampler comes out to be M times 723 (225/51.2) =
M x2.39. The polyphase interpolator filter is designed at updadfrequency 18 723.125
kHz (having 16 phases or subfilters) with transition bandGf-200 kHz and 60 dB side
lobe attenuation. The resulting 320 coefficients are pamgd into M=16 polyphase
sub-filters (phases) each having 20 coefficients. The @maatioffset factord_acc then
becomes 38.26. The matched filter is designed with a rollaator of 0.25, filter length
of + 4 symbols, and operating at 2 samples per symbol, whichtsdsuB3 coefficients.

A computational complexity analysis is required and in tirk we define the com-
plexity in terms of multiplications per second, similar keetdefinition applied in [7]:

R =N X fs ()

R, is multiplications/sec]N is the number of non-zero coefficients, afdis the input
sampling frequency.

In multirate filters,R,,, can be reduced by a sampling rate conversion factor. Foppake
decimator:

RmDEc = (N X fm)/M
RmDEC =N x fso (2)

where f;/M = f., fs iS sample rate at input, anfl, is sample rate at output of a
polyphase filter.

For polyphase interpolator:

Rm[NT = (N X fso)/L
Rmint = N X fo Q)

(wherefs,/L = fsi)

The computational complexity for the arbitrary resampted the matched filter turns out
to be 2¢<(96.77)x.0% and 2<(9.98)x10° multiplications per second (M-Mult/sec), respec-
tively. The factor 2 accounts for the complex operations.

In the second approach, the interpolation process is fadliedhe polyphase matched
filter which is realized by filter bank index selection, andréfore the separate interpo-
lating filter following the matched filter is not required.figrent loop control structures
for this kind of design are possible. An M-stage polyphagerfibank with input data
sampled at approximately N samples/symbol can be used inpthat operates at (a)
MN samples/symbol, (b) N samples/symbol, or (c) 1 sampielsyl [4]. It has been in-
vestigated from simulations that these loop architectwa® only if the input data rate
is some integer multiple of the desired output data rate nbtifor the case involving
arbitrary re-sampling operation. So it requires some meatifins to embed the arbitrary
re-sampling process.
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In order to have the arbitrary re-sampling process embeitdidbd combined interpolation
and match filtering operation, the cascaded approach pgessignFigure 3 is modified by
the following steps and the modified design is presentedgarei4.

1. Replace the arbitrary polyphase interpolator low-passl (polyphase derivative)
filters with polyphase matched (and polyphase derivativeehsal) filters.

2. Discard the previous matched and derivative matchedsfilte

3. Reconnect the timing error and loop blocks to the polyphaatched and the
polyphase derivative matched filters as they were connéetfete to the matched
and derivative matched filters.

x[n] R yin]
hi(n) "~

hy(n) : Polyphase Match Filter

dhy(n) : Derivative poly. Match Filter

Fractional Offset : d-acc
d-acc : M (fin/f out)

M: No. of polyphase partitions

Combined arbitrary resampling and match filtering for timing recovery

Figure 4: Combined structure of arbitrary re-sampler antthe filter with ML control
of polyphase matched filter.

To our knowledge, this modified design has not been publiphedously, and therefore
we consider the concept as a new and innovative idea. Théauhfitter is designed with
the following specifications; roll-off factor of 0.25 witHt&r length of+4 symbols, and
the loop operates at 1 sample per symbol, which results inc62#fficients. Upsample
L and downsample M factors are 16 and 76.52, respectivelg.cbhresponding compu-
tational complexity becomesxd94.35) M-Mult/sec. Based on the complexity analysis
for the two designs (interpolating filter design and the rfiedipolyphase matched filter
design) as shown in Table 1, it can be concluded that our neaidifolyphase matched
filter design leads to a reduced computational complexityrioye than 10%. Besides
that in the first design, loop exhibits a larger transporagehrough the cascade of two
filters than does the modified design’s loop through the defaysingle filter.

Separate Arbitrary interpolation|  (Arbitrary Resampler96.77
and Matched filtering (Matched Filter)x®.98
Combined Arbitrary interpolation 294.35
and Matched filtering

Table 1: Computational Complexity (M-Mult/sec)
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4 Simulations

Closed-loop simulations are performed for the modified pbise matched filter design
in order to demonstrate the features of polyphase filterthangerforming combined ar-
bitrary interpolation and matched filtering for timing symonization. It uses ML timing
error detector which can be easily incorporated into thggitdse filter bank [4]. Sim-
ulated input test signal for the BGAN receiver is a 4-QAM sifhaving one desired
channel with no noise and interference. The matched filtdessigned at an up-sampled
frequency of 3%723.125 kHz (having 32 phases or subfilters) with a roll-afftér of
0.25 and filter length of-4 symbols. The resulting 1248 coefficients are partitiomeal i
M=32 polyphase sub-filters (phases) each having 39 coefticieThe fractional offset
factord_acc becomes 153.042. The proportioda)} and integralf{; gain values are set
to 1.6617 and 0.0033 respectively. Data samples at 1 sasypibbl are processed by
the polyphase matched filter and the polyphase derivatitehmad filter filterbanks. The
product of the two filterbank outputs form the timing errorig¥his updated once per sym-
bol. The timing error signal is filtered by a proportionalsplintegrator loop filter which
is required for a second-order loop to track out the symbmticifrequency offset [8].
The loop filter output together with fractional offset is d€e control the increment in
the modulo-32 counter (NCO) which becomes constant whelotpehas achieved lock.

Figure 5 shows the simulation results as eye and constellatiagrams, both plotted
for 30 to 4000 and 3000 to 4000 symbols. It is seen that the filigp converges the
signal to the desired constellation. Figure 6 demonstridtedoop filter response and
the incrementation of the timing accumulator. The loopféteesponse converges and
the NCO control (timing accumulator) settles to a consttady-state value (153 in this
case).

5 FPGA Implementation

The design is implemented on a Virtex5-vsx50tff1136-3 FP8lack RAMs are used for
storing filter coefficients and DPRAM (Dual Port RAM) is usext foading of the input
data samples as a delayed line required for filtering opmratiThe device utilization
summary is tabulated in Table 2. The design can operate atxanuia frequency of
380.625 MHz.

Number of Slice Registers 520 out of 32640 (1%)
Number of Slice LUTs 533 out of 32640 (1%)
Number of Block RAM/FIFO 3 out of 132 (2%)
Number of DSP48Es 6 out of 288 (2%)

Table 2: Device Utilization (Virtex5-vsx50tff1136-3)

6 Conclusions

In this paper a combined matched filter and arbitrary intepo for symbol timing syn-
chronization in SDR receivers was presented. Two diffesémnictures were considered
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Eye Diagram at Output of time aligned
Matched Filter: (30-4000) symbols Constellation at Matched Filter

Eye Diagram at Output of time aligned
Matched Filter: (3000-4000) symbols Constellation at Matched Filter

4
3
o »
1
0

-4 -2 0 2 4

Figure 5: Eye and Constellation diagram for 30 to 4000 and36C+000 symbols. The
plots for 30 to 4000 symbols give a messy picture due to nigmedl symbols before the
synchronization has achieved.
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Figure 6: Loop filter output and timing increment of Accuntola
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for this task, which were next applied for SDR implementatid a BGAN satellite re-

ceiver. A structure with ML control of polyphase matchecefiltivas modified to embed
arbitrary interpolation, which in terms of computationahplexity is more efficient than
the cascaded structure of arbitrary interpolator and neatciter. We find a 10% reduc-
tion. Simulations for the modified structure with the loopeogting at 1 sample/symbol
were presented to illustrate the response of loop filter anith¢y accumulator. The loop
filter's convergence and constant timing accumulator logliandicate the achievement
of symbol timing synchronization. The structure was finahplemented on a Virtex-5
FPGA having device utilization of 1% and maximum operatitogk speed of 380 MHz.
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1 Introduction

Abstract

The aim of this work is to design efficient bandpass filterafiottistandard soft-
ware defined radios. Software Defined Radio (SDR) basedcapiglins which de-
mand high sampling rate to eliminate the most of the analogpoments require
high-performance technology and digital signal procegsirethods to handle and
process the high sample rate data. State of the art technelogh as FPGAs can
support several hundred MHz of I/O data transfer rate. Ttermal hardware archi-
tecture, however, would limit the maximum operating fraguieof the design. An
alternative is therefore to use advanced DSP methods teaawer this bottleneck.
Polyphase channelizers having spectral shifter to movéiteeposition are used in
a scenario of dual standard (WLAN and UMTS) SDR receiver liertandpass fil-
tering. It will not only split the data in multiple paths todece the per arm data rate
but the filter also operates at lower rate than the input safn@fuency. Furthermore
it can also eliminate the need of IQ demodulator.

1 Introduction

A Software-Defined Radio (SDR) system is a wireless comnaiitic system which ide-

ally can tune to any frequency band and receive any modulatbeme by means of
various functionalities implemented in software and/aggammable hardware. SDR
is an enabling technology for future radio transceiveldsyahg the realisation of multi-

mode, multi-band, and reconfigurable base stations andtalsn However, considerable
research efforts and breakthroughs in technology are redjbiefore the ideal software
radio can be realised. An ideal software radio (ISR) samihlessignal at Radio Fre-
quency (RF), just after the antenna, whereas the realizalfton of the software radio
is the one where the analog to digital conversion takes ftee the first intermediate
frequency (IF).

Recent developments and increasing trends toward a siaglesdntegrating several fea-
tures and capabilities encourage the companies and rbsgamters to develop portable
multi-standard multi-mode "all-in-one” front-ends. Hidgwel of integration and small
size are precedence objectives in these types of mobilécafiphs. In order to achieve
those objectives it is feasible to move most of the data @sing to the digital domain
through shifting the analog to digital converter (ADC) agsd to the antenna as possi-
ble [1]. This imposes more stringent performance requirdmen the analog-to-digital
(A/D) conversion, where a high dynamic range must be contbivieh a high sampling
rate [2].

A scenario of a general multi-standard is shown in Fig. 1 sHeenario in our work has
been scaled down to the UMTS and WLAN standards [1] whichadlstdits to the mo-
bile application. The RF spectral location for UMTS and WLAtndards are shown in
Fig. 2. UMTS has a bandwidth of 60MHz for downlink with 12 cinats and WLAN has
84.5MHz of bandwidth with 3 non-overlapped channels. Itguired to down-sample
and down-convert these channels to baseband.

Bandpass sampling and direct conversion are the two recaigbitectures that are suit-
able for the software radios [6]. The sampling of bandpagsads can be carried out at
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Figure 1: A scenario of multi-standard "all-in-one” froetids user equipment. It high-
lights the user equipment capable of receiving two starglieedJMTS and WLAN.
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Figure 2: Spectrum allocation for UMTS and WLAN standardM 6 has a bandwidth
of 60MHz for downlink having 12 channels and WLAN has a 84.5M#f bandwidth
having 3 non-overlapped channels.

rates significantly lower than the conventional lowpass INstgsampling, causing inten-
tional aliasing of the signal. Bandpass sampling can aleseived signals to be digitized
closer to the antenna using manageable sampling rates and beuld be favourable for
down-conversion in the software radios.

2 System Design

The combined band of WLAN and UMTS is under-sampled at 630MHich results in
overlapped aliases, but the individual bands of UMTS and \NLske non-overlapped.
WLAN band aliases to 36-120MHz and UMTS aliases to 220-28@NtHthe Nyquist
zone. WLAN band is spectrally inverted. Bandpass sampliiages are shown in Fig 3.
In order to extract the individual channels of UMTS and WLAfdrglards to baseband
with the desired output sample rate, channelizers arenedjul here are different types of
channelizers being per-channel approaches, pipelinadrary transforms and polyphase
channelizers [4]. Polyphase channelizers are the mosiegiffimterms of computations
and required hardware resources as compared to the otherallzars [4]. Based on the
unique features of the polyphase channelizer, we have otibseconcept to implement
the system design. The relation between the sampling freyuehannel spacing and
number of channels for the polyphase channelizer is [7]:
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Figure 3: The combined band of UMTS and WLAN is undersampl&3@MHz, and the
aliased signals are shown in the Nyquist zones. The aliasassarlapped but individual
UMTS and WLAN bands are non-overlapped. WLAN alias is sgigtinverted in the

Nyquist zone.

where f, is the input sampling frequency is the number of channels (i.e., transform
size) andAf is the inter-channel spacing. There are two constraintsithee to be
met; one is thafV should be an integer, and the second is that the channelsdtovie
sampled and down-converted to baseband should be centet@dhe multiples of the
channel spacing.

The block diagram of the system design [5] having a sampliagufency of 630MHz
is shown in Fig. 4. The selection of the sampling frequengnisterative process that
requires the conditions of non-overlap aliases and polgplthannelizer constraints to
be fulfilled. The block diagram shows a dual-standard syssampling at 630MHz and
using bandpass filters to separate the two standards bdfarmelization. In order to
reduce the computational workload of the polyphase filtérs,incoming complex sig-
nals from the bandpass filters are down-sampled by possilide factors such that the
sampling frequency of the re-sampled signals is above gmaks bandwidth.

Channel Selector

WLAN |
- WLAN
Combine band of ; POLYPHASE | —»|
UMTS & WLAN BISIERE| CHANNELIZER
(2110 - 2484) MHz (36-120) MHz —>| |output rate
Bandpass L | @20 MHz Baseband
*» Frocessing
N Channel Selector
Bandpass Sampling —/
@ 630 MHz (220-280) MHz >
| umTS > Arbitrary
EAF':I?[FE‘:S | POLYPHASE | ! Resampler [ >
| CHANNELIZER |!
—>
umTS L Output rate
@5 MHz @61.44 MHz

Figure 4: System block diagram having spectrum translati@r to UMTS and WLAN
channelizers. UMTS channelizer is followed by ArbitrarysBmpler to achieve the target
rate of 61.44MHz [5].

In an SDR receiver chain, after the ADC we need to have 1Q desatats to have
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quadrature signals needed to perform the filtering task omptex data. The well known
methods for IQ demodulations are quadrature mixer whichisan as Digital Down
Converter (DDC), complex filtering and Hilbert transform thmeds [10]. Irrespective
of their performance characteristics, in all of these caselipliers operate and deliver
the output at the same rate as the input. SDR based appfisatemand high sampling
rates to eliminate most of the analog components. It wiluregnot only the technology
advancements but especially the advanced signal progassthods to handle and effi-
ciently process the high sample rate data with the currehti@ogy.

This paper will focus on the bandpass filters used in a mtatigard system design [5].
High sampling rate at the input leads to the problems of carafgd ADC-FPGA inter-
faces, and the design of bandpass filters which should apatdtigh rate. These prob-
lems can be solved by splitting the data stream in multiplegand feeding the data to the
polyphase channelizer. The split data drives the commugatmtatary switch distribut-
ing the data among the various arm (sub-filter) in the polgptfdter) of the polyphase
channelizer [9] and reduces the per-arm data rate. Theamsid to design the polyphase
prototype filter to extract the band of channels (standaather than single channels. It
will be helpful in two folds. First, we do not need to have andé@modulator at the input
which is the high frequency end. Second, the bandpass fijerates at a low frequency
due to the down-sampling at the commutator which furtherlmmoonfigured to deliver
the required output sample rate by using embedded resagplnefficient technique to
resample the data in the polyphase arms rather than usiagage?/Q resamplers).

A channelizer described in [8] gives a proof-of-conceptlenpentation, operating at a
1.6GHz input signal. The input signal is split in parallethss lowering the per-arm fre-
quency and then fed to the polyphase channelizer. The higbdsgemands of 1.6GHz
channelizer are efficiently satisfied using the Xilinx Viié FPGA by using the DSP48
blocks capable of operating at 500MHz [11]. The input sigeauickly fanned-outto 16
synchronized and parallel paths, effectively reducingridészidual path rates. In this case
the polyphase channelizer is efficiently used at the hightispmpling rate, extracting
the individual channels. We will extend its use to act as pasd filter having the same
characteristics in terms of the low operating frequencyspil data paths. Referring to
the multi-standard system design whose block diagram i&/shio Fig. 4. The system
uses the undersampling technique and aliases down the ceddpectrum of UMTS and
WLAN, resulting in overlapped aliases but the individuahtla of UMTS and WLAN are
still non-overlapped. The channel bandwidth of both statheles different thus requiring
separate channelizers. Therefore it requires bandpass fitt separate the standards be-
fore the channelizers as shown in Fig. 4.

For a polyphase channelizer to act as a bandpass filter, Vesvfthe same procedure,
i.e., split the frequency spectrum in equal spectral binstanto choose a factav that
meets thefs = N - A f requirements in terms of the channel spectral allocaticihrem-
overlapped channels. Furthermore, the polyphase chaenekn be used in its variant
mode where the channels’ bin can be shifted by multiples aftgu of the channel spac-
ing [9] in order to have a better channel filtering operatidihe filter requirements for
UMTS and WLAN standards are shown in Fig. 5.
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Figure 5: Bands of WLAN and UMTS having 3 and 12 channels retspdy. WLAN
and UMTS bands are (36-120)MHz and (220-260)MHz respdgtive

Designing the prototype filter for the polyphase channelineact as a bandpass filter
is an iterative task which needs to satisfy both the starslahdnnel widths. Case A: In
the standard polyphase channelizer the prototype basdifi@natan not comply to the
requirements because no valueNdflelivers the appropriate spectral bins for UMTS and
WLAN channel bandwidths. Case B: The variant of the polyptd®nnelizer [9] which
accommodates the spectral shift of multiples of quartehefahannel spacing, may re-
sult in a useful solution. The variant polyphase channelize also accommodate the
spectral shifts other than the multiples of quarter of thenetel spacing, but it results in
complex multiplier operations in the sub-filters and therefdemands more resources.
The prototype filter designed for WLAN can also cover the #ftions of UMTS be-
cause the bandwidth of 84MHz can accommodate the bandwi@@hdHz. Now, aiming

at meeting the constraint of Eq.Af is chosen as 90MHz which will cover both 84MHz
and 60MHz bandwidths and satisfy ti# which turns out to be 7. The filter spectral
locations are shown in Fig. 6

“ |t
f— s0 —k—

hy
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90 1

Filter center locations

4 4
0 0
270 -180 90

© x>

x>
5

Figure 6: Prototype baseband filter for the polyphase cHemendlustrating its spectral
location in other channels’ bin.

The prototype filter is designed with the *firls’ method (in Mab) having the transition
widths as [0 45 85 315] as shown in Fig. 6. The passband rigpldsstopband attenua-
tion are 0.1 dB and 60 dB respectively. It results in a 42 tapsopype filter which are
partitioned into 7 sub-filters (6 taps per sub-filter). Theefilis designed for the larger
transition band to have overlapped filter response to mi@rttie filter coefficients. The
spectral position of the filter bins are shown in Fig. 7.

It can be seen by comparing the spectral location of the fittdtig. 6 or Fig. 7 with
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Frequency Response

Figure 7: Spectral locations of prototype filter in diffetehannels’ bin (N=7)

the required channels in Fig. 5 that the filter's spectrahtmn does not cover the chan-
nels bandwidth. Next, we therefore experiment the variahtghase channelizer having
the spectral shifts of quarter of the channel spacing inrdodachieve a working solution.

The shifted versions in terms of multiples of quarter of tharmel spacing (90MHz) are
shown in Fig. 8, 9, 10. The first case (case 0) where the shikerie (s=0) is the same
as shown in Fig. 7. In these figures, different cases for ther flpectral position are
illustrated having the spectral shift of multiples of qeardf the channel spacing. Now,
again by comparing the spectral location of the filters in Fitp Fig. 10 with the required

channels in Fig. 5, it is seen that the filter’s spectral liorein Fig. 10 provides a solution
satisfying the requirements for both of the standards. llthei more clearly shown in the

simulation section.

Frequency Response

Figure 8: Case 1: Spectral locations of prototype filter iifedént channels’ bin (N=7)
with a spectral shift s=1 ('s’ is the multiple of the quartéttee channel spacing).

Frequency Response

Figure 9: Case 2: Spectral locations of prototype filter iifiedént channels’ bin (N=7)
with a spectral shift s=2 ('s’ is the multiple of the quartéttee channel spacing).
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Frequency Response

Figure 10: Case 3: Spectral locations of prototype filteriffecent channels’ bin (N=7)
with a spectral shift s=3 ('s’ is the multiple of the quartétie channel spacing).

If even by these two solutions (case A & B), the filter requiesnts of both standards are
not met, then variant polyphase channelizer having sgestiris other than multiples
of the quarter of the channel spacing can be employed. Asaexphrlier, that it will
increase to the required resource utilization but the desitdj have characteristics of
low operating frequency and multiple path input data whithie most important while
working with the high frequency input data.

3 Simulations

In order to simulate the working of the design, we have gdadra composite test signal
at the spectral locations of WLAN and UMTS standards whicthiswn in Fig. 11.

Input signal Spectrum @ 630MHz

of ' ,
o0l , ,
[24]
©
_aol ,
6ol ,
15 2 25 3
Hz x 10

0 0.5 1
8

Figure 11: A composite test signal generated at the spdotations of WLAN and
UMTS standards. WLAN has 3 non-overlapped channels whés&8ES has 12 chan-
nels.

This test signal is applied to the variant polyphase chargrehavings = 3 as shown
above, which delivers the required UMTS and WLAN bands atahgut. The input
signal’s spectrum overlaid with the filter's spectral piosis for the variant polyphase
channelizer withs = 3 which gives a solution in this case as shown in Fig. 12. It can
be seen that UMTS and WLAN bands are well occupied by the’§ilegssband only in
channel 1 and 3.

All 7 channel outputs of the channelizers are shown in Fig.li8an be seen that only
outputs from channel 1 and 3 delivers the required outputgadpass filters for UMTS
and WLAN standards. The remaining outputs are garbage beirmires of both the
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Figure 12: The input signal spectrum is overlaid with theefit spectral positions for
variant polyphase channelizer with= 3.

standards. The outputs have sample rate of 90MHz which isaddewn-sampling by 7
in the commutator. Furthermore the outputs from the vamaiphase channelizer are

dB
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Figure 13: All 7 Channel outputs of the channelizers. It carséen that only outputs
from the channel 1 and 3 deliver the required outputs as teswdfiters for the UMTS
and WLAN standards.

complex which therefore eliminate the need of IQ demodutothis case. WLAN and
UMTS bandpass signals are spectrally shiftedlgndII/2 rotators respectively to have
a clear view of bandpass outputs as shown in Fig. 14. The&aghwill not require any
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real multiplication operation ad andII/2 rotators result only in sign change operation.
So we have efficiently bandpass filtered UMTS and WLAN stagslat input sampling
rate of 630MHz and delivering the outputs at 90MHz.

WLAN Channels Shifted WLAN Channels
0

-20 -20
@
]
-40 -40
-60 -60
-4 -2 0 2 4
o

4 -2 o 2 4
7

x10 X 1
UMTS Channels Shifted UMTS Channels
0

x 10 x 10

Figure 14: WLAN and UMTS bandpass signals are spectrallfteshby IT and II/2
rotators to have a more clear view of the bandpass signaéseTshifting will not require
any multiplication operation.

4 Conclusion

A dual-standard (UMTS & WLAN) software radio receiver attelgiture is presented with
the focus on high performance bandpass filters. It is requodave bandpass filters to
separate out the standards before channelization sucth#yatan handle the high input
data stream and can operate on the current technology iptetfas well. It is seen that
the polyphase channelizer or its variant can be used wiih tingque and extraordinary
features of multiple paths and spectral translation, t@aa high performance bandpass
filter which can also eliminate the need for IQ demodulatorbe final system block
diagram is shown in Fig. 15 where the previous bandpasssfilterUMTS and WLAN
standards in Fig. 4 are removed by a single polyphase chiaanehaking the architecture
more compact and resource efficient. The initial estimatesesource utilization result
in approx. 32% of reduction compared to the solution with separate bardfitisrs
implemented in polyphase fashion as well.

Channel Selector

fs1

WLAN
WLAN
Combine band of POLYPHASE ||
UMTS & WLAN CHANNELIZER
(2110 - 2484) MHz o | | Outputrate
POLYPHASE | (©6-120MHz g MHz Ll @20 MHz Baseband

o k "
Ba:‘g’gss o—| CHANNELIZER rocessing

e—  (Bandpass | — |(220-280) MHz Channel Selector

- filter) —

= [

o | [

Bandpass Sampling N
@ 630 MHz [>|

UMTS Arbitrary

>

POLYPHASE || Resampler
CHANNELIZER | !
umTS 1>
fs2 L] outputrate
70MHZ @5 MH; @61.44 MHz

Figure 15: Final system block diagram where the previouslpass filters for UMTS and
WLAN standards are removed by a single polyphase channelize
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