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Chapter 1

Introduction

As economy and technology grows, the need for wireless camuation will grow
along with it. New radio communication standards need spett Since the usage
of the radio spectrum has grown considerably and the amdwidable spectrum is
finite, it is reasonable to predict shortage of spectrum énfthure. Today, however,
this physical limit is not reached by far. The perceptiort tlaalio spectrum is scarce
is caused by the bureaucratic way spectrum is managedy tate actual physical
shortage.

Historically the spectrum is managed by governmental ageriike the FCC in
the united states, and Agentschap Telecom in The NetharlaBdch agencies give
out licenses and solve interference issues by a proces$ wehknown as ‘command
and control’ [1]. Until recently, this was the only sensilalpproach for a number of
reasons. First, traditional radio equipment only works dimated number of fre-
guency bands which are hard wired into it during manufaaturiSecond, radios had
bad selectivity and were very susceptible to interference.

Today almost all new radios have a powerful computer onbdaitilly, the only
task of this computer was to control the device, but nowadhigstask only takes a
fraction of the total computational power. Also the analompfend capabilities have
grown beyond what is necessary for merely demodulatingigiiak This over capac-
ity can be used to sense the radio environment and to apflgiatintelligence on this
measurement data. This idea was first proposed by Mitoleo[Bjdke devices more
user friendly. Later the idea was adopted by the FCC whiclsidens the possibility
of dynamic spectrum access, also known as Cognitive Rad®).(The FCC issued a
request for comments about this subject. Hundreds of relsera from companies and
universities replied, and their comments showed disageeénoncerning the feasibil-
ity of such an approach. But neither the advocates or therapyse of cognitive radio
could make a compelling point about whether it would work o, mvhich opened the
road for many research projects.

1.1 Project description
The importance of wireless communication in emergencyasans does not require

much explanation. The question how such communication ldho® organized is
much more difficult. Important lessons are learned fromdatigasters from the past
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like the hurricane Katrina in New Orleans or the fireworkstdag explosion in En-
schede, The Netherlands. For example, directly after teedirk incident, it happened
that outgoing phone calls where impossible because thedbatéen was overloaded,
but incoming calls where no problem. Apparently there wamsigh free spectrum, but
the base station was unable to efficiently use it.

The research which is described in this document is part efAdaptive Ad-
hoc free Band Wireless Communications (AAF)’ project. Tha&FAproject aims to
apply the ideas of cognitive radio to the field of public safehd emergency control
communications.

Within the project there are five closely related researpicto

e Scenarios and products

e Media access en routing

e Implementation in reconfigurable hardware
e Adaptive modulation

e Spectrum sensing

The research on Cognitive Radio within the AAF project, diésd in this doc-
ument, focusses on Opprtunistic Spectrum Acces (OSA). GSa promising new
spectrum management approach that will allow co-existefiteth licensed and op-
portunistic users in each spectrum band, potentially @desang the spectrum licensing
costs for both classes of users and increasing spectrurienfic

1.2 Opportunistic Spectrum Access

Finding new unassigned frequency slots pushes systemmaesitp explore higher and
higher frequencies, e.g., 60 GHz. However, as already omeedi most of the already
allocated frequencies are not used, or used sporadicdireiore, itis logical to allow
non-licensed users to use these frequencies when theyearatfa specific place and
time. Theoretically, such an approach will increase oVvdratjuency reuse without
any licensing costs and will boost the throughput for agioms that opportunistically
use the empty frequencies. This communication techniqumlled Opportunistic
Spectrum Acceg©OSA).

To make OSA feasible, new dynamic spectrum managementiteemhave been
developed [3, 4]. Promising dynamic spectrum managemeéuticias areExclusive
Spectrum Manageme(ESM), theSpectrum Commor{SC) sharing model, andier-
archical Spectrum ManagemefiiSM). In Fig. 1.1, important spectrum management
techniques and their hierarchy are introduced. The ESM hsiillegives exclusive
channel use to each user or provider, but differs from acstatsignment in the sense
that the channels are allocated dynamically among pod&iblesees. Inthe SC model,
different users compete for the assigned frequencies oal éspuns. The HSM model
givesPrimary (Licensed) User@PUs) more rights to use the spectrum then to other
Secondary (Non-Licensed) UsdSUs). We can distinguish two HSM approaches.
In OverlayHSM, only one user/system can use a frequency band at partspace
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Figure 1.1: Modern spectrum management: Classificatioh thi application exam-
ples (see also [4, Fig. 1]).

and time, and the SU has to back off when a PU is present. Howekien no PU is
present the SU can opportunistically use the frequency,lda@ente this technique is
also referred to as OSA. ldnderlayHSM, a SU can transmit in an already occupied
band if this transmission does not increase the interferémd¢he PU above a given
threshold. A further classification of Overlay HSM (not shom Fig 1.1) involves
Symmetric Coexistenderhen both SU and PU networks adapt) asl/mmetric Co-
existencgwhen only the SU network adapts, obeying the PU requiresheiror our
research, we considered the case where the PU does not adapoperation of SU.

As a side note, we need to emphasize that different modenoagmes of spectrum
management outlined above are commonly mistaken @idgnitive RadiqCR) [2].
Fig. 1.2 explains the basic functional blocks of a Cognitiumctionality Wireless
Communications Node (CFWCN). The Sensing Block and Pdli@ock (if avail-
able) are extensively used in deciding the availability pfctrum. These blocks also
help to drive the Learning and Reasoning functions. Therirgrand Decision Blocks
may be implemented with fuzzy logic or neural networks. Teeision database along
with the input from the Sensing Block and Policies Block dsvearning. The end re-
sult is that the radio is configured based on input from difféedayers of the commu-
nication stack as well as the environment. Concluding, GS#natural component of
CFWNC, but not its synonym. Please refer to the IEEE P190@ridard for further
discussion.

1.2.1 What to Expect from PU Spectrum Use

Although many researchers claim that the spectrum is usadey, it is in general
very difficult to obtain good information about realisticegiirum use. To obtain an ex-
ample of PU spectrum use, we measured the spectrum use metuehcy rangé’ =
[446,04; 467,82] MHz on 13 March 2007 at different times edw 11 AM and 8 PM
in the Electrical Engineering department at the Universityfwente in the Nether-
lands. Following the Dutch radio spectrum map, these barelassigned to public
mobile communication channels, with exception of thosennkés that are assigned to
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Figure 1.2: Cognitive Functionality Wireless Communicat Node.

Feature| Value
Mean channel utilizatior) 6.8%
Total number of busy bins 1.7%
Total number of free bing 15.7%
Total number of bins with PU duty cyclgs82.6%
Slot to slot difference in available bins47%
Number of free bins within frequency pool (Max)85%
Number of free bins within frequency pool (Min)16.6%
Average ON time| 4.3s
Average OFF time 58.9s

Table 1.1: Results of the PU Channels Observations

the Dutch Ministry of Defence for aviation communicatione Wave extracted periods
of PU signal activity (ON period) and PU non-activity (OFFipe) for each frequency
bin of 100 kHz, which made it possible to compute the PU agtivietrics as listed in
Table 1.1.

Only 1.7% of the frequency bins were busy the whole time, anddchence not
be used by SUs at all. Also, 15.7% of all the observed frequdiies were free
during the whole observation time. Therefore, the remaild.6% of all frequency
bins showed ON and OFF patterns (with mean ON and OFF timeSafand 58.9 s,
respectively). As a result, when a SU can not time-sharecuémcy bin with a PU,
it can only achieve a spectrum utilization of 15.7%. A strikifact is that the total
channel utilization of the measured frequency rahgeas only 6.8%. So, when time-
sharing is possible, the SU can achieve a utilization of @3.&hich is a significant
improvement compared to 15.7%.

Next we studied the channel availability variations. Fer¢hosen frequency range
F, the average difference in available free frequencies é&&twwo consecutive time
slots of 140 ms was 47%, which shows that the spectrum alailalthe SU can vary
significantly. The minimum difference was 16.6%, which nme#rere was always a
variation. The maximum difference was 85%.

Our conclusion therefore is that dynamic spectrum accesthiegpotential to dra-
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matically improve spectrum efficienc but that any solutiofi kequire a high degree
of spectral awareness and adaptivity. Early in the porfegas decided to concentrate
on OFDM based radio systems, operating within the range #0@nto 800 MHz.

Based on the observations and the early decisions withirAtle project, the
four PhD. students focussed their scientific research owdiking Aspects of Op-
portunistic Spectrum Access (2), Adaptive Baseband Psaoug$or Adaptive Ad-hoc
Freeband Cognitive Radio System (chapter 3), Spectrumir@efes Dynamic Spec-
trum Access Radios (chapter 4) and Mapping Cognitive Randio a Reconfigurable
Platform (chapter 5) and .



Chapter 2

Networking Aspects of
Opportunistic Spectrum Access

by Przemek Pawelczak

2.1 Abstract

Opportunistic Spectrum Access (OSA) is a promising newtspgcmanagement ap-
proach that will allow co-existence of both licensed andaspmistic users in each
spectrum band, potentially decreasing the spectrum licgrsosts for both classes
of users. This chapter will provide information on the resharesults on the net-
working layer for OSA achieved so far within AAF project. Beularly, the focus of
this chapter is on the advances in medium access controlranspbrt layer design.
First we show what are the challenges with implementing Jpart Control Proto-
col (TCP) over OSA links, where we conclude that current T@PBlIementations can
indeed achieve good performance on OSA links, only wherctedeacknowledg-
ments are implemented in TCP design. Later we will show dimdg for the design
of multichannel medium access control (MAC) protocols f@4 There we conclude
that only MACs that maximally spread control and data exgeammong opportunis-
tic channels can achieve very high throughput and low iaterfce levels induced to
licensed users.

2.2 Transport Control Protocol Performance over OSA Links

TCP has constantly evolved since it's original conceptidngood overview in the
context of wireless networks is given in [5]. Many versiofigyors’) of TCP are cur-
rently in use, but probably the most commonly used TCP innkerhet today is New
Reno [6], which improves the Fast Recovery Algorithm of ts@stor Reno [7]. In the
congestion avoidance phase, New Reno (and Reno) probe tinerkdoy additively
increasing the sending rate by a segment per round-trip tinté a packet loss occurs.
Thus, they use packet loss as an indicator of congestiosjntpa periodic oscillation
of the congestion window, which reduces throughput.

A promising new TCP variant is Vegas [8]. In the congestionidance phase,
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Vegas constantly measures the round-trip time of the calmmecalculates from this
the actual and expected segment flow rate, and from this tmbeuof segments that
(it believes) are queued in the network. Two parametergdalands control the size
of the congestion window. Per round-trip time, when thewaked number of queued
segments is less than the congestion window is increased by one segment, ifgreat
thang, the window is decreased by one segment, else the window chaoged. The
default values oty andj are 1 and 3, so Vegas in essence attempts to keep between 1
and 3 segments queued in the network. Because Vegas avoigestion, it does not
suffer from Reno’s congestion window oscillations, andiewds better throughput in
certain scenarios.

Most modern TCP stacks employ selective acknowledgmeh{SBCKs), which
allow a TCP receiver to indicate up to 3 blocks of segmentstinge been correctly
received. Old-style cumulative acknowledgments onlyvaltbe receiver to indicate
the highest in-order segment received. The more preciseK3AfBrmation enables
the sender to re-transmit only those segments actuallyingissnd can result in much
improved performance, especially in more dynamic netwokkrenments where mul-
tiple losses may occur more frequently (e.g., OSA links).thiis work, we mainly
consider SACK enabled TCP stacks, as these are the commeioday.

Because of their different characteristics, especiallthiz congestion avoidance
phase, these TCP flavors can be expected to perform differemér OSA links.
Reno more aggressively probes the network and as a resuly paekets are typi-
cally buffered in the network, perhaps allowing it to ingtamgrab capacity of a OSA
link with packets already in the network. On the other hanejas attempts to keep
between only 1 and 3 segments queued in the network, whiddsaescillations in
the congestion window and rate, but this may limit is abitdygrab additional band-
width. Also, Vegas’ view of the network capacity may be diad by greatly varying
RTT [10] due to abrupt capacity changes of OSA links.

The following section discusses in detail the performanodem TCPs achieve in
networks using OSA links.

2.2.1 Simulation Setup

To investigate the performance of different TCP flavors in ®ACenvironment, we
have constructed a basic simulation scenario shown in Fig. 2 sender is con-
nected to a Base Station (BS) by means of a wired connecigmesenting the In-
ternet (IPv4). The receiver is connected to the BS via a OBAdT varying capacity.
The BS buffers and forwards packets. A TCP connection idbsied between the
sender and receiver, and an infinite flow of TCP segmentsitfiedm sender to re-
ceiver, while TCP acknowledgments flow in the opposite dioac We simulate the
TCP connection, of which we discard the first 100 secondsenaowe the effect of
TCP’s startup phase. We record the number of segments TCRgmerto transfer in
the subsequent 10000 seconds. All simulations, as notkereaere performed using
NS version 2.29, with TCP-Linux enhancement.

The wired connection has a fixed capacity of 10 Mbit/s and ateomn delay repre-
senting the (simplified) delay a packet incurs while travglihe Internet. On the OSA
link, a packet incurs no propagation delay. In addition &sthdelays, packets incur
a transmission delay according to the current bit rate ofilg land queuing delays
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Figure 2.1: Basic OSA network used for TCP performance et@n.

depending on occupancy and maximum size of the buffer in B\€lBe bit rate of the
wired link is chosen such that the OSA link is the bottlenéok.|

The OSA link is constructed as follows. From the BS to the ikecethe BS has
access ta/ channels, where each individual channel has equal capdtigysum of
all channel capacities is 2.4 Mbit/s. In addition, a smak-tisme-varying channel of
0.1 Mbit/s is always available to the BS, making the maximunth minimum available
capacity 2.5 and 0.1 Mbit/s, respectively. Moreover, ifdiial channels are occupied
randomly and independently of each other by the PU, acogitdimn exponential dis-
tribution, where parameters for arrivals and departuresnd )\, respectively), are the
same for every OSA channel. Thugyu and1/\ are the average ‘on’ and ‘off’ period
of a channel. In the other direction, from the receiver toB%& TCP acknowledg-
ments can be transmitted by the receiver at a constant 2 fe\ifiie. Furthermore, the
BS’ PU detection is perfect, and no errors occur on the wseelimk.

In the simulations, the delay of the fixed link is varied begaw& and 100 ms, and
the size of the BS’s buffer between 5 and 100 packets, givingla range of network
configurations one might encounter in the real world. For@8A link, 1/\,1/u €
{1.5,5.5} s (compare these values with ON and OFF values from Table dnt) it
consists of\/ € {3,12} channels. We have chosen the values (OFF time) smaller
than those extracted from measurements, resulting in a dyor@mic OSA link, but
representing possible combinations of arrivals and depestof the PU on a OSA link.

Given the fixedotal capacity of 2.4 Mbit/s of these channels, individual chdsne
are 200 kbit/s in 12 channel models, and 800 kbit/s in the Bimblamodels. As dis-
cussed earlier, we mainly consider the Linux implementatibReno and Vegas, but
also simulate NS’ implementation of New Reno, and Reno vatective acknowledg-
ments (referred to as ‘Sack’ in the following). For Linux’ WdReno and Vegas, and
NS’ Sack, the receiver uses selective acknowledgmentseabtdor NS’ New Reno it
does not. The receiver sends one acknowledgment per rdqedeiet (i.e. no delayed
acknowledgments), as this was shown to produce behavisercto that of the actual
Linux OS [11], that dynamically adapts its acknowledgingatggy. The maximum
segment size of TCP is set to 960 bytes, resulting in packel®@0 bytes, after the
IP header is added. We set the maximum congestion window@6 p@ckets, well
beyond the (maximum) bandwidth delay product (BDP) of thil pas setting it close
to the BDP is not possible for a link of varying bandwidth. &g, we set the mini-
mum retransmission timeout to 0.2 s for all TCPs, as this iiseot practice. The BS
buffer is a simple first in first out queue that drops arriviragkets when it is full. We
simulated all combinations of the above parameters.

Finally, for all simulations, we calculate in bytes the tdSA link capacityC,,,
that was available to TCP over the entire measured perioth(fi to ¢, s), and the
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number of bytes TCP actually managed to transfer in thisodenieferred a<’,:.
From these, we calculate the efficiencygf TCP,

_ Caer _ Alt2) — At)
Ctot fttf Rlnk(t)dt

€ [0,1],

whereR;,,x(t) is the available OSA link rate at tintgbytes/s), andi(¢) is the number
of bytes acknowledged at the sender at time

In summary, we simulate a single long-lived bulk TCP tranefeer a network path
where the OSA link is the bottleneck link, and measure théeael efficiency. We
compare the achieved efficiency of number of TCP flavors, aedwghich performs
best and why for our simulated OSA link environments. We dblook at fairness
among multiple TCP connections, nor do we consider shoetlliWCP connections
(e.g. web-traffic). We simulate a OSA link with optimal andtzntaneous PU occu-
pancy measurements, without any wireless loss.

We now present the results of our simulations.

2.2.2 Simulation Results: Discussion of Models

Fig. 2.2 and 2.3 show TCP efficiency achieved by all TCP flawoedl 3 and 12 chan-
nel models, respectively. The efficiency is plotted as atfonoof wired link delay,
for a (reasonable) buffer size of 50 packets. We can see tHBCRSs achieve higher
efficiency in 12 channel models, compared to their perfocaan 3 channel mod-
els, under otherwise equal conditions. The reason for $hilse smaller link capacity
change in 12 channel models when a channel becomes avaitalnavailable (recall
individual channels are 200 kbit/s in 12 channel modelssu&B00 kbit/s in 3 channel
models, and they become (un)available independently &f edoer). Therefore, in the
12 channel models there is a relatively larger buffer to ipiaély i) grab capacity by
transmitting packets queued in the buffer when the OSA lapecity is increased, and
i) absorb packets when link capacity is decreased untikdreler can lower sending
rate. Additionally, there is a low probability, due to thatfieres of the exponential dis-
tribution, that more than one PU channel will change stateikaneously (or at almost
the same time). Thus, the 12 channel model capacity willllysclaange by 200 kbit/s
at a time, whereas in the 3 channel models, the granularitharige is 800 kbit/s (see
Section 2.2.1).

Looking at the rate at which OSA link capacity changes octGRs achieve better
performance on links with long ‘on’ and ‘off’ periods, tham &inks with short ‘on’
and ‘off’ periods (compare, e.g., Fig. 2.3(a) and 2.3(d})isTis not surprising, as TCP
needs to adapt less often because the OSA link changestydpasioften (for a given
interval). Also, once TCP has converged to the new link cidypdatcan operate there
for a longer time.

Comparing the average duration of ‘on’ and ‘off’ periods, sex that for short
delay, all TCPs perform better in the 12 channel model whek=1.5, 1/4=5.5,
than whenl/A=5.5, 1/u=1.5, achieving almost 100% efficiency in the former, see
Fig. 2.3(b) and 2.3(c)). In this case, ‘on’ periods are e@amieadapt to than short
‘off’ periods. Interestingly, the opposite becomes trueead-to-end delay increases.
Here, we see performance start to drop beyond delays of dppately 80 ms for the
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12 channel model, BS buffer size of 50 packets.
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Figure 2.4: Buffers required to achieve 95% efficiency, flbmzodels, grouped by
TCP flavor. The data points are acquired via linear intetfmisof the measured data.

link with 1/A\=1.5,1/u=5.5, whereas for the link with/A=5.5,1/u=1.5, efficiency is
unaffected by end-to-end delay (given a buffer size of S5&e).

This is due to the following. For our 12 channel link modeiden end-to-end
delay is large it is easier to utilize an ‘on’ period using packets from thefer, than
it is to adapt the sending rate to even a short ‘off’ period. e&rgase in link capacity
(‘off’ period) will likely lead to packets being lost as theSBouffer overflows. Loss
leads to (multiplicative) reductions of the congestion adw, and possibly even time-
outs. We can conclude that, overall, grabbing extra bantiwigl easier for TCPs
(as it is actually achieved by the BS buffer) than reducing sending rate (while
maintaining high efficiency). For the 12 channel modglbas a greater effect than
and whenl /\ is small, TCP performance suffers most.

This effect can also be clearly seen in Fig. 2.4, where thebmurof buffers re-
quired at the BS to achieve 95% efficiency is plotted agaimstdelay of the wired
link (Internet delay). Focusing on the TCPs that employie acknowledgments
in Fig. 2.4(a)-2.4(c) we can see the following. For the 12ncleh models, for large
delays, the number of required buffers is mostly determinetthe duration of the ‘off’
period, as the curves are grouped according to the valde e same cannot be said
of the 3 channel models. Herg,andyu both affect TCP performance. This is due to
the relatively smaller buffer, compared to the change ik Gapacity, which is typi-
cally 800 kbit/s for 3 channel models. The buffer does nota@iarsufficient packets to
keep the OSA link saturated after a capacity increase, tinatisender can increase its
rate, whereas it does for 12 channel models. As a resultffibet ef an ‘on’ period is
not hidden, as it was in the 12 channel case.
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2.2.3 Summary of the Results

We have investigated the performance of a number of TCP #awa OSA environ-
ment. We can conclude that modern, real-world TCP stacksachieve better than
95% efficiency on OSA links with widely varying characteigst under a very wide
range of network configurations, if i) a large (but not unistedally so) buffer is avail-
able at the Base Station, and ii) the receiver employs Se&tegtknowledgments. We
have also seen that TCPs have trouble adapting to even bdie€tions in capacity, if
end-to-end delay is large. This implies that the probabditfalse alarm, a parameter
of the OSA link's Primary User (PU) detection process, mayeha larger effect on
throughput than is apparent from theoretical analysis d?'§6teady statdehavior.

2.3 Multichannel Medium Access Control

2.3.1 OSA QoS Tradeoffs

Our next goal is to quantify OSA dependability in terms ofssiaal QoS parameters
like throughput and delay, as a function of PU parameterk agdoad and tolerance
to interference or collisions from the SUs. Intuitivelyet®SA QoS will be improved
when the PU is more tolerant to interference or when it hasvaddoad. Quantify-
ing this however requires making assumptions about the OS¥ idrotocol, since
the optimal MAC design will result in the best joint SU-PU fmemance. Another
question that hence needs to be addressed is “How shouldUtke&oit the available
spectrum to achieve a reliable communication?”. As we acedimg on the MAC
design here, we answer this question by first listing alluiesd that are important for
OSA networks and showing how these have been addressed litethture. Where
possible, we quantitatively assess which solution is ogitiamd hence results in the
best SU QoS for a given PU set of requirements.

2.4 Key Features of OSA MACs

Quantifying dependability for the scenario where SUs and Btiaire a set of channels
in time and frequency requires making assumptions abo@ 8% network operation.
We have listed many important OSA MAC proposals found irrditere and identified
a set of key features required to enable OSA operation. Quisfes on decentralized
MAC protocols only, i.e., each OSA node locally decides waed how to access the
channel. In addition, many centralized solutions have Ipeeposed where a coordi-
nator organizes the channel access. For instance, thentproposal for IEEE 802.22
WRAN [12] is an example of such an OSA protocol. We are alsorawéaproprietary
OSA MACs found in the OSA devices of Shared Spectrum Compimjips and Mi-
crosoft, but since their specifications are not public weenest able to include them
in the survey.

We briefly introduce the identified features, as listed inl@&bl, for the protocols
found in literature. Before the SU network can start opetatit should decide on
the set of channels to use. This bootstrapping is hence SWMAC feature that
deserves attention. Next, after the set of possible chansdtlentified, the network
should decide on how to organize the SU communication owesetlthannels. The
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Protocol Name | Bootstr.| Type | Scan.| No. RFEs| Policies
BB-OSA [13] No DCC | No 1 —
ESCAPE [14] No DCC | Yes 1 P1,P2
C-MAC [15] Yes DCC | Yes 1 —

MMAC-CR [16] No DCC | Yes 1 P1

Choi et. al. [17] No DCC | No 2 —

Shu et. al. [18] No DCC | No 2 P1
AS-MAC [19] Yes DCC | Yes 1 —

DOSS [20] Yes DCC | Yes 3 —

HC-MAC [21] No DCC | Yes 1 —

Suet. al.[22] No DCC | Yes 2 —
SRAC [23] No SPCC| No 1 P1
HD-MAC [24] Yes | SPCC| Yes 1 P1

Table 2.1: Survey of Representative OSA MACs Discussed ati@e2.4.5

more channels of a given bandwidth are used, the more thpotigine SU network can
achieve. Also, since each channel can potentially be cthioyea PU, the probability
that a SU looses all its channels decreases when using mamnals. We hence
assume a multichannel OSA MAC, and selecting a MAC type isiciemed to be the
next important feature. Next, OSA operation requires imi@tion about the presence
of PUs, and how this is implemented is a third important desigoice. Depending
on the multichannel MAC type and the organization of the stag) more or fewer
front-ends are required to work in parallel, which is a fautesign choice. Finally, a
policy is required to establish the coexistence rules viihRU. The stricter the policy,
the more difficult it becomes for the SU. Below, we discusidaature in more detail
and guantify the effect on QoS where possible.

2.4.1 Bootstrapping

Bootstrapping is the process during which an SU node decidhésh PU channels
are suited for opportunistic spectrum communication. le eoenario, third parties
provide information about such channels so that the SU nabjehas to consult such
third party when it wants to start or join a network. Otherrargos assume that each
node finds those channels locally, which can involve a sicanii amount of spectrum
scanning. Next to finding the channels, each node shoulddit its set of channels
to other users in the network. Interestingly, only a handfubroposed OSA MACs
consider bootstrapping, i.e. C-MAC [15], AS-MAC [19], DOE®] (only for a Con-
trol Channel), and HD-MAC [24]. Usually MAC designers assuthat each OSA
node has a preprogrammed list of PU channels for use. In gh@t¢his chapter, we
assume that each node has decided the set of opportune Ishamukethat this set of
channels is available to each node in the SU network. Eachdsld hence operates
on the same set of channels. We assume that a channel iswmpeovhen a PU is
not using it constantly, i.e., channels with no PU presedt@rannels with some PU
activity. In most cases, this gives us a set with more thanabra@nel. In the next
section, we discuss how to organize the SU communicatiarsat¢hose channels.
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2.4.2 Control Channel Design

After the bootstrapping procedure, the SU network has éec@h a set of possible
channels. Now, for each data packet transmission, the Sidrhitter and receiver
have to coordinate which channel and time slot they will umethat transmission.
This coordination is typically implemented with(eommon) Control ChanngCC).
From a reliability viewpoint, this CC is a very crucial elemef the MAC design,
since no SU data communication is possible when it is ob®iduc

Using the approach defined in [25, Section Il] for generaltildinnel MACs, we
can identify four types of CC implementation, as listed ig.F2.5:

1. Dedicated (Common) Control Chann@®CC), where one SU channel is dedi-
cated solely to the transport of control messages. All netleslld overhear the
control data exchange, even during the data exchange. Asuli,rene Radio
Front-End (RFE) needs to be dedicated to the exchange afotalata. When
only one RFE is used, transmission of control and data padkeime divided
but then the operation of the protocol gets more complex. draeback of the
DCC approach in the context of OSA is that when a PU is activihercontrol
channel, all communication is obstructed. It is hence afigsumed that the CC
should always be available or free from PU. We will discuss igsue in more
detail below.

2. Hopping Control Channe(HCC), where all nodes hop between all channels
following a predefined pattern. When both sender and recsivecessfully ex-
change control messages on the current channel, they spgpnigoand start
transmiting data. After that, they come back to the origimapping pattern.
HCC has the advantage that it uses all channels for transmiasd control,
whereas in DCC the CC can be used to transfer control packtsAlso HCC
does not require a single channel to be free from PU activity.

3. Split Phase Control Chann€EPCC), where time is divided into control and data
phases. During the control phases, all nodes switch thdirsRé& the dedicated
CC and decide on the channels to use for the upcoming datsféran After
each control phase, a data phase allows for data transnsssio the agreed
channels. The advantage is that the control channel candoedusing the data
phases. Also, compared to DCC, no extra RFE for the contanimdl is needed.
On the other hand, SPCC needs stronger synchronizatioentfigdcontrol and
data phases.

4. Multiple Rendezvous Control Chanr®RCC), where multiple nodes can ex-
change control information at the same time, using all alséel channels. Each
node knows the hopping pattern of the others (such hoppitigrpds based on
the seed of a pseudo-random generator), which makes cexithhnges pos-
sible by following the intended receiver on its hopping srmpe. MRCC max-
imally spreads both control and data exchanges across #mels, in a very
random way. As a result, MRCC seems to be the most robust taflitias on
any of the channels. We will illustrate this quantitativeiow. MRCC however
also requires a more stringent synchronization betweehdpping users since
users have to keep track of meeting times.
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Figure 2.5: lllustration of the operation of different mattannel MAC types, with PU
activity on each channel: (a) DCC, (b) HCC, (c) SPCC, (d) MRCC

We further study the different MAC types. First we assesdtmact of PU activity
on the control messages exchange. Next, delay and throughfhe SU network are
determined for each of the four MAC types.

PU Activity on Control Channel

For HCC and MRCC the exchange of control messages on PU didarieevitable
since the exchange of control data is spread among all clsaiméhe SU network.
This certainly affects network availability and communica reliability. However for
DCC and SPCC, the Control Channel does not necessarily aéedmplemented on a
channel with PU activity. More specifically, a single dedéchCC that does not suffer
from PU activity can be built using a proprietary non-PU atgne.g., ISM or UNII
channels, or using a wideband transmission technique suClode-Division Multiple
Access (CDMA) or Ultra-wideband (UWB). The first approachtis most used in
the literature, i.e., [15, 24]. Spreading the control cldramong a wide bandwidth
is very robust against PU activity, but limits the operatiagge of the network since
UWB throughput decreases strongly with distance. Whenribispossible to use a
proprietary or wideband channel, the concept Baakup CChas been proposed [15].
Indeed, the probability that both CCs are occupied by a PWlsimeously is smaller.
However this solution is resource inefficient.

Since DCC is a very popular choice for OSA MAC protocols, sabld 2.1, we
quantify the impact of PU activity in the CC on the throughthdt can be achieved
in a SU network using DCC. This will allow us to assess how ingtt it is for a SU
network to get a proprietary channel for its operation. ks, twe have extended the
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analytical model for multichannel MACs proposed in [25]lwé more detailed physi-
cal layer model to capture the impact of PU and SU interfexeAdso we have imple-
mented the PU presence and the PU scanning process (fds detaiSection 2.4.3).
In Fig. 2.6(a) we plot the impact of PU presence in the 2 Mbiiaded control chan-
nel on the SU throughput as function of SU data packet sizéhdrsimulation, PU
presence was modeled as a Bernouilli process with averageme ratg... This
presence is detected with a probability of 0.99 and with d&aldity of 0.03 the SU
falsely assumes the PU to be present on the channel and pauges message ex-
changes. A total of three SU channels are considered, andfdhese is the control
channel. The PU was assumed to be present in the control@hamly. The interest-
ing conclusion is that the SU can control how dependent iithe control channel by
tuning its data size. Indeed, for larger data packets, lessa messages need to be
exchanged, so the impact of the control channel is smallbenVthe data size needs to
be smaller, the impact of PU activity is larger, and in thisecthe concept of a backup
control channel could be helpful.

PU activity versus SU Throughput and Delay

Because of their opportunistic nature, it is generally assdithat SU networks should
be highly tolerant to delays. Indeed, it can happen thatalhoels are used by the PU,
causing the communication to be suspended. Let us now gty large the SU
delay becomes as a function of PU activity on the channels wWili give us important
information on the type of applications that can be suppodie OSA networks, or
alternatively how the PU activity should be limited to beeatd support a targeted SU
application.

From Table 2.1 it is clear that the majority of OSA MAC proplesase DCC and
only two use SPCC. Surprisingly, we were not able to idertiyC and MRCC pro-
posals in the OSA literature. To be complete, we have howemesidered these four
MAC classes. We have implemented all the protocols in a edarse-slotted simula-
tor. It allows to capture all the intrinsic features of thensidered MACs, especially
the way the control data exchange is organized. For a moadetbtlescription of the
simulator readers are referred to [25, Section V]. We hatergbed the simulator with
PU activity patterns.

In Fig. 2.6(b) we plot the simulated delay of the SU applmasi as function of PU
activity for each of the MACs. In the simulation, the OSA nettwconsists of 20 de-
vices, every user was generating traffic following a Poisdistribution with average
transmission rate of 150 kb/s (the total SU load is 50% of dted bandwidth). There
are 3 channels. Every channel has a fixed bandwidth of 2 MbJsaadlvity was mod-
eled through a geometrically distributed on-off proceske @verage PU packet was
0.8 ms (solid line in Fig. 2.6(b)) or 8 ms (dashed line in Figi(B)), while the average
off time was varied from 0.8 ms to 160 ms resulting in a rangaveirage PU activity
levels. We have assumed a perfect detection of PU activigagh individual channel.
The striking fact is that MRCC is the best MAC among all, whatethe PU activity
level is. Its immunity to temporal non-availabilities ofetithannel and efficient use
of the whole channel capacity presents this type of MACs aandidate for real-life
implementation. This is because MRCC randomizes both glaid data exchange
significantly. Another observation is that the delay of al\®Iclasses becomes higher
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with increasing PU packet size. Because of its randomizinggrties, MRCC suffers
less. PU traffic can have ON times or packet durations in therasf seconds. For the
given scenario, even when the PU activity reaches 30%, tlag d&perienced by the
SU is still lower than 100 ms. This delay could even fit withire toounds for packet
voice communication, where the round-trip delay for a vaioaversation should not
exceed 400 ms according to the ITU-T G.114 recommendation.

Next, in Fig. 2.6(c), we assess OSA network throughput asetifon of PU ac-
tivity for a similar scenario (the solid line is nhow 8 ms andsked is now 80 ms PU
packet size). As expected, the average SU throughput desrdaearly with PU ac-
tivity. SPCC performs the worst in this case, since it wastést of bandwidth on
the data channels during the control phase. MRCC is stilbtst MAC design. The
average throughput does not vary a lot with PU packet size.

2.4.3 Scanning Process

Since a SU cannot use the channel when a PU is present, itsbiotalin information
about PU activities on each channel. Typically, this is iempénted using PU detec-
tors [26]. Alternatively, PU activity information can besasned to be broadcast by a
central device. We can thus classify OSA MAC protocols inteensing and b) non-
sensing OSAs. From Table 2.1 we can conclude that the majuirithe considered
protocols assume having the scanning under their control.

Unfortunately, scanning increases the overhead sincesrmatenot transmit when
they are scanning. Since it is often difficult to distinguSbl and PU signals, the
whole SU network has to be quiet during sensing which requjnaiet Period Man-
agement[15]. Scanning, or hence quieting the network, can be dommdgieally
or before each transmission attempt. The distance betwezdnsecutive sensing
intervals varies, and is often a function of the policy. Therentolerant the PU to
interference, the less often the sensing should be donseNaiding, multi-path shad-
owing and low PU signal levels make a reliable detection ggedifficult. Suboptimal
detectors not only affect the PU QoS levels, but the SU QoSetis w

Scanning performance is measured in terms of the probatulidetect a PU when
present, and the probability to falsely detect a PU. In thenéy case, both SU and
PU QoS is degraded, since a SU will transmit and collide whilh PU resulting in
packet loss for both PU and SU. In the latter case, SU QoS isaded, since a SU
will not transmit when the channel was actually free. It idlweaown that scanning
performance improves with increasing scanning length,[@{ in Fig. 2.7(a) we in-
vestigate the optimal sensing time in terms of SU QoS, foeaago with DCC MAC.
Scanning is performed using energy detection before eadsrrission attempt and
Rayleigh fading is assumed. SU throughput indeed improv#s increasing detec-
tion reliability. When detection performance is accepalthe throughput starts to
decrease since the scanning overhead dominates. This isfless visible with the
high PU activity, since the OSA network will hot have enougipartunities to com-
municate, therefore it will not loose much from the alreachal PU channel capacity.
The impact on PU QoS will be discussed in Section 2.4.5 sit¢&€BS can be con-
sidered to be a policy constraint.

21



x10°

Average Throughput (bps)

0.2 0.4 0.6 08 1 12 14 16 18 2
DATA packet length (b)

@)

Average per Packet Delay (ms)

—<—spcc | |
—*—DCC
200 —b—HcC
—6— MRCC

0 5 35 40

10 15 20 25 30
Offered PU Load q, (% of Total Channel Capacity)

(b)

»

Average Throughput (Mbps)
~ ©

—<4—sPcC
1r | ——nbcec
—b—HcC
—o— MRCC

) 10 20 30 40 50
Offered PU Load d, (% of Total Channel Capacity)

(©

Figure 2.6: QoS assessment for 3 PU channels and 20 SU usBrgindlytical
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Figure 2.7: QoS assessment for 3 PU channels and 20 SU uag@r@SA network
analytical throughput as a function of scanning length f&@MMAC; (b) Analytical
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MAC. Throughput and interference have been computed as @idanof scanning
length varying from 1 to 4&s (resulting in decrease of probability of false alarm from
0.23 to 0.024 and increase in probability of detection fro@20o 0.92) and three
different levels of PU activitieg,, on all channels.

2.4.4 Radio Frequency Front-Ends

The exact multichannel MAC operation and scanning impleatem degrees of free-
dom depend on the number of front-ends that are availabladh 8U node. Indeed,
when multiple RFEs are available, it is possible to use mlgltchannels simultane-
ously for transmission. Or, alternatively, spare RFEs camded for scanning only,
decreasing the impact of scanning on the network throughfytaen only one RFE is
available, sensing and communication should be split ir ti®f course, increasing
the number of RFEs increases the reliability of the systethdetreases delay, but
simultaneously increases the total cost. Typically thisiber varies from 1 to 3, see
Table 2.1. In this chapter, we assume 2 RFEs for the DCC amigéedRFE for the
other MAC types.

2.4.5 Interference Management Policies

Since it is impossible to detect PU presence with certaimymful interference to
the PU cannot be avoided. The maximum level of interferendggically specified
through Interference Policies (IPs), i.e., policies thefire how SUs can behave in
certain PU bands while maintaining the QoS requirementh®fU. The more re-
laxed the IPs are, the better the SU can take advantage dfiepegpportunities. In
other words, policies are rules that determine the tratlbeifveen SU and PU QoS.
Defining such IPs is however a very difficult task. In this deapve want to see how
much a SU could benefit from more relaxed PU policies.

From our literature search (Table 2.1), we can enlist threpnpolicy classes for
OSA networks:

P1 Time basedthese policies define time metrics that regulate SU trassions.
An example metric is the Evacuation Time that defines howdaStJ should
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vacate a channel after a PU is detected.

P2 Power basedthese policies define power limits that each SU needs toitade
account when using PU channels. Example metrics are maxifpeak) power,
power mask, and average transmit power.

P3 Collision based these policies are defined at MAC layer, usually assuming
packet based transmissions. They define collision prababihits, bounding
the probabilities that a SU packet will harm a PU packet.

Depending on the PU system, one of these policies is mosbppate, e.g., the
policy P3 can only be applied to packet-based networks.,Agfiven policy can often
be described, or implemented, differently. The exact digson often significantly
impacts the usability and cost of the SU network. For exapgaéicy P2 can also be
defined as a maximum distance between PU and SU, which redbegeSA network
to embed expensive localization capabilities. We notettietlefinition of policies for
OSA networks is a very hard problem and is an ongoing topieséarch.

Next to the policy format, its level of PU protection can be testraining. For
a given policy (we use the P3 policy since we assume both SUP&hdetworks are
packet based), we investigate what QoS the SU can achieyeF(b)). The proba-
bility of collision with a PU packet and the SU throughput @doth been computed
as function of the scanning duration (and hence scanninlifygua stricter collision
constraint is only achieved with an improved detectiongrenfance, requiring the SU
to scan very long. When the PU constraint is relaxed, the $il$can shorter, resulting
in a throughput improvement of the SU.

The P3 policy, avoiding collisions with PU, can be implensehtising a listen-
before-send scanning. Since the PU does not scan for the édgrmue, it is however
possible that the PU will start a new packet during the SUstrdssion. This can
only be avoided by assuming small SU packets, since it is ealistic to assume
any synchronization between the PU and SU network. Assumsiiich synchroniza-
tion is however very convenient for analysis [24], and weehalso assumed such
synchronization in our models. The only OSA MAC that can altjuassume such
synchronization is AS-MAC [19], which was specifically dgsed for operation on
GSM channels, where slot boundaries can be captured eésibeneral, since it is
very hard to preserve SU/PU synchronization, certain @djdike P1 and P3 have to
be defined very carefully.

2.4.6 Summary of the Results

In the previous section, many features that are importanOf®A MAC design have
been listed and discussed first by means of reviewing theopedg found in literature
and also by quantitatively assessing the impact of someresaion PU or SU QoS.
A first conclusion is that most of the proposed solutions dbauwer many of the
crucial elements of a proper OSA MAC protocol design. Indeszace the operating
conditions of OSA networks are typically unknown during thesign time phase, the
bootstrapping procedure to setup the network before coruation is very important.
However, it is omitted in many of the protocol designs. In tlase of OSA network-
ing, this bootstrapping cannot be considered to be a one-¢fifiort at the start of the
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communication network, so it is crucial to make it as effic@spossible and embed it
in the MAC protocol design. Also, the required scanning e presence of the PU is
sometimes omitted in the protocol design or performancéysisa More importantly,
the specification of policies to regulate the coexistendd WiJs is often described
very vaguely or even fully omitted. It can be concluded théitcaigh many individual
contributions can be found, it is important to assess howetseibtasks can be inte-
grated together into a complete solution to be able to fuidseas the expected QoS of
OSA networks.

Often, the solutions proposed for the subtasks are subaltimthis chapter focus
has been on the organization of the Control Channel singeigha very important
aspect of multichannel OSA networking. Although the solus$i proposed in literature
always assume the availability of a fixed channel for conifarmation exchange (for
DCC this channel is only for control, in SFCC the channel sbalsed for data), we
show that this is not necessarily optimal. Indeed, esgdgdrathe case that there are a
lot of possible channels to use, a fixed control channelyehbsitomes the bottleneck.
Also, when no channel can be assumed to be free from PU gctivid best to spread
the control exchanges over different channels as much asbpes As a result, we
show that the MRCC actually outperforms DCC, HCC and SFCQC avwoad range
of PU traffic conditions.

Finally, we want to emphasize that no solutions found sorfditéerature assess
the QoS given to the secondary network in detail. This is ewa very crucial
study since the introduction of OSA networks only makes adines sufficient level of
QoS can be expected. In this chapter, we attempt to studyelag dnd throughput
performance of a broad range of OSA designs as function of ®itg. Also, we
assess the fundamental trade-off between PU QoS and SU QeS$ndre freedom is
given to the SU to access the channel, the more capacity iisammnd the better its
performance. However, more freedom to the SU means lesamgjeas for the PU and
the success of OSA networking will depend on how well we camuope this trade-off
with a given policy.

2.5 Conclusions

In this chapter we have given important insights into thewoeking of Opportunistic
Spectrum Access. Particularly we have focused on the pedioce of various flavors
of Transport Control Protocols on Opportunistic Spectrucodss links and the perfor-
mance of multichannel Medium Access Control protocols fpp@tunistic Spectrum
Access. The major conclusions can be summarized as follows:

e Hopping MACs not only increase the throughput of secondatyvarks, but
also minimize the interference level induced to the primesgrs;

e Dedicated control channel MACs are not always the right tsmufor OSA
networks—their performance depends strictly on the ndtwetup like number
of channels and users or offered load;

e For any TCP protocol sensing time (and introduced by it da&ghe most im-
portant factor responsible for throughput decrease of {8& @etwork. Errors
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introduced by sensing can be easily mitigated by the linkedagtransmission
mechanisms;

e Selective acknowledgments of TCP are a very efficient wayhafughput in-
crease for OSA networks;

e Length of the ON time has much more impact on the performahd€® than
the length of the OFF time, i.e. the bigger the disproportietween ON and
OFF time, the worst performance of TCP protocol.
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Chapter 3

Adaptive Baseband Processing for
Adaptive Ad-hoc Freeband (AAF)
Cognitive Radio System

by Ibrahim Budiarjo

3.1 Abstract

The growing demand on wireless communication systems tohatde high data rates

has implied the necessity of flexible and efficient use of gjexsum resource. While

the spectrum is a scarce commodity, a vast majority of thigedola spectral resources
has already been licensed, thus there is little or no roordd@ay new services, unless
some of the existing licenses are discontinued.

Studies and measurements have shown that vast portiors lafehsed spectra are
rarely used which has raised the idea of Cognitive Radio {@f®re intelligence and
learning processes aid the radio system in accessing tot@ameefficiently. A Cog-
nitive Radio (CR) system is capable of learning by undeditan(intelligent) in order
to reach its goals. The scope of our research is the dynareatrsp access aspect of
Cognitive Radio, where the challenging problem on this eisfgethe coexistence of
the CR based rental (i.e., unlicensed) users with the lexksgstem while the target
quality of service can still be achieved. It is expected thatrental users are allowed
to transmit and receive data over portions of spectra whiemgpy (i.e., licensed) users
are inactive. This is done in a way that the rental users (Rits)nvisible to the Ii-
censed users (LUs). In such a setting LUs are ordinary mobilainals and their
associated base stations. They thus do not possess CRIitigsabihe RUs, on the
other hand, should possess the intelligence of sensingptedram and use whatever
resources are available when they need them. At the samgethm&Us should give
up the spectrum when a LU begins transmission.

In this chapter we present our research related to the tgobsiin realizing the
coexistence between the CR based rental system and theditegstem.
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3.2 Introduction

Orthogonal frequency division multiplexing (OFDM) haseatly been introduced as
a strong multicarrier modulation scheme and candidate tppéed in CR, due to its
capability in notching part of its carriers in order to hake flexibility of spectrum ac-
cess. Single carrier approach with transform domain conications systems (TDCS)
has also been initiated. The transformation of both apprem¢multicarrier and single
carrier) can be applied by the aid of Fourier or wavelet basistions. In the following
sections we will describe the research that has been ca@luctRCTR TU DELFT
with regards to OFDM and TDCS in the framework of AAF Cogretiradio.

This chapter begins with OFDM on section 3.3, single camiedulation TDCS
is described in section 3.4, the multicarrier wavelet packedulation is discussed
in section 3.5, the work on MIMO V-BLAST as an effort to impethe BER and to
increase the bit rate of the CR which is overviewed in sec8d@) and the demonstrator
for IRCTR-AAF is presented in section 3.7.

3.3 OFDM

Modulation is a very important component in any transmissigstem. A modulation
scheme takes information in the form of bits and modulategrdnsmitter carrier in
such a way that a receiver is able to extract the informatiits)(from the modulated
carrier. ldeally a modulation scheme that is chosen sudhittiban transmit an infi-
nite number of bits in an infinitely small time using an infatjt narrow bandwidth.
But this is impossible. As explained earlier the radio speutis scarce, that is why
chosen modulation schemes have to have a high spectrakeffici The spectral ef-
ficiency is a measure that expresses the modulation schdwiigg @ transmit at a
rate R (b’%) within a channel of bandwidthl” (Hz). The spectral efficiencyﬁi%)

is determined by calculatin% . The more spectrally efficient a modulation scheme
is, the less spectrum will be required in order to commueiedtcertain data rate. The
spectral efficiency that can be attained by a modulationreehgepends on the noise
and propagation conditions. The noise and propagationittoms may vary due to the
atmospheric circumstances. The modulation scheme musifohe be able to adapt
to these varying noise and propagation conditions. Thezefbe second requirement
is adaptivity. A third requirement comes from the fact thestre are multiple nodes, or
users in a network. The modulation scheme must support apheulisers model.

The fourth requirement is that the modulation scheme musebistant to fre-
guency offset and Doppler shifting of the carrier frequenEyequency offsets arise
due to the inaccuracy in the frequency determining compisneihthe carrier oscil-
lator in the transmitter. Technically these are offset fots. While there are many
modulation schemes that will fit all the above requiremeatseasonable choice is
Orthogonal Frequency Division Multiplexing, or OFDM.

Orthogonal Frequency Division Multiplexing belongs to tnelti-carrier modu-
lation family. The modulator divides the incoming data asronultiple carriers that
are modulated at a lower rate compared to a single carrieukatioh system. An
OFDM symbol therefore consists of multiple carriers that ba individually modu-
lated in amplitude and phase. The way the OFDM carriers amutated can vary
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from BPSK for robust low rate communication to more compled®@modulation for
higher throughput. Therefore, OFDM is able to adapt to ckffi noise conditions. It
is also spectrally efficient and it is able to support mudtipkers through Frequency
Division Multiplexing (FDM) and Time Division Multiplexig (TDM) techniques.
Also, OFDM is very resistant to multi-path interference amgen the Doppler shift
is smaller than half of carrier spacing, this shift can belygasmpensated.

In an OFDM system, the symbol rate of each carrier is much tless the se-
rial source symbol rate. Therefore the effects of delayapiee. 1SI) significantly
decrease, reducing the complexity of the equalizer at theivier. Adding a guard in-
terval between symbols will reduce the ISI. Increasing smetsol duration by a factor
of NV will make the ISI becomes negligible and it also reducestthetibn of the guard
interval compared to the symbol duration.

The carriers of OFDM are overlapping, but between differantiulated carriers
they are mutually orthogonal. The carrier spacing is célsefielected such that each
sub carrier is orthogonal to all other carriers. This can tf@eved by making the
carrier spacing equal to the reciprocal of the symbol per®ecause the carriers are
orthogonal, the spectrum of a carrier has nulls at the cdregguencies of all other
carriers, as shown in Figure 3.1.

During one OFDM symbol, the channel needs to be time-inmaiaad the fading
per carrier can be considered as flat. Hence, the OFDM symbyatidn should be
smaller than the coherence timAt). of the channel, and the carrier spacing should
be smaller than the coherence bandwifithf). of the channel. By fulfilling these
conditions, the realization of a low-complexity receivexrpossible.

The OFDM transmission system is depicted in Figure 3.2. A datirce sequence
denoted bys,, consisting ofN. complex-valued symbolsy(= 1, ..., NV.), is transmit-
ted in parallel onV, carriers. These symbols are interpreted as values in thedrey
domain. The sequencs, of rate% are mapped ontd/,. parallel substreams.

A typical condition that occurs in OFDM is that bit errors a@ncentrated in a
set of severely faded carriers, while in the rest of OFDM #pec often no bit errors
are observed. The idea arises to have an adaptive OFDM sygtene the carriers
that will exhibit high bit error probabilities are excludett will improve the overall
BER with an exchange of a slight loss of the system throughfpg potential loss of
throughput due to the exclusion of faded carriers is coaoted by employing higher
order modulation modes on carriers which have a very smaR.B& the framework
of the AAF project we have investigated the application dde bit loading as an
adaptive OFDM method in anticipating the condition priodgscribed. As adaptive
bit loading requires information about the channel stateltmn, we have studied the
application of 2x 1-D Wiener filter channel estimation fooyiding the adaptive bit
loading with the estimated channel transfer functionssjctf

In the effort of having coexistence between cognitive raglistem (rental user)
and the licensed user, OFDM is a strong modulation schengidzte to be applied
in cognitive radio system. OFDM has the capability of natchparts of its carriers
which coincidentally are within the region of the license#is band. The method has
been introduced and is called as "Spectrum Pooling”. We kaatuated the applica-
tion of spectrum pooling with OFDM, by deactivating the ¢ars on and adjacent to
the licensed user’s band combined with windowing in theretibfurther interference
reduction to the licensed system. In the case too many camieed to be deacti-
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Figure 3.1: Spectrum of an OFDM signal.

vated, frequency hopping is applied. According to the spettsensing information,
a new spectrum region that can fulfill the bit rate requireneselected for transmis-
sion. The four topics : adaptive bit loading, Wiener filteanhel estimation, spectrum
pooling and frequency hopping will be described in the folloy paragraphs.

3.3.1 Adaptive Bit Loading

Adaptive bit loading is a method of allocating bits to caisiadaptively and where the
carrier modulation modes are selected accordingly. Trsedaih be allocated carrier-
wise or per subband (group of carriers). As a consequencepdying adaptive bit

loading, the receiver needs information about the numbditefallocated on each
carrier in order to decode the signal properly. This infdioracan be derived blindly

by examining the received signal or from dedicated siggasipmbols. An example
of the signaling symbol is depicted in Fig. 3.3, where thevadlble constellation size
is restricted to the set of 0,2,4,16 and 64. The inner retganbich is the decision

area for 0 modulation mode (no symbol is transmitted) can bdarsmaller up to

a distance of abowdd/4 from the other reference symbols, whetés the distance

between outer points and the no symbol point (zero) showngn3d3. This is due to

the fact that a decision error (e.g no symbol transmittedREK or other modulation

mode is decided) is only caused by the noise (no contribdtimm channel fading).

Next subsections describe several available bit loadiggridhms.
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Figure 3.2: OFDM transmission system [28].

Chow Algorithm

The algorithm is intended to maximize the allowable amodimoise while the mini-
mum desired BER is still achieved. The equation for the opitimiit allocation of this
algorithm is [29],

Sn

3.1
Ny (F + /\margin) ( )

R, =logs |1+

whereS,, is the signal power),, is noise variance anf,, is the transmission rate on
carriern. The noise margify,,q,qi» is the additional amount of noise (in dB) that the
system can tolerate, and is iteratively calculated baseth@map between the total
allocated bits from calculating,, and the target total bits per OFDM symbol [29].
The SNR gafd” is a constant which estimates the difference between trwdtieal
channel capacity and the actual capacity usage by the tissism scheme. Bits are
only allocated to carriers with positive and nonzero valtigRg, and it is quantized
into integer number.

The quantization error is the difference betwden and its quantized value. If
the total number of bits is equal to the target total bits peD®! symbol then the
calculation stops, otherwise substraction or additionitsfis conducted, by applying
it first to the carriers which have the smallest quantizagamr, and so on until the
target total number of bits is satisfied.

Fischer-Huber algorithm

This algorithm tries to make all carriers having the same SS8lRce the overall er-
ror rate is dominated by the carrier with highest error r#ite, rate and power are
distributed in such a way that the error probability on eadichannel is minimized
[30]. The optimum bit allocation is based on the followinguation [31]:
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where N, is the number of carriersir is the target bits per OFDM symbakl/,, is
the complex channel gain and, is the noise variance on carrier R,, is quantized
into an integer number. No bits are allocated to camidrthe value ofRR,, is zero or
negative. After several iterations and all values of quaati?,, are nonnegative and
if the summation of bits is not equal 7, then addition or subtraction of bits (like in
Chow algorithm) is applied.

Group wise loading with modified Fischer-Huber algorithm

In this method, the Fischer - Huber algorithm is modified byadting bits per groups
of carriers. The optimum equation becomes as follows [32],

N/

Rr (1H:?) " )

R; = —-logo <— (3.3)
N)/B erw ’Hk,Q

where H; denotes the channel gain of théh subband, which is the average value of
the channel gains of the carriers affiliated to that subbanthntains the set of indices
of the active subbands (carriers with nonnegative valug;pf N7, is the number of
indices in the set. The grouping of carriers can be basedeainittdices (successive
subband grouping) or based on the order of the channel gaitedssubband group-
ing). Likewise in the Chow algorithm, quantization Bf is applied, and if the target
rate is not satisfied then subtraction or addition of bitsisduicted.
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Simple blockwise loading algorithm (SBLA)

Originally in [33] the bit loading is applied groupwise bdsmn the indices of carriers.
The subband’s SNR is derived from the average SNR of theighdi carriers in the

group. The choice of modulation mode is determined with #ip bf the SNR grid in

Fig. 3.4. The center of the grid (8-QAM region) is placed oa #verage SNR of the
total carriers. The grid is given in [34].

unused | BPSK | 4-QAM | 8-QAM | 16-QAM | 32-QAM [ 64-QAM
“‘+—dt—pdt—pt—pt—p
3dB 446  34dB  24dB  3dB

e
S

Figure 3.4: SNR gap for determining modulation modes [34]

The grouping based on the order of the channel gain will a¢ésevaluated. The
grid can be used for bit loading algorithm carrier-wise.

3.3.2 Wiener Filter Channel Estimation

The Wiener Filter optimizes channel estimation by minimigithe mean square er-
ror between the true channel gain and the estimated chaaimel Gvo cascaded 1-D
Wiener Filtering perform similar to 2-D Filtering, but 2x0Q Filter gives less compu-
tational complexity [35], therefore it is preferable to &sel-D in our system.

In designing the filter for channel estimation, informatiabout the correlation
function of the channel is required. The correlation fumettof the channel in time
is derived from the inverse Fourier transform of the Dopmlewer density, and the
correlation function of the channel in frequency is derifien the Fourier transform
of the power delay profile.

The pilots are arranged in a frame in such a way that it willilifthe sampling
theorem [35]:

1
2fDmas Ty
1
Trnaz A F

dy

IN

dy

IN

(3.4)

where fp,... is the estimated maximum Doppler frequendy, is OFDM symbol
time(incl. guard interval)d; is the distance between pilots in time directiof,,.
is the estimated maximum delay of the chandet, is the carrier spacing ant} is the
distance between pilots in frequency direction.

This balanced design will be optimal if the power delay spentand power
Doppler spectrum have the same shape. The rectangular fgower delay spectrum
and power Doppler spectrum produce the frequefgy-§ and time ¢,) correlation
function as [36]:
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The filter coefficients ) are generated from the multiplication of the channel
correlation matrix @) and the inverse of the autocorrelation matrix of the chhiime
pilot positions @), which is expressed as [35] :

wl =01 (3.6)

the autocorrelation ( in time or frequency) between the okhim pilot positions is
defined as [35]:

1
Ot —n» = O + — (3.7)

C

where~y, is the average SNR on all carriers.

3.3.3 Spectrum Pooling

A strategy which is calledpectrum poolings proposed in [37], [38] where the pub-
lic access is enabled to these bands without giving significeerference to the actual
license owners. Spectrum pooling enables public accegsetral ranges of licensed
frequency bands which are seldom used by overlaying a sacpmental user (RU)
to an existing licensed user (LU). The LUs are radio systemisemticated to operate
under licensed spectral bands. The RUs are intelligent GR)s that actively scan
the landscape and opportunistically utilize available amgsed resources. The RU re-
linquishes control over the resources (here spectrum)dsvaen the LU starts using
them. To identify and utilize unused bands, the frequenaydbaf various radio sys-
tems (including licensed and rental users) are combinedhtimiroa common spectral
pool. Cohabitation of LU and RU systems is actualized by sttaghe transmission
waveform of the RU in a way that it utilizes the unoccupieddifrequency gaps of
the LU.

The pioneering work on the subject was conducted by Jondedl [87] who de-
vised a spectrum pooling scheme using multi-carrier mditulg MCM) where indi-
vidual carriers on and adjacent to the occupied licensedsgeetrum are deactivated.
Fig. 3.5 illustrates a typical scenario. The combinatioaddptive MCM and spectrum
pooling can serve as a robust method to achieve a good qoélitynmunication and
efficient use of the spectrum.

An obvious MCM candidate for CR systems is OFDM. With advgataof flexibil-
ity, easiness of implementation and elegance in operad&fi)M is naturally suitable
for CR system design.

The short-coming of the OFDM solution is the large sidelobgthe frequency
response of filters that characterize the channel assdoidth each of carrier. The
sidelobes amplitude of the Fourier based OFDM can be obsddémvm its power spec-
tral density (PSD),
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Figure 3.5: lllustration of Spectrum pooling block diagram
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NFFT = (1+4a) T

whereNgpr is the number of points of the FFT,, is the useful signal duratiomyt)

is the window function is the roll off factor of the windowf,,, is the frequency
on carrierm. p,, and A,, are the allocated power and the symbol from QAM or
PSK mapping on carriem, respectively. The large side lobes result in significant
interference among the carriers that originate from diff¢rRUs and between LUs
and RUs. Equation 3.8 shows that parameters like allocategmpp,,), symbol @,,)
amplitude and windowgy((¢)) can be set to resolve this problem. Other elements which
can be varied to improve the performance of RUs are the chaodeng parameters
and carrier frequency. The utilization of the parametergtiuce the PSD in the LU's
band and elements to improve the quality of service (QoS)W$ Rill be further
explored in the next following sub subsections.

Adaptive Power Allocation

The allocated power on the carriers adjacent to the LU’s lzamdbe set so the side-
lobes becoming low, while no power is allocated to LU’s bamehce the unallocated
power can be distributed to other carriers.

The distribution can be applied equally or adaptively todtteer carriers. Other
options are to distribute the power only to data, or onlytgil@r only to pilots/data
which are not too close but also not too far from the LU’s batriith the intention not
to largely increase the sidelobe to the LU’s band but imptbeesignal to interference
and noise ratio (SINR) of the pilots/data of RU on that positilue to the possibility
of the high sidelobes of LU to RU.

Adaptive power allocation is applied to the data or pilotsdzhon the estimated
channel gain. In [39] and [40] the power is allocated to easthier with the objective
of minimizing the overall BER. The allocated power to eaclrieais derived from
[39]:
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30,
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subject to Z P, =Pr (3.9)
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whereC'S is the constellation size of the symhd},, in 3.8, 02, is the noise variance
on carrierm, W (.) is the Lambert function (i.e., inverse function gfw) = we™),
®,, = |H,,|* whereH,, is the channel gain on carriet, 1 is a constant anér is the
total allocated power per OFDM symbol.

In [41] optimal power allocation by means of the steepestelaisalgorithm is
introduced. In the beginning initial power to each carrjgy,(0)) and initial step size
parameter(0)) are set. The power is updated accordingly as [41]:

i+ 1) =) =) (o (P a) @a0)

Nrpr dpm (i) oz,

wherei is the iteration number(.) is the BER function determined by the modulation
mode used, and(i) is determined by :

, 1 d (pa(i)
0w 2 g () -

If all of the p,,, values are positive then the new stepgize+ 1) is assumed g$(i)
and the power is further updated until the total powegrconstraint in 3.9 is fulfilled.
Otherwise the stepsize on a specific carriewith negativep,, is updated. The new
m becomes [41]:

pm (i) = ——— U(impmm)H(i)

(3.12)

NrrT dpm(7) o2

m

and the new stepsize(i) becomes the multiplication of a scaling factgt < p < 1)
with the smallest.,,, [41]. The power to those carriers (pm) is updated again aoaogr
to 3.8 until allp,,,s are nonnegative and th&- constraint is achieved. A suboptimal
power allocation is also introduced in [41] by utilizing theper bound approximation
of the BER function ¢()) as:

o, (V/CS —1) S | U
m | < ————7 2(CS—-1)02, 3.13
v<03np > < o ogg(\/CS)e ( )

By applying the BER upper bound in 3.13 combined with theltptaver (Pr)
constraint to the Lagrange optimization function, the poatmcation becomes :

3
AooZ,  2(CS—1)o2 ln<£%u>’ 2%& > e_mofT)

Dy 3P, Dy o2,
o (3.14)

Pm =

o _ C
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m
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P is the average power andl is the set of carriers where its power is nonzero. In
[42] the optimal and suboptimal power allocations are comatiwith Coded Weak
Sub Carrier Excision (CWSE) method, where the weak caraeesexcluded from
transmission. Power allocation with the objective to mazathe bit rate subject to a
finite total allocated power and minimizing the total powdo@ation subject to a finite
target rate optimization problem is decribed in [43], whiile[44] a look up table, to
find the rate-SNR operating point, and a Lagrange multiftisection search method
are applied to calculate the allocated power on each carrier

Ao = (3.15)

Spectrum Shaping by Time Domain Windowing

In [37] an extension of each OFDM block with a long cyclic pxefnd suffix samples
and application of some windowing to reduce the side-lotdabe carrier channels
are suggested. Obviously, this solution is at the cost ofiadth loss because ex-
cessive time should be allocated to cyclic extensions ttetrevise could be used for
data transmission. Further in [37], interference reducisoextended by deactivating
carriers located adjacent to the licensed system (LS) whictides a kind of shield
to the LUs. Due to the channel propagation influence, OFDMiwirs are typically
concentrated in a set of severely faded carriers. This fatitates that there is pos-
sibility that the quality of service can not be maintainedeaviwhile, as mentioned
before, the carriers resource is limited due to deactimatioRU carriers on the occu-
pied LU band. Having adaptive OFDM in CR is thus a solution.e Tieavily faded
and noisy carriers are excluded from transmission to imgtbe overall bit error rate
(BER) of the system, and the loss of throughput is countedably applying higher
order modulation modes to the carriers which have betterasigp noise ratios (SNR)
or BER.

A commonly used window type is the raised cosine window, Wiécdefined as
[37]:

. 0< < T,
o) = {1+ cos| 8 (10 - B2 )|} Bred < < B, (a9
0 otherwise

where« is the roll off factor, andr’, is the useful OFDM symbol interval (without
guard interval). The shape of the window in the roll-off gdetermines how rapid
the OFDM spectrum goes down to zero. The PSD will hit zero enftbquencies in
the interval of%. The Bartlett window is defined by equation 3.17, [45] whie t
Better than Raised Cosine (BTRC) Window which gives the kivegdelobes among
the three windows, is defined by equation 3.18 [46].
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0 otherwise

A window with lower sidelobes than BTRC which is called tRiipped- Inverse
Hyperbolic Secantfarcsech) window which is proposed in [47]. The window is
designed according to 3.19,

Ty (1—
T 0 <[t| < Bl
T% 1— ai}ﬂarcsech(ﬁ <M1+—O‘l |t] ﬂ Ml{—al <t < LZ*
g(t) =
Tiu aTI 7arcsech( <|t| T’—u(l{a)>> % <t < —Tu(12+a)>
0 otherwise

(3.19)
where, according to [48] the duration of an OFDM signal stiché 2T, in order to
complete a tota® Ny samples to preserve the orthogonality, and zeros are adgded o
the region outside the windog(t). The window designs by equations 3.14- 3.17 affect
the transmitted signal, as the consequence an error flobb&flormed. Fig. 3.6(a)
shows an example Bartlett window design according to 3.li¢hvaffects the trans-
mitted signal. It is emphasized in [49] that the applied windnust not influence
the signal during its effective period to avoid an error fldororder to fulfill this re-
guirement the window forms are expanded, i.e., the figws becoming2T,, , and«
is restricted in the range of < o < (1 — @)/2 whereT; is the guard interval

duration. The orthogonality is preserved since the PSCxkitss in the interval og—

at the cost of longer duration of OFDM signall{,(« + 1)). As a solution the window

is truncated to fieT,, OFDM duration, as depicted in Fig. 3.6(b). The orthogogatit
preserved by applying the rectangular receiver filter witrationT’, , implemented by
the DFT [49]. In this way there is more freedom in choosing adeiw in the region

of T2 < || < Tullte) a51ong as its PSD on the symbol boundaries is low, e.g
Gaussian window or half sine window [50].

It should be emphasized that applying only windowing is nuaugh to reduce
interference to the LU. A more powerful technique to supprésDM sidelobes is
carrier deactivation. Deactivation of carriers adjacenthie licensed band provides
flexible guard bands which will make the PSD sidelobes of RbFDM signal on the
licensed band lower. Applying only one of the methods mayoedatufficient, therefore
combining both methods (windowing and adaptive deactivatf carriers adjacent
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Figure 3.6: (a) Window design with influence to the transeditsignal (b) Window
design without influence to the transmitted signal.

to licensed bands) is suggested to make the PSD sidelobedmver in the region
of LU’s band. The loss of throughput due to carrier deadtivatand long OFDM
symbol duration can be compensated by applying adaptivalbitation. Recently in
[51] overlapped OFDM symbol transmission with long symbotation is proposed
to counteract the throughput loss. The scheme is descibieidyi 3.7.

The delay between one OFDM symbol to another should be dasigrsuch a way
that no intersymbol interference occurs, which means tke@EDM symbol should
start after the end of the previous useful data part of an OFRRivbol. If zeros are
inserted at the prefix of suffix (outside tlig; andT,, area as depicted in Fig. 3.6(b)),
the useful data of the next OFDM symbol should start afteldeeuseful data of the
previous OFDM symbol.

Optimum Pilot Pattern for OFDM Based Cognitive Radio

The main concern in estimating the channel by using pilottsylmin the context of the
Cognitive Radio environment is where to place the pilot sgtaif there is a frequency
band that is occupied by the Licensed User. The main reqeinewnf the pilot pattern

design is that the designed pilot pattern will still be aldestimate the channel opti-
mally with the presence of the Licensed User, meanwhile éhfopmance of Licensed
User in its spectrum band is not deteriorated by the presehtieese pilot symbols.

It is assumed that the transmitter and receiver of our sy$tave the knowledge of
the presence of Licensed User via the information obtaimnech fspectrum sensing;
our receiver and transmitter receive the information alwhith frequency bands are
occupied by the Licensed User or in the context of OFDM mathrawhich carriers
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Figure 3.7: Overlapped OFDM symbol with zero ISI.

are to be deactivated in order not to interfere with the LésehUser. Most estima-
tion degradation occurs as deactivated band edges are @ildhpositions, because
the channel estimates on the position after these pilotsdefiend on the pilots be-
fore/after itself which are far in distance and less coteslaln order to counteract this
problem we shift the pilot that supposed to be on the edgeeotigactivated carriers
one carrier position before/after [52]. By doing this we tifi be able to sample
the channel up to the border with the LU’s band at the costsah@psome throughput.
The proposed pilot pattern is depicted in Fig. 3.8. The hemabgsampling pattern is
considered to be the most efficient two-dimensional sarg@itheme. This scheme
requires13.4% fewer samples than a rectangular sampling to represenathe sir-
cularly bandlimited continuous signal [53]. The complegsign requirements for the
hexagonal pilot pattern are described in [54]. Likewisedotangular pilot pattern,
in the presence of LU access, the shifting of the pilot thapssed to be on the edge
of the deactivated carriers to one carrier position beé#ftey (on the data position) is
applied. The scheme is depicted in Fig. 3.9.

Further we have developed a concept of having virtual pitotd the channel es-
timation using a Wiener filter with a hexagonal pilot patteFhe virtual pilots simplify
the implementation of Wiener filtering by reducing the séfiltérs required compared
to hexagonal pilot pattern without virtual pilots. Fig 3.d6scribes the Hexagonal
pilot pattern with virtual pilots. At the receiver, the vigl pilots on the deactivated
carriers position are estimated by extrapolating linetimtyinitial channel estimates on
the position close to the virtual pilots. Further the vittpidots between pairs of pilots
are derived from linear interpolation of the pairs of théiadichannel estimates on pilot
positions combined with a decision directed method. Asésealis show in Fig. 3.10,
the pattern is becoming the regular rectangular pattemcéhenly one set of filter
coefficients is required for channel estimation in the feagry direction. The noisy
initial channel estimates can be further smoothed by apglyiie decision directed
method. The process is shown in Fig. 3.K,, Y, H,, andH,, are the symbol before
demapping, the received symbol, the initial channel es@nfram interpolation and
the final initial channel estimate on the virtual pilot pasitafter the decision directed
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Figure 3.8: Proposed pilot pattern for the cognitive ragistam in the presence of the
wideband LU.

method, respectively. In case the decision directed estmanodule can perfectly
estimate the transmitted symbol on the position of the airpilots, then the initial
estimates on the virtual pilots position will be the samef amithat positions (virtual
pilots) the transmitter sends the real pilots. The decidiogcted method requires the
received signal, this method cannot be applied to the paositivhere the carriers are
deactivated (LU’s band) since the received signal on theséipns are not available.
The channel estimation is applied separately for the relggdare the deactivated band
and after. As a consequence the more LUs exist the more rsaarie deactivated, and
the more edge effects in channel estimation occur that degtee channel estimation
performance. The edge effect can be avoided if the LU’s bsueks than the distance
between pilots in frequency since the pilots on the deaetivaarriers positions can
still be nicely estimated by the extrapolation method.

3.3.4 Frequency Hopping GSM Channel Model At 900 MHz

In the application of spectrum pooling, problem arises @ tnany carriers need to
be deactivated, hence there will not be enough resourceartenit data to fulfill the
target bitrate. In [55] frequency hopping is proposed td déth too many carriers
deactivation in a selected band where the frame design sechweith small bandwidth
and the frame duration is based on the TDD Bluetooth frame.h&ve investigated
the application of frequency hopping to an OFDM system at M&G®quency 900
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Figure 3.9: Transmitted modified hexagonal pilot patteroagfnitive radio system in
the presence of wideband LU.

MHz using rural area and urban area propagation models T3&.cognitivity of the
system is the utilization of the spectrum between 800 to 96{x Mith bandwidth of 5
MHz in a short period of time, according to the Bluetooth TDBrfie as if during that
period the licensed users (LUs) do not acces the spectrunarriecfrequency f.) is
accessed after the scanning result of the CR device inditla# the frequency range
is clean (unoccupied).

The propagation models are taken from the ETSI GSM model @i\V8z [56].
We consider Rural area and Urban area power delay profile Isobeere are 2 alter-
native taps setting in each model. The coherence bandwodtié rural area model
of the first alternative taps setting is 1.6 MHz while the setalternative is 1.2 MHz.
In case of the urban area model, the coherence bandwidtle @ifshalternative is 155
KHz while of the second alternative it is 159 KHz. The firseatiative of the two area
models suggests the sampling time of OFDM signal should ltkdrorder of 0.4s
while for the second alternative a Qu2 sampling time is sufficient enough in order to
have a sample spaced channel model and good channel estimestult. According to
[55] in order to fulfill 2 pJ(pico joule)/ conversion step kg of Merit of the analog
to digital converter (ADC), the signal bandwidth must notead 5 MHz. Since the
sampling frequency is twice the signal bandwidth, the samggime must not be less
than 0.1us.

The worst condition of the propagation model is found in tHzan area propaga-
tion model where the maximum delay,{..) is 5 us and non constant tap spacing.
The OFDM frame is designed according to the TDD Bluetoothesysas depicted in
Fig. 3.12. Only about half duration of the slot can be usedramrsmission. After the
system transmits the bits, it hops to a free (unoccupiedjuracy band and it needs
time to stabilize itself on that band. The frame duration hmas$ exceed 366.s. Table
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Figure 3.11: Decision directed process in estimating theaf pilots.

3.3 shows the choices of OFDM parameters that fulfil the @66ame duration con-
straint. The guard interval (Gl) must exceed the worst casaaio in the urban area
channel model with maximum delay ofis. OFDM with a 2x1-D channel estimation
technique requires 2 OFDM symbols for channel estimatiopgae, while 1-D chan-
nel estimation requires only 1 OFDM symbol. Choosing 128iees with 11 OFDM
symbols per frame is the best choice since it gives the highemughput. The bit rate
achieved with a 4 QAM constellation size on each carrier secaf 2x1-D channel
estimation is around 3.7 Mbits/sec without channel codirtge frame is designed as a
short packet. For the case of 1-D channel estimation onlytrai@ng/pilot symbol is
required, hence it gives higher throughput compared toR2xbklt there will be BER
loss. In the 2x1-D channel estimation, training symbolsiasterted in the beginning
and at the end of the frame. Fig. 3.13 depicts the frame design

Estimation is first applied by using Wiener filter sliding mdpthe OFDM training
symbols (frequency/vertical direction) only. In the netéps the filter slides along
the time / horizontal direction using the channel estimaid¢le frequency domain as
pilots. This process is repeated until the last carrieniidew. Then all the channel
estimates of the frame are obtained. In 1-D channel estimatte filter slides along
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Tap Number

Relative Time [is)

Average relative power (dB

(1) (2) 1) (2)
1 0.0 0.0 -0.0 0.0
2 0.1 0.2 -4.0 -2.0
3 0.2 0.4 -8.0 -10.0
4 0.3 0.6 -12.0 -20.0
5 0.4 - -16.0 -
6 0.5 - -20.0 -

Table 3.1: Propagation model for Rural Area GSM in 900 MHz] [34

Tap Number Relative Time [ts) | Average relative power (dB
1) (2) 1) (2)

1 0.0 0.0 -4.0 -4.0
2 0.1 0.2 -3.0 -3.0
3 0.3 0.4 0.0 0.0
4 0.5 0.6 -2.6 -2.0
5 0.8 0.8 -3.0 -3.0
6 11 1.2 -5.0 -5.0
7 1.3 14 -7.0 -7.0
8 1.7 1.8 -5.0 -5.0
9 2.3 2.4 -6.5 -6.0
10 3.1 3.0 -8.6 -9.0
11 3.2 3.2 -11.0 -11.0
12 5.0 5.0 -10.0 -10.0

Table 3.2: Propagation model for Urban Area GSM in 900 MHz] [34
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Nrpr To(us) Af # of OFDM | 7¢
(kHz) symbols

1024 204.8 4.9 1 -

512 102.4 9.7 3 =

256 51.2 19.5 6 z

128 25.6 39 11 :

Table 3.3: OFDM frame design according to TDD Bluetooth feam

the only one pilot/training symbol aided to the frame. Byasmg the channel doesn’t
change abruptly (slowly faded) during a frame duration ttihenchannel estimates of
the other OFDM symbols within a frame are equal to the chaesgiates on the
training/pilots position.

Tx slot Exslot
—
| < 366 ps i '
~> : :
L 6255 | :
:r'l—h: 1250 us i
i Ivfaster i Ifaster i
: Slave : slave :

Figure 3.12: TX/RX cycle of the Bluetooth system [55].

As the spectrum scanning module indicates a 5 MHz bandwgl#wailable in
a certain carrier frequencyf{) (between 800 -900 MHz), then the front end module
will hop to that frequency, stabilizes itself and then trans data. With the assump-
tion that the scanning process and transmitting data aepérntient to each other, the
scanning is conducted in parallel with the front end’s datl stabilization and data
transmission process. After data transmission, infolwnagbout the fc where 5 MHz
bandwidth is free (provided by the spectrum scanning mQdsalavailable to each
CR transceiver through a common control channel [57]. Aféeeiving thef. in-
formation, the front end will set the oscillator to the capendingf.. Time required
for the transmitter’s front end to transmit data and stainifj itself to the new car-
rier frequency is about 62bs, while during this period the spectrum scanner module
also senses the frequencies from 800 to 900 MHz. The proag®fithe frequency
hopping including spectrum scanning and data transmissidascribed in Fig. 3.14.
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Figure 3.13:. OFDM frame design for short packet transmissith (a) 1D channel
estimation, and (b) 2x1D channel estimation.

OFDM Parameters Channel Parameters
Carr. Freq. 5.5 GHz Chn. del. max. 5 us
# of carriers 256 # of taps 11
Carr. spacing 31.25 KHz | Taps distance 0.5us
Guard time 5.25us # of paths 12
Bit rate 7.5 Mbps Veh. Speed 100 Km/hr
Chn. coding OFF Fading Model Rayleigh

Table 3.4: Simulations Parameters |

3.3.5 Simulation Results and Discussions

In this subsection we present some major simulation retudtiswe got from our ex-
periments and investigations. In the beginning we have Isited the application of
several adaptive bit loading algorithms combined with Wiefilter channel estima-
tion. In this case the parameters used in the simulation eseritbed in Table 3.4.
Fig. 3.15 depicts the simulation of several bit loading atfos taking the informa-
tion about the channel from the Wiener filter . The allowabledmiation modes are
BPSK, 4-QAM,16-QAM, 64-QAM, and 256-QAM. The figure showe teuperiority
of the Fischer carrierwise algorithm. Fig. 3.16 depictsabmparison if the odd num-
ber of bits is allowed to be allocated on each carrier (alle/anodulation mode :
BPSK, 4-QAM, 8-QAM, 16-QAM, 32-QAM, 64-QAM, 128-QAM, 256-8M). The
results show that in case the Wiener filter is used, the padoce difference is slight.
Further we have also examined the combination of windowdagjer deactivation
and adaptive bit loading in OFDM based Cognitive Radio systeThe simulations
were running using parameters given in Table 3.5. Fig. &)1stfows the comparison
of the sidelobes for different kinds of windows. Among theme better than raised
cosine (BTRC) window provides the lowest sidelobes. Deatitig carriers adjacent
to the licensed system will lower the sidelobes even furth&ecan be seen in Fig. 3.17
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Figure 3.14: Process flow of hopping and data transmissio@ RoOFDM based with
Bluetooth TDD frame design.

(b). The SNR vs BER results are shown in Fig. 3.18. Fig. 3.]18l{aws the results of
combined windowing with the design according to Fig. 3.6 adaptive bit loading
with several bit loading algorithms. The Fischer carriesvalgorithm outperforms all
other algorithms, with a gain of about 5 dB compared to cotweal OFDM (without
bit loading).

The proposed optimum pilot with a Hexagonal pattern for OFRdded Cognitive
Radio combined with the concept of virtual pilots was sinediausing the parameters
in Table 3.6. Fig. 3.19 and 3.20 show that a tremendous pedoce improvement
can be achieved at high SNR as the virtual pilots conceptlizad in the pilot pattern.

For the application of frequency hopping, the carrier figy used is between

OFDM Parameters Channel Parameters
Carr. Freq. 5.5 GHz Chn. del. max. 5us
# of carriers 256 # of taps 11
Carr. spacing 31.25 KHz | Taps distance 0.5us
Guard time 5.25us # of paths 12
Bit rate 3 Mbps Veh. Speed 100 Km/hr
Chn. coding OFF Fading Model Rayleigh

Table 3.5: Simulations Parameters Il
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Figure 3.15: BER vs SNR (dB) for Adaptive OFDM with Rect Wielkdter Channel
Estimation with allowable modulation mode : BPSK, 4-QAMQ&M, 64-QAM, and
256-QAM.

800 -900 MHz. The hopping distance is in multiples of 10 MHheTOFDM param-
eters are chosen as described in the previous section, Wieerneimber of carriers is
128, guard interval length is 64, and 16 QAM constellation size. A frame consists
of 11 OFDM symbols, and vehicular speed is 120 km/h. Sincdrtirae duration is
constrained to be 366s , the distance between pilot / training symbols even fulfis t
4 times oversampling assuming a vehicular speed of 300 kndtica900 MHz. . The
frame duration with those parameters is also much shorder e coherence time of
the channel. Rural and urban area propagation models amireeéh Fig. 3.21 shows
that the 1-D Wiener filter is the better choice considerisdatv complexity and slight
BER degradation (around 0.5 dB) compared to the updated>2Wiener Filter. The
BER performance is lower bounded by the filter matched to thveep delay profile
and power Doppler Spectrum of the GSM channel model. In da&s€R system can
access the spectrum longer than TDD frame duration, thargietbetween training
symbols can be increased.
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Figure 3.16: Comparison between allowable modulation modé) : BPSK, 4-
QAM,16-QAM, 64-QAM, 256-QAM, and BPSK, 4-QAM, 8-QAM, 16-QW, 32-
QAM, 64-QAM, 128-QAM, 256-QAM.

Bandwidth 1.28 MHz

carriers 211

Carrier spacing 5KHz

FFT length 256

Guard Interval (Gl) length 43.75us

OFDM symbol duration (incl. GI) T! = 243.75us

OFDM symbols per frame 46

Modulation for pilot symbols BPSK

Modulation for data symbols 4-QAM

Pilot spacing in frequency dy=4

Pilot spacing in time d;=3

Maximum Doppler frequency fDmaw = 82H2

Maximum delay Tmaz =
9.375us

RMS delay spread Trms = 3.448

Channel taps 4

Number of paths per tap 10

Power decrement per tap 1dB

Tap spacing 3.125us

Table 3.6: Simulations Parameters IlI

50



ﬁ

indow with carriers deactivation

(gp) sad pazijewionN

(gp) sad pazijewionN

fTu
(b)
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Figure 3.18: BER vs SNR (dB) Comparison of Adaptive Bit Laagalgorithms using
Better Than Raised Cosine Window form according to desigkign 1.6(b) with
a = 21/128(TGI/Tu) and 48 deactivated carriers in the occupied spectrum.
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Figure 3.19: Performance comparison of rect., hex. pildtepa with virtual pilots
from interpolation./extrapolation, their combinationttmiecision directed method and
the 2x oversampling rect. pattern.
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Figure 3.20: Performance comparison opt. Wiener Filtehwix. pilot pattern with
virtual pilot symbols from interpolation/extrapolatiomaits combination with deci-
sion directed method, and the one without virtual pilotshie presence of wideband
LU.

10'1 ,,,,,,,,,,,,,,, O St s St St

BER

>
=
4]
D —

| | |
OFDM - 1D Wiener Rect - Rural
OFDM - 1D Wiener Rect - Urban Area
OFDM - 2x1D udt.Wiener Rect - Rural Area
OFDM - 2x1D udt.Wiener Rect - Urban Ar
OFDM - 1D Wiener Matched - Rural Are
OFDM - 1D Wiener Matched - Urban Ar
gO;Z)V -2x1D ugt.W|ener Matcneg - Rura
10-2 OFDM - 2x1D udt.Wiener Matched - Urba eal
0 2 4 6 8 10 12 14 16
SNR (dB)

Figure 3.21: BER vs SNR(dB) performance of OFDM with 1-D apdated 2x1-D
Wiener filter.
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3.4 Transform Domain Communications System (TDCYS)

TDCS is a single carrier transmission system where the bigitldlvean be divided
into smaller subbands. In this way it is easier to locate ¢ @f the band occupied
by the LUs and to not put energy in that region. Informatiogareling the spectrum
occupancy of the licensed users is distributed to each CRa&le¥n our project the
information is transmitted through a common control chanfs]. The transmitter
architecture of TDCS system is depicted in Fig. 3.22. Upaeikeng the information
about the region of the LU’s band, a vector mdj(w) is produced by the Spec-
trum Magnitude block wherey defines the index of subband. Zeros are placed on
the subband indexes where the LU’s band is located, and oegdzed on the other
subband indexes [58], [59]. A guard interval (Gl) is adde@dmbat the multipath
fading channel effect. Windowing can be added in order tacedhe sidelobes of the
transmitted signal on the LU’s band. TDCS gives more degoéé®edom in choos-
ing a window to lower the sidelobes of its spectrum. Unlik€dRDM, the spectrum
of the window of TDCS does not have to hit zero on the subbaadisg interval as
long as its sidelobes are very low, e.g through a half sinelewn [50]. Inter subband
interference will not degrade the data detection at theivecdue to the robustness of
autocorrelation method. Windowing can be replaced by desdictg more subbands
adjacent to the LU’s band (adding more zeros to the vedf@w) at the subbands
adjacent to LU’s band) since it will not reduce the transmis®it rate.

| Spectrum
D

y

Spectrum
b Tx
B(w) b bt 1
Scale > IFFT ™ Buffer —»| Mod | GI
C T insertion
(1)
data

Figure 3.22: Transmitter architecture of TDCS.

The impact of zero insertion can be described from the powesity spectrum
(PDS) equation,

Nrpr (+0) B | 2
PSD(f) Z Aw 6]9 wm)/ g(t)e—jZW(f—f(wm))tdt
NFFT m=0 ~(1+a) e
(3.20)

whereT is the usefull signal duratiom(t) is the window functiong is the roll off
factor of the window, and(w,,) is the phase on subbamd produced by the random
phase module. Ip(t) is a rectangular window and is zero, the area within the
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Figure 3.23: Receiver architecture of TDCS with Channeinkation module.

integral can be replaced Wysinc((f — f(wn))T). Zero amplitude at the carrier,,

will make the PDS on that carrier position becoming zero,dulto the orthogonality
among carriers the power contributions from the other eesrare also zero. The time
domain signab(¢) is combined with the transmitted daiét) using Pulse Amplitude
Modulation (PAM) or the Cyclic Code Shift Keying (CCSK) sche. In binary PAM
the bits are mapped as the binary signals are the negatieelfather, while in binary
CCSK the binary signals are the cyclic shift by half of the bgihperiod of each other.
A symbol is represented by rrr samples, accordingly the bit rate of TDCS system
can be calculated as given in 3.21,

logaC'S

o (3.21)

Rrpcs =

whereC'S is the constellation size of modulation &hg is the TDCS symbol duration
including GI duration. The maximur@'S that can be applied in CCSK is restricted
by the number of subband®/¢rr). Unlike PAM, CCSK has the tendency of lower
probability of error as th€’S increases [60], [61], hence the optimum constellation
size for TDCS with CCSK modulation is equal to the number dftands Vrrr).
Theoretically it will give a better bit error rate (BER) pernmance and also a higher
bitrate. The outputs of the random phase modules at themiiias and at the receiver
are the same. At the receiver the random phase vector witkizheof NFFT will be
used for data detection. A modification to the receiver bldi@gram according to
[59] has been made in our system. A channel estimation maslaléded as depicted
in Fig. 3.23 to remove the effect of the fading. After the Ghmval, the fading effect
is cancelled in the frequency domain, after the FFT modufe Signal is transformed
again into the time domain by an IFFT, and the signal is detated with the reference
signalc(t). Decorrelation for symbol demapping is simplified in [61]diyoosing the
maximum of the absolute value of the inverse Fourier transfof the product of the
conjugated received signal and the reference signal imémcy domain.
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3.4.1 Higher Rate TDCS with Extra Embedded Symbol

In an attempt to increase the bit rate of TDCS, in this subseave describe the
proposed embedding symbol from PAM or QAM or PSK modulatioimDCS. The
transmitter and receiver architectures of the propose@syare depicted in Fig. 3.24.
There are two bit sources available. The first one is for thbeslded signal, and
the second one is for the CCSK modulation. We decided to Agver as theC'S
value of the CCSK modulation, while the constellation sizéhe embedded signal
can be varied according to the desired target rate and egeserall BER. At the
transmitter one embedded symbol will be multiplied with Wleetor resulting from the
point to point multiplication between the random phase ae@fw) and the spectrum
magnitude vector’(w). Further, the normal procedure in producing a TDCS signal
is applied. The receiver in the beginning detects the data the CCSK modulation.

1D
magnitude

A’ () Bo(as) B () b(t) b(t) s(t)
PAM /QAM °
dit) — /psk »| Scale |—» |rpT _ﬁ Buffer HCCSKH Gl ‘
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date 2
(a)
T o T Channel 7
removal ™ fadln:gl FFT J.(-)df —»Decision a2'()
) 1€MONa ) rule data 2
Channel Conj | <)
estimation CTF 4
[FFT
R(f)
Spectrum Spectrum Random
ID ™ magnitude phase
A s ( (J)) e/(-l(m)
PAM /QAM] )
psk Pl
Demapping data 1
(b)

Figure 3.24: (a) Transmitter and (b) Receiver architectdfEDCS with extra embed-
ded symbol.

After removing the fading effect in the frequency domairg tiecorrelation in the
time domain for detecting the CCSK data can be replaced bpgake maximum
absolute value of the inverse Fourier transform of the proddé the conjugated re-
ceived signal and the reference signal in the frequency toriidie data from CCSK
detection represents the estimated shift that was takiagepat the transmitter for
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transmitting the data from the CCSK modulation. This est@dashift is then further
used to shift the reference signal, followed by transfogmininto the frequency do-
main signal with the aid of an FFT. The received signal in tegdiency domain before
CCSK data detection is then divided by the shifted referesigeal (in the frequency
domain). After taking the average value gérrr samples and detection by PAM or
QAM or PSK demapping, the bits from the first symbol are retroicged. In order
to improve the BER performance further the channel codirdyiaterleaving can be
applied before the mapping process, meanwhile the desaigrlg and decoding are
applied after demapping. These techniques will not be densd in this document.
The new TDCS bit rate will become :

loga(C'S.CSEM)
T
whereC Sg,y is the embedded symbol constellation size.
The new PSD becomes :

RNEwW TDCS = , (3.22)

Nrrr—1 (1+a)T7u

Sel® Z A(wm)eje(“’m)/
m=0

—(14o) T

1

2
D=2 = Flwm))t gy
Norr g(t)

PSD(f) =

(3.23)
where is the phase of the embedded symbol. For the purpose of hagihgw as
possible sidelobes for dynamic spectrum access, accomlidg?3, the PSK modula-
tion mode is the most appropriate one due to its unity enengglitude, while PAM
and QAM will increase the sidelobes as the constellatioa sbigger than 2. More-
over with regard to the sidelobes requirement, the PAM ettt is the worse option
since for the same constellation size (bigger than 2), itsimam amplitude is bigger
than QAM or PSK mapping.

3.4.2 Simulation Results and Discussions

The simulations for the higher rate TDCS we running usingupeaters described in
Table 3.7. The results in Fig. 3.25 show that in a Rayleiginfadhannel the CCSK
detection is consistently improved as the constellatiae sf the embedded symbol
increases. We see the maximum gain is achieved when the detbegmbol is using
256 PSK. More than 9 dB SNR gain is achieved, as the converttiblCS reaches
its BER at SNR 14 dB, the TDCS with embedded 256 PSK requird® [@sk SNR to
have the same BER.
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TDCS Parameters

Carr. Freq. 5.5 GHz

# of carriers 128

Carr. spacing 31.25 KHz

Guard time 5.25us

Chn. coding OFF
Channel Parameters

Chn. del. max. 5 us

# of taps 6

Taps distance 1pus

# of paths 12

Veh. Speed 100 Km/hr

Fading Model Rayleigh

Table 3.7: Simulations Parameters
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Figure 3.25: SNR (dB) vs BER performance of the TDCS-CCSKWwAM, PSK and
QAM embedded symbol on data2 source in Rayleigh fading aflann
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3.5 Wauvelet Packet Modulation for Cognitive Radio Systems

In traditional implementations of Multi carrier OFDM (MCHIDM), the generation
and modulation of the sub-channels are accomplished lijgiising Fourier bases. In
this subsection another modulation technique is introdugé&e conventional Fourier-
based complex exponential carriers of OFDM are replaceld avihonormal wavelet
packet (WP) bases for use in cognitive radio environmerte. WP bases are derived
from perfect reconstruction of two-band FIR filter bank sioins [62], [63], [64],
[65]. Cohabitation of the WP-MCM based CR systems with @xisticensed users
is actualized by shaping its transmission waveform and kapteely activating or
deactivating sub-carriers in a way that it utilizes the wumied time-frequency gaps
of the LU. The idea is to dynamically sculpt the transmisss@nal so that it has no
or very little time-frequency components competing witk tHJ. This way the CR
can seamlessly blend with the LU operation. The steps torgen¢he WP-MCM
transmission signal are elucidated in Fig. 3.26.

WP-MCM Module

Design of Paraunitary Filte
Banks

Cognitive Module

Radio Spectrum Analysis
And Spectrum Pooling

=

\ 4 A 4

Information on Idle and
Active Licensed User Bandg

Generation of Wavelet Packet
Sub-carriers and their duals

Deactivate affected WP-MCM Sub-Carrierq

v
Construct WP-MCM Transmission Waveform
with NO time-frequency components competing

with Licensed User

Figure 3.26: Fundamental Blocks of WP-MCM based CognitiagliR system.

The level and the number of bases generated is giverl as 2.J. A level 3 tree
structure generates up to 8 wavelet packet carriers and éaah. The WP-MCM
transmission is realized by replacing orthonormal commegonential basis func-
tions, as used in OFDM systems, with orthonormal wavelek@@abasis functions.
The wavelet packet bases and their dual bases are derivagfrdect reconstruction
two-band FIR filter bank solutions from multistage treesstured paraunitary filter
banks derived by cascading 2-channel filter banks. The wapelcket sub-carriers
(to be used at the transmitter end) are generated throughltecimauanel filterbank
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consisting of cascaded two-channel filterbanks applyiegsimthesis filtersi{’ and
G’). The process known as the synthesis procedure consisisarfybnterpolation
(up-sampling) by 2, filtering and recombination at eachlleVe demonstrate the pro-
cess of generation of wavelet packet bases, here we corsichscaded level-3 tree
structure as shown in Fig. 3.27(a). Such an arrangementigamige to eight wavelet
packet bases. This procedure is simplified further by applyhe identities shown
in Fig. 3.27(b). These expressions called the noble idestire popularly applied in
the implementation of multi-rate systems. And in Figure78c2 the equivalent eight-
channel system after the application of the noble idestitleshown. In general, to
generate M bases or sub-carrier waveforms, a level-J treéohae constructed. The
wavelet packet duals (to be used at the receiver end) areebtirom a multichan-
nel filter bank analysis too, though the processes are eefhe duals are obtained
from the analysis filters (H and G) through the analysis pilace which consists of
filtering, decimation (downsampling) by 2 and decompositib each stage. Fig. 3.28
illustrates the generation of 8 wavelet packet duals froevali3 tree cascaded filter
bank.

Choosing the right wavelet is a delicate and at times evervarwhelming issue.
In theory any time and frequency limited function can bdzeil. However in practice,
the wavelet bases cannot be arbitrarily chosen and insteaglth satisfy a number of
requirements. With regard to the applicability to WP-MCMstgms, the desirable
properties may be listed as follows:

e The bases must be time and band limited.

e The bases and their duals must be orthogonal to one anotlesmatie perfect
reconstruction.

e The bases must be orthogonal to one another in order to haygeudemodula-
tion.

Considering these requirements, among several availailelat such as: Coif-
flets, Daubechies, Haar, Symlets, the most suitable waigdle¢ family of maximally
frequency filter banks derived using a modified Remez exahahgorithm. It pro-
vides degree of freedom to shape its sidelobes by varyingggslarity order, transi-
tion bandwidth and the filter length. The longer the filtergdnthe more degree of
freedom available in designing the frequency selectivitg also the regularity order
of the signal. The smaller the transition bandwidth the nforguency selective the
filter will be. Regularity corresponds to the sidelobes @& #ignal. The higher the
regularity order, the smoother or the lower the sidelobethefsignal. More on this
subject can be found in [66]. In [67] WP-MCM with Remez excjparalgorithm as
CR system is evaluated and compared with a Fourier based MIDMOCR system in
the presence of an LU signal in an Additive White Gaussiars®lAWGN) channel.
The results show that for certain Remez parameters valuBsMWIM outperforms the
Fourier based MC-OFDM.

In an ideal scenario the filter banks used to generate thelgtaveve zero transi-
tion bandsB (i.e., difference between pass and stop band frequentiesler such an
ideal scenario for a level-i decomposition, the wavelekpabases derived have con-
fined spectral footprints with bandwidth /27) times that of the Nyquist frequency.
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However, available wavelet families are derived from filbanks that have a wide
transition band and hence the resultant wavelet sub-cah@e a dispersed spectrum
with footprints spilling into neighboring regions. The \eidthe transition bandwidth
the greater the dispersion of the carrier's spectral fagt@nd therefore the greater
the difficulty in isolating those sub-carriers that fall retregion of the licensed user.
This greatly reduces the efficiency of the system. It is tlieecimportant to design
filter banks that have narrow transition bands. The fundaahéineory on the design
of frequency selective filter banks was developed by Riodl Rohamel [66]. They
devised the procedure to design maximally frequency sedeéitter banks under a
given set of constraints using the modified Remez exchamngeidim. In addition to
the frequency selectivity, two other properties are imguatrin the design of wavelets.
They are the paraunitary and regularity conditions. Theaymtary condition is an
important property for many reasons. Firstly, it is a preisiie for generating or-
thonormal wavelets [68]. Second, it automatically ensyergect reconstruction of
the decomposed signal i.e., the original signal can be stagried without amplitude
or phase or aliasing distortion [69]. A rational transfendtion 7'(z) is said to be
paraunitary when it obeys the reIatifﬁ(z)T(z) — 1. HereT is the paraconjugate of
T(z) and is given ag'(z) = T'(=~') where the subscript * denotes the conjugation of
the coefficients. The regularity property is a measure ofathmess of the wavelet and
is normally quantified by the number of times a wavelet is icniatusly differentiable.
The simplest regularity condition is thidlatness constraint which is normally stated
on the low pass filter (LPF). A LPF is said to satidfith order flatness if its transfer
function H (z) containsK zeroes located at the Nyquist frequency£€ —1 orw =7

). The parameter is called the regularity index and for arfdfelength L it satisfies
the condition) < K < g The objective of the design is therefore to construct a
maximally frequency selective filter bank with additionahstraints that the filters:

¢ allow orthonormal expansion and perfect reconstructiodisirete-time signals
¢ have finite impulse response

e satisfy the paraunitary condition

e satisfy the flatness/regularity condition

For a filter of lengthL this is essentially solving. unknown filter variables from
L linear equations. Of thesk linear equationsL /2 equations come from the pa-
raunitaryness constrainfy’ equations come from the regularity or flathess constraint
and the remainind. /2 — K conditions offer the possibility for establishing freqagn
selectivity. The larger the value @f/2 — K, the greater the degree of freedom for fre-
guency selectivity and the greater the loss in regularityer€ is therefore a trade-off
between frequency selectivity and regularity. Wavelethsas the Daubechies family
are maximally flat with regularity indeX’ = L/2 and hence they are not frequency
selective.

Such an optimization problem can be solved using the modRieiez exchange
algorithm. The exact details of how these equations areddtvobtain the filter banks
can be found in [66].
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3.5.1 Simulation Results and Discussions

In this work we are considering an AWGN channel, while theehised User’s band
is considered to be comparable to 32 carriers (1/4th) of Resystem and located in
the middle of the CR spectral band (Fig. 3.4). The CognitiegliR system operates
with 128 equally spaced carriers. The 128 wavelet packetecarare derived from a
level-7 cascaded tree. As shown in Fig. 3.29, the performafboth the OFDM and
WP-MCM based CR systems worsens (WP-MCM is marginally molerant than
OFDM) in the presence of an LU and perform better when thehiara in and around
the LU spectral bands are removed. For OFDM the best resaltsldained when 36
or more carriers are removed while for WP-MCM the number @#4H0 carriers. The
advantage of WP-MCM is that once its transmission signateiered clear of the LU
bands, it comfortably outperforms its OFDM counterpartt €g. for a given BER of
10~ with 44 carrier removals, WP-MCM gives a gain of about 2 dBamparison to
OFDM.
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Figure 3.27: Generation of wavelets. (a) A level-3 tree gi8avavelet packet bases.
The up arrows represent interpolation by/2. andG’ denote the frequency responses
of the low and high pass reconstruction filters, respegtivdd) Noble identities; (c)
Equivalent 8-channel system after applying the noble itdest wherey’ is equivalent
reconstruction filter as results of the convolution comboraH’ and G’ according to
the tree linesM = 8 for the example considered.
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Figure 3.28: Generation of wavelet Duals. (a) A level-3 gaes 8 wavelet packet
dual bases. The down arrows represent decimation b 2and G denote the fre-
guency responses of the low and high pass decompositiors filtespectively; (b)
Equivalent 8-channel system after applying the noble itdest wherey is equivalent

decomposition filter as results of the convolution combara#! andG according to

the tree lines\/ = 8 for the example considered.
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Figure 3.29: OFDM versus WP-MCM based CR. BER performancepesison of
OFDM and WP-MCM based CR systems in the presence of LU.
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3.5.2 Publication with Respect to The Topic

e M. K. Lakshmanan, I. Budiarjo and H. NikookdarMaximally Frequency Se-
lective Wavelet Packets Based Multicarrier Modulation &ubk for Cognitive
Radio Systenis in Proc. 50th IEEE Global Communications (GLOBECOM)
ConferenceNov. 26-30, 2007, Washington, DC, USA.
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3.6 MIMO V-BLAST Architecture

V-BLAST is one of the promising realizations of multiple impand multiple output
(MIMO) systems [70]. At each symbol it detects the strondgagtr of the transmitted
signal, cancels the effects of this strongest layer frorh @hthe received signals, then
continues to detect the strongest on the remaining layegss@aon. The MIMO trans-
mitter and receiver models for CR TDCS and OFDM based syséeedepicted in Fig
3.30. At the receiver side of either TDCS or OFDM shown in Bigg1, the received
signals on each receiver antenna are transformed firsthietéréquency domain. V-
BLAST algorithms will reconstruct the transmitted signgldemoving the fading ef-
fect of the channel in the frequency domain. Wavelet packeDKd and higher rate
TDCS with embedded MIMO V-BLAST are depicted in Fig. 3.32 alBd33. The
received signals at each receiver antenifisom each of the transmit antennais :

M
Yn = Z Hnme + My (324)
m=1

or in matrix form the received signal vector is :

Y =HX +1n (3.25)

whereY = [y1, 42, , yn] is the received signal vectak, = [z, 22, , /] is the trans-
mitted signal vector)/ is the number of transmit antenna$,is the number of receive
antennasn = [m, 12, , 7] is the noise vector and the channel matffixs described
as 3.26 wherdd,,,,, is the channel link between transmit antennaand receive an-
tennan [71]. Fig. 3.34 depicts all the links between transmit arebiee antennas.

Hy1 Hip -+ Hig
Hyy Hy -+ Hyy

ST : (3.26)
Hyi Hyo -+ Hpyum

By assuming that the receiver has the information of the mblamatrix H, the
V-BLAST algorithm is implemented as follows [71]:

¢ Build a Moore pseudo inverse matrix &f
G=H"T = (H*H)—lH*

e Find the row of G where its Euclidean norm is the smallest one,
k= argminj ||GJ||

andj is the column of matribxG. For the TDCS system the sum is applied for
Nppr samples since one transmitted symbol is representédgy- samples.

e Take the rowk of G as the nulling vectotw,
w=(G)k

e Obtain the strongest transmit signal,
T, =W *xY

for the TDCS system;, will be a vector of sizeVgpr.
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e The estimated value of the transmitted symbpls derived by PSK or QAM
demapping of-, for OFDM while for TDCS the vector;, will be decorrelated
by the reference signal.

e After detection of the strongest transmitted signal, ifsafmust be cancelled
from the received signal vector to reduce the detection d¢exitp of the re-
maining signals, the symbgéy, is mapped again by PSK or QAM mapping for
OFDM while in TDCS3;, is mapped into its frequency domain representation,

y =1y — (H)y * Mapping(sy)

where herek is the column index. Thé-th column of channel matrid is
then zeroed for the purpose of detection of the strongessrméted signal on
the next layer. The algorithm returns to step 1 until thedmaitted symbols on
all layers are detected.
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Figure 3.30: MIMO Transmitter architecture for CR (a) TDQ®idb) OFDM based
system.

3.6.1 Simulation Results and Discussions

We have simulated MIMO OFDM and MIMO TDCS with parametersegiin Table
3.7. The results in Fig. 3.35 show that the BER of the CR TDC&taystem im-
proves its performance and even outperforms the OFDM bastes as the number
of receive antennas and the SNR are increased. The achi®iRdy&@n of TDCS is
more significant compared to OFDM system as the number ofveemtennas in-
creases while the number of transmit antennas remains e sa
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Figure 3.32: MIMO architecture for WPMCM based CR systemT@nsmitter (b)
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For the MIMO Wavelet packet multicarrier modulation (WP-M{ an AWGN
channel is used. Both the OFDM and WP-MCM scheme use the setroétsansmis-
sion parameters - 128 carriers each with 40 carriers in tieef@arence band removed.
The wavelet used belongs to the family of maximally freqyeselective filters. The
curves (Fig. 3.36) are for the MIMO configurations 1x1, 2x# 8r3. For all the cases
considered the WPMCM setup performs comparably well asiBK) counterpart.

The application of MIMO to the TDCS with an extra embedded Isgh{higher
rate TDCS) was simulated using the parameters providedile Ta7. Fig. 3.37 shows
the performance of the CCSK detection. In line with the figdihat we have for the
single input single output higher rate TDCS shown in sulice@.2, we see that as the
constellation size increases the CCSK correlation prgpsrenchanced, particularly
for the PSK embedded symbol. Adding MIMO with the compositod more receive
antennas compared to transmit antennas improves the iparfice even further.
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Figure 3.33: (a) MIMO Transmitter and (b) V-BLAST Receiveclitecture of TDCS
with extra embedded symbol.

Rrpcs
Nte AN 126 CCSK | [orpu
1 26.8 Kbps 187.6 Kbps | 2.362 Mbps
2 53.6 Kbps 375.2 Kbps | 4.724 Mbps
3 80.4 Kbps 562.8 Kbps | 7.086 Mbps

Table 3.8: Bit rate comparison

21

Figure 3.34: MIMO Channel model.
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Figure 3.35: BER vs SNR (dB) performance of CR TDCS-CCSK, ®HRiased with
BPSK in MIMO V-BLAST architecture with 2 Tx antennas and di#nt number of
Rx antennas.
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Figure 3.36: OFDM versus WP-MCM based CR. BER performanceapewison of
OFDM and WP-MCM based CR systems in the presence of LU. MIVEDdg for
Multiple input-multiple output, SISO for single input-gjle output.
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Figure 3.37: SNR (dB) vs BER performance on source datazeof BCS-CCSK with
embedded QAM and PSK symbol in Rayleigh fading channel with[aIMO.
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3.6.2 Publications with Respect to The Topic

e |. Budiarjo, H.Nikookar, L.P. LigthartCognitive Radio with Single Carrier
TDCS and Multicarrier OFDM Approach with V-BLAST Receivar Rayleigh
Fading Channél in Proc. 2nd International Conference on Cognitive Radio
Oriented Wireless Networks and Communications (CROWNC@iust 1-3,
2007, Orlando, Florida, USA.

¢ |. Budiarjo, H. Nikookar and L.P. Ligthart,Cognitive Radio with Single Carrier
TDCS and Multicarrier OFDM Approach with V-BLAST Receiver Rayleigh
Fading Channél to appear ilRCM / Springer Mobile Networks and Application
(MONET) Journal special issue on Cognitive Radio OrientexMss Networks
and Communication2008.

e M. K. Lakshmanan, I. Budiarjo and H. Nikooka\Wavelet Packet Multi-carrier
Modulation MIMO Based Cognitive Radio Systems with VBLASEdeiver
Architecturé, to appear irProc. IEEE Wireless Communications and Network-
ing Conference (WCNCMarch 31 - April 3, 2008, Las Vegas, USA.
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Parameter Value

Topology Mullti-hop

Modulation scheme OFDM

Minimum frequency (RF)f,.in 400 MHz

Maximum frequency (RFY 4z 900 MHz

Transmit power 30 dB(m)

Minimum channel SNR 15dB

Minimum bandwidthB,,,;,, 1 MHz

Maximum bandwidthB,,, .. 10 MHz

Maximum number of carriers 128

Maximum Doppler frequencyp 15 Hz (at 900 MHz, 18km/h)
125 Hz(at 900 MHz, 150 km/h)
250 Hz(at 900 MHz, 300 km/h)

Table 3.9: Demonstrator Requirements

3.7 Demonstrator for AAF Cognitive Radio Systems

According to [55] the required parameters to be fulfilledtfor demonstrator are given
in Table 3.9. By setting the desired bandwidihto 10 MHz, the sampling frequency
(fs) refering to the Nyquist rule is 20 MHz. The minimum desiradnber of bitsh
for the digital to analog and analog to digital converter (DAnd ADC) is formulated
as:
20l0g(1 + Lgip) 4 4.77
6.02
where .. is the minimum channel frequency addf is the carrier spacing. The log
term is the dynamic range. Due to desilBd= 10MHz, a number of carriers of 128
will make theAf = 78.125KHz. If the f,,0. = 900MHz, then f,,;,, = 890MHz.
Filling in these parameters to (3.27) would give- 14.26.

Among several available boards we have selected P25M aslitlable platform
to implement the AAF demonstrator. Table 3.10 lists the ADMAC specifications
of P25M board.

The block design of P25M is represented in Fig. 3.38, whieglocess scheme
in P25M is represented by Fig. 3.39. In the beginning we wjlito implement a
simple OFDM based cognitive radio scheme with spectrumipgoSpectrum pooling
will be simply be the time domain windowing combined with ptiee deactivation of
carriers located on the occupied licensed user’s band. dirense is comparable with
the one depicted in Fig. 3.2. The OFDM frame itself will beigdasd according to
Fig. 3.12(a). The channel estimation will be 1-D. By assugrtime channel does not
change abruptly during the frame period, the channel etsrare derived by a least
square method, dividing the received signal on pilot pos#iby the pilot symbols.
The channel estimates on this pilot OFDM symbol will be usedetnove the fading
effect on the rest of the OFDM symbol on that OFDM frame.

The schematic signal from of the OFDM based CR demonstratdepicted in
Fig. 3.40, while Fig. 3.41 shows the TDCS based CR demobstrat

b

12

(3.27)
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Parameters ADC component DAC component
Number of channels 4 4

Sample rate 25 MSPS 50 MSPS

Max Bandwidth 12 MHz 25 MHz

Bits width 16 16

Connection To FPGA To FPGA

Power Dissipation unknown unknown

Table 3.10: Innovative Integration P25M Specifications

logic

Trigger

FPGA — Application

PLL control |Select Map

PCI Slot (PC Interface)

Figure 3.38: P25M Block design.
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P25M Interface Logic
(p25m_intfvhd) AID Hardware Interface
- (ad_interface.vhd)
ADC Model
A/D Data Flow Control Error correction
li_ad_data_movervhd ¢ FIFD Ji_offgain.vhd(optional) L
Complete logic
Application Application | |
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package
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Figure 3.40: Signal flow of IRCTR-AAF OFDM based CognitivedR@aDemonstrator.
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Figure 3.41: Signal flow of IRCTR-AAF TDCS based CognitivedikeDemonstrator.
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3.8 Conclusions

In this chapter we have reviewed the performance of sevgralrdic spectrum access
techniques. OFDM is considered as the strong modulatiorertmtie applied in CR
systems. The core optimization problem is the reductiorhefinterference quantity
of the CR system due to its spectrum shape on the licenseshsystnd. We have ob-
served several available CR spectrum shaping techniquisasuwindowing, carriers
deactivation, power allocation and the wavelet approadie dost of spectrum shap-
ing techniques in terms of bit rate reduction can be compgedday adding MIMO
architecture to the system, which also requires extrateffor
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Chapter 4

Spectrum sensing for opportunistic
radio spectrum access

by Marnix Heskamp

4.1 Introduction

The research presented in this chapter is on spectrum ger§ectrum sensing is a
key concept in cognitive radio, as it provides the input fa tognition cycle [72] that
defines a cognitive radio.

At first glance, spectrum sensing may seem like a simple ergimy problem.
The main difficulty, however, is that a spectrum sensingesyistor cognitive radio
must be orders of magnitude more sensitive than a normalvescan order to detect
all relevant signals [73]. In fact, the main reason that enés cognitive radios from
wide scale deployment may be the hidden node problem [1].

There are two main research questions we address in thisech&jirst we want
to know what ‘white space’ actually looks like, and what shkidoe the requirements
are for a spectrum sensing system. Second, we want to knowrhumhr can be gained
from smart algorithms that make use of the fact that radinadgyare not completely
random, but contain man-made artifacts like cyclostatibyna

This chapter is organized as follows: Section 4.1.1 givesiaitgtive overview
of current day spectrum usage, and establishes a frequangg in which the AAF
system should operate. Next, in section 4.2, we introdudenalation platform for
testing detection algorithms for spectrum sensing. Radipamgation models that were
implemented in the simulator are described in section 413.0¥erview of detection
theory for spectrum sensing is given in section 4.4 alondp Wit results from the
simulation platform.

4.1.1 Spectrum usage

The choice of frequency for a cognitive radio system is ingoarbecause it will have
impact on all other system aspects. First, the transceivers be dimensioned for
the propagation conditions of a certain band. Second,rdiffebands have different
primary users which require different approaches of iererice avoidance. Since
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it is unlikely to find enough bandwidth below 100 MHz, we do mohsider those
frequencies. Since an upper bound is much harder to give egperimentation is
easier done on lower frequencies, we first consider low #aqies.

Figure 4.1 shows a rough overview of the bandplan in the Niethés between
the FM and TV band. Between 88 and 108 MHz we find the FM brodithcaband.
Signals in this band are generally very strong so that théypwibably drown out the
much weaker cognitive radio signal. Therefore we considisrdand to be too hostile
for the AAF system. Directly above the FM band we find the asraband which
appears much more quiet than the FM band, but because of seomcritical nature
of this band it must be considered unsuitable for cognitadia.

108 137 174 240 380 400 470 [MHz]

Analog Analog TV,
two_way D AB, etc. Defence

radio

C2000

FM PAMR vV

Aviation

Figure 4.1: Bandplan

The band between 137 and 174 MHz is typically used for two-weajo commu-
nications for all sorts of purposes, like communication ongtruction sites, public
transportation and taxies. Typical equipment used in thrgdbare ‘push-to-talk’ ra-
dios that use analog FM in a 25 kHz raster. Because of thifashioned technology
there is a lot of white space in this band, that potentiallylddoe used by a cognitive
radio.

The band between 174 and 240 MHz was traditionally used fevitgon (VHF
Band Ill) but is now used for various purposes and for Dighaldio Broadcasting
(DAB). The physical layer aspects of DAB can be useful for A= system design,
because like AAF it uses an OFDM based physical layer andfénence issues of
DAB are well studied.

Directly after VHF band I, a large military band follows gt we will not con-
sider for AAF. Between the 380 and 400 MHz we find the radioesysfior emergency
service and public safety called C2000. It is based on theRAStandard from
ETSI. This system is important for the AAF project becausmfilements many AAF
requirements, except that it can not search for additioea $pectrum, has no broad-
band functionality, and is designed with a fixed infrastnoetin mind.

Between 400 and 470 MHz we find a second band for various apiplics. Typical
usage is for Public Access Mobile Radio (PAMR). A PAMR netwds a trunked
radio system that is operated by a telecom service provigdrlicenses capacity to
its customers. Digital PAMR systems often use TETRA andratgdgworks often use
the analog MPT1327 standard. The service of PAMR is somesitmlar to that of a
cellular phone but it is faster, more reliable and offercegidacilities like user groups.

Between 470 and 846 MHz we find a very large band for televi§ior) broad-
casting (UHF Band IV and V). It contains 47 channels that aMH& wide, which
in the past only contained analog TV signals. Because TVassgrarry relatively far
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because of high transmit powers and high antennas, andgah#gle very sensitive to
interference, in the past most of the channels remainedednnsorder to prevent in-
terference. Since the beginning of 2007 analog TV is switaféin the Netherlands
in favor of Digital Video Broadcasting (DVB). Because DVBnsuch more robust
against interference and can combine multiple TV streanmm@channel, now a lot
of the TV bands are empty. The white space between TV charmmeditively easy to
use for cognitive radio, because of its static nature. IrlLthiged States the upper part
of the TV spectrum between 700 and 800 MHz is reassigned fetewision to public
safety, and on 17 February 2009 analog broadcast will belsadt of. Other bands of
the TV spectrum are considered to open up for the IEEE 802a2®@lard.

Television GSM

up down

T T T T T
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Figure 4.2: Spectrogram measured in Eindhoven in Octob@5.20

Figure 4.2 shows an overview of the radio spectrum betweéna#d 1000 MHz
based on spectrum measurements from Agentschap TelecomlXhe upper part
of this figure the average field strength is plotted. In thedowart the field strength
spectrogram is plotted as a gray scale bitmap. In the téevizand one can clearly
identify the 8 MHz wide channels of analog and digital tetgm. Around 900 MHz
the GSM-900 band can be seen. The band between 876 and 915 dfkdins the
194 uplink channels with a bandwidth of 200 kHz. The band betw921 and 960
contain the downlink channels. It is interesting to noteldrge difference in magni-
tude between the up and downlink. This can partially be expthby the fact that the
basestations are on a elevated position and thus more likelya line of sight with the
measurement antenna which was placed 50 m above the grourtdeffnore, mobile
handsets are designed to minimize transmit power and lagiseshave more sensitive
receivers.

Figure 4.3 shows a close-up of the GSM uplink band. Most #gtig in the
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Figure 4.3: Close up of the GSM up-link band.

primary GSM band (GSM-P), although there is some sporadigeiwisible in the
extended (GSM-E) and the railway (GSM-R) bands. In this Bguremarkable corre-
lation is visible between sunrise (on 8:05) and sunset (ofE)&nd the apparent usage
of the spectrum. From Figure 4.2 it is clear that the GSM liatess have a more or
less constant power level during a twenty-four hours periblis also explains why
the uplink has a higher average power.

In Figure 4.4 the average field strength (blue line) and theirmam field strength
(red line) over 24 hours are plotted. From this figure it beesrdear that the uplink
band has a much higher peak to average ratio than the dovwdimdk If the maximum
field strengths are compared, the uplink is only about 15 d&keethan the downlink.

Magnitude [dB]

. ‘ ‘” w 1 W ‘

M‘ mwmm wn

800 820 840 860 380 900 920 940 960 980 1000
[MHz]

w‘ mn Mww mew il

Figure 4.4: Average (blue line) and maximum (red line) figteisgth values

Figure 4.5 shows the field strength over 24 hours on the 900 iHink frequency

and the 945 MHz down link frequency. Figure 4.6 shows a clgsbatween 12:00
and 13:00.
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Figure 4.5: Twenty-four hours field strength plot in the GSplink band on 900 MHz
(blue line) and the downlink band on 945 MHz (red line)
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Figure 4.6: Close up of Figure 4.5

4.2 The Simulator

In this section a simulation platform is described for mgttognitive radio spectrum
sensing algorithms. Such a simulator is needed becauséot @ifficult to perform
cognitive radio experiments in the real world, since oner@sontrol over propaga-
tion and primary users. The main purpose of the simulatoo te$t detection algo-
rithms under reasonably realistic conditions. To simptifg simulation, only the first
order effects of the analog world are taken into account. iltlede path loss, noise
and guantization, but not phenomena that have a wide freguspan like intermodu-
lation, because all simulation where done on digital baselbapresentations.

4.2.1 Programming environment

The programming language that was used to implement thelaionwas C++. Its
main advantage over for example C and MATLAB is that C++ is bject oriented
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language. Object oriented languages are better suitethfdementation of simulators
than procedural languages, because class instances haivga norrespondence with
physical objects. For example, filters and channel models ha internal state that
must be retained between successive function calls. In@egdural languages this in-
ternal state must be returned after each function call amddsomewhere. If multiple
filters and channels are used in one simulation, the bookkgepthese internal states
becomes cumbersome. However, if a filter or channel is implded as a C++ object,
the internal state resides inside the object, along withrathplementation details that
are kept hidden from the user of the object.

All simulations are performed on time discrete complex bas€ representations
of the RF signals. C++ itself has no build in support for comxphumbers, so the
conpl ex class from the standard library was used, which internalyesents a com-
plex number as two double precision floating point numbers.

To prevent function call overhead the processing of the &srip done on blocks
of samples. In C++ there are various ways to form a block ofpdesn like static or
dynamic arrays or standard library container classes. We tlaosen to use the vec-
tor object provided by the IT++ library [74]. IT++ is a openusoe signal processing
library targeted at simulations of communication systemslefines vector and ma-
trix objects along with a large collection of signal prodegsfunctions. Inside the
vector object the samples are stored contiguously and dgpdim the raw data can
be retrieved. This makes it possible to bypass any overhtmagefformance critical
sections of the code.

4.2.2 The analog to digital converter

The analog to digital converter (ADC) is a significant batdek of every digital radio
system, since it inherently distorts the signals. One ceid&ithe ADC distortion in
three components: sampling, clipping and quantizationypical ADC has a voltage
range from 2 Volt peak-peak and an impedance of2l K we assume that the am-
plitude distribution is Gaussian we can clip the signal @&#vimes the RMS voltage
without causing much distortion. This leads to a maximum ADglit power level of
2 2
Pma:v = % = ?5050 = —12dBm. (41)

Quantization will add quantization noise to the signal, efthihas a uniform fre-
guency and amplitude distribution if the quantization i$ to@m coarse, and an RMS
voltage of

AV
Vnoise = 7
V12

in which the quantization step sizeV = V,, - 275 If our ADC has 14 bits
the average quantization noise poweri8 dBm, so the effective dynamic range is
about77 dB.

In order to prevent aliasing, the ADC in each quadrature mbbmust sample at
a rate equal or higher than the signal bandwidth. Becaus&dbaency response of
the channel selection filter falls off with only 20 dB per deeger section, a factor of
over sampling is needed to prevent interference.

(4.2)
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The power consumption of an ADC is given by

P = FoM f, - 2¥its (4.3)

where f; is the sampling frequency artdts the number of resolution bits. FoM
is a figure of merit that for current day ADC is about 0.6 pJ maversion step, and
approximately halves every three year.

With this figure of merit one can estimate a reasonable baittvior the sensing
receiver. A typical battery of a handheld device can pro@@d80 mAh at 4 V. If we
want to be able to use the device for 8 hours without rechgrgimd spend 10% of the
power budget on the ADC, the power consumption of the ADC &rh®V. A dynamic
range of 14 bits will cost 16384 conversion steps per sampigh a FoM of 0.6 pJ
we can have a sampling bandwidth of about 10 MHz. With an &dlermanti-aliasing
filter this gives a clean digital bandwidth of 2.5 MHz.

4.2.3 Signal sources

In the simulator multiple signal sources are used. All sesrare derived from a
Sour ce base class. This base class defines the funcBenszai n() , Set Fr eq()
andGet Sanpl es() . If the gain is set to one, a source is calibrated to produdg un
average power. The frequency is normalized between -0.D&nd he corresponding
real world frequency at RF can be found by multiplying thatiek frequency with the
sampling rate and adding the RF center frequency.

If, for example, 1024 OFDM samples at a relative frequendy.4fare needed, the
following source lines could be used:

cvec ul;

ul. Set Si ze(1024) ;

Source* s = new OFDMSource();
s->Set Freq(0. 4);

s->Cet Sanpl es(ul);

in which cvec is a complex IT++ vector. Th©FDMSour ce object maintains
its internal state, so that an unlimited sequence of santple$e obtained by calling
Cet Sanpl es repeatedly.

Sinusoidal source

One of the most elementary signals are the sinusoids. Thesepaesent an unmodu-
lated carrier or alocal oscillator signal in an other siggmlrce. In a complex baseband
representation sinusoidal signals are represented adeosyponentials of the form

uln] = exp(j2nfn) = cos(2wfn)+ jsin(2wfn). (4.4)

If explicitly a cos() or sin() signal is needed it can easily be obtained by taking
the real or imaginary part respectively. When used as a lsggnace (4.4) is always
evaluated for successive valuesrof This makes it possible to generate the samples
recursively by
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uln] = un—1]-dz with dz = exp(j2nf) (4.5)

which is much faster than evaluating tsie() andcos() functions.

In the simulator, a sinusoidal is callé@npl exExpSour ce. All other sources
have internally &Conpl exExpSour ce object to generate an oscillator signal that
sets the output frequency.

White noise source

To model the noise floor of the receiver a white Gaussian rsmsece is needed. The
easiest way to generate white noise in a computer simulaiaith a pseudo random
number generator. There are two reasons to use a pseudoraodoce instead of a
true random source. First a truly random sequence can natrierated digitally. Sec-
ondly, a pseudo random signal source can be reset to a knaveh condition so that
it can reproduce a sequence. This provides the practicabomnce that simulations
can be exactly reproduced many times so that not all resalis to be collected at one
time. This makes it also possible to estimate ensemble gesralhe uniformly dis-
tributed samples of the random number generator can bg easiVerted to Gaussian
samples. Because the samples from a random number germmtancorrelated, its
power spectral density is white.

Bandpass noise source

Pure sinusoids and sums of sinusoids are not a good modeladfi@ signal since
they can not convey information. Furthermore, pure sirdsdb not exist in practice,
because the amplitude and phase will always have some rafaitiorations caused by
noise. So, even if a signal with a very narrow bandwidth ideeeit is not advisable
to use a pure sinusoid. These drawbacks of sinusoids canhmx dmy multiplying
them with a slowly varying random functiatin|

u[n] = ¢[n] exp(j2mfn). (4.6)

The functionc|n] is complex valued, so that it includes both amplitude andgha
fluctuations. It is generated by passing pseudo random ndisewith Gaussian dis-
tributed uncorrelated samples, through a low pass filtdr imipulse responsk|n|

c[n] = wln] x hn]. 4.7)

The advantage of the bandpass noise source is that it psogig®od model for
a signal that approaches the theoretical limit of specffaiency. Because it is gen-
erated by a LTI system, it is wide sense stationary, so trexethre no correlation
between frequency bins. This makes the bandpass noiseesag@od test signal for
cyclostationary feature detectors, because it is suppseave no features at all. So,
if an ensemble of white noise and bandpass noise sourceplisdo a cyclostation-
ary feature detector it must show now response.
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4.2.4 Interpolated sources

The complex bandpass noise source has two main disadvantegs the filtering op-
eration forms a large computational load because it ope@tdull bandwidth noise,
even if the resulting signal is narrow banded. Secondlypésdnot contain the modu-
lation artifacts that are typical for most real world radigrals. For these reasons all
other signal sources in the simulator are formed by inteitpmi:

M-1
cln] = Z dln — mR)] p[m] (4.8)
m=0

in which d[n] is the signal that has to be interpolatgfin| the interpolation kernel
with duration M, and R the interpolation ratio. In the simulator the interpolatio
is done with anUpsanpl er object. Note that/[rn] can be regarded as a baseband
representation with respect to the full bandwidth sigia), which itself is a baseband
representation of the RF signal. After the interpolatiamrdsulting narrow band signal
is mixed with a complex exponential, to shift it to the degifeequency. Interpolation
ratios used in the simulator are 16 for wide band signals &&lf@r narrow band
signals.

Frequency modulation

One of the oldest known modulation types is frequency mdituig FM) which also
today is still widely used. An FM signal(¢) can be described by

u(t) = exp(j2nfct) exp( j2m / m(7)dr) (4.9)

— 00

in which f. is the RF center frequency and(t) the analog audio or message
signal.
The digital baseband representation of this signal is

n

dln] = exp(j2r > mlk]). (4.10)

k=—o00

In the simulator we use an audio file with a sampling rate of 4 fdtl the message
signal, which is first up-sampled with a factor 16. Next (4.i0applied to modu-
late the signal. This modulated signal is then again up-$spith a factor 16 and
frequency shifted. So the (pseudo) source code foFM&our ce objects is

Audi oSour ce- >CGet Sanpl es(ul);
Upsanpl er 1- >Process(ul, u2);
FM nodul at or - >Process(u2, u3);
Upsanpl er 2- >Process(u3, u4);
osc- >Get Sanmpl es(ub) ;

out = u4*u5;

in whichFM.modul at or implement (4.10).
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QAM, PSK and OFDM

Phase shift keying (PSK) and quadrature amplitude modulg@QAM) are special
types of pulse amplitude modulation (PAM), in which the aitajole is restricted to
a complex constellation. For example, in the simulator PBIKQAM samples are
generated by the following pseudo code:

bl = rand();

ul = nodul ator(bl);

Upsanpl er - >Process(ul, u2);
osc- >CGet Sanpl es(u3) ;

out = u3*u2;

in whichnodul at or () maps bits to complex symbols. OFDM can be generated
in a similar way, by applying an FFT on blocks of samples arttiragla cyclic prefix.

4.2.5 Hardware signhal sources

When designing a simulation, it is difficult to capture allenent aspects of reality.
For example, it is difficult to simulate a source and recethat work on sampling
frequencies with a true non-integer ratio, which in factligeg/s the case in real world
situations. In the simulation this will lead to implicit syfronization between source
and receiver. Especially in the study of sensitive detactigorithms in which a large
number of samples are used, this implicit synchronizatiay mead to overly opti-
mistic results.

One of the main advantages of software defined radio is tha@ation can be
easily converted into an implementation. The only thing tearequired is a gen-
eral purpose analog front-end, analog to digital convertand digital 1O functional-
ity. The simulator described in this section can be connkttiea Universal Software
Radio Peripheral (USRP), and to proprietary AD-convert@divare that is used at
the Signals and Systems group. In the simulator, a hardwgnalssource is han-
dled in the same way as a simulated signal source. The mdindtiisn is that a call
to Get Sanpl es() will block until the samples are available, and that samples
missed ifGet Sanpl es() is not called frequently enough.

Figure 4.7 shows the spectrum of TETRA signals from the C20@0nlink band
obtained from a hardware signal source. The signals wheeévetl trough a television
tuner analog front-end. The 43.75 MHz intermediate frequgiF) signal from the
tuner was down converted to baseband and digitized with plgagrate of 8 MHz.
Figure 4.7a shows the power spectral density plot of of thlechptured bandwidth.
The slanting edges are caused by the SAW filter of the tunetrenahti-aliasing filters
before the ADC. It shows a part of the C2000 downlink band ciieixtends from 390
to 395 MHz. Because the full 8 MHz signal was too wide for eagycessing, we
down sampled it by a factor 16, as can be seen in Figure 4. declion 4.4.10 we use
this signal to demonstrate the extraction of cyclostatipii@atures.

4.3 Radio propagation

In radio communication power is transported as electromégmwaves consisting of a
magnetic fieldH and an electric field. The product of those quantities is the power
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Figure 4.7: (a) TETRA signals in the C2000 downlink band.Ghjse up of a 500 kHz
sub-band centered around 392.35 MHz, showing two stronmalsigand three weaker
signals.

flux S = E x H, which is the amount of power that passes through an area. The
magnitude of théE and H field will vary if the wave goes through differed media
like vacuum or air, but the power remains constant. Whenivedeby an antenna
the electromagnetic signal is converted into a voltégand current/. The resulting
power P = V - I will be equal to the electromagnetic power flxnultiplied by the
effective aread.s of the antenna. For parabolic dish antennas the effectwa iar
similar to its physical dimensions, but for all other antasithe effective area is only
a virtual area which represents the antennas ability tecbélectromagnetic flux.

There are two important effects that lead to corruption oédia signal. First,
electromagnetic signals tend to propagate in three diraegsso only a tiny fraction
of the transmitted power arrives at the receiver. This waudtlbe a problem if there
was not a second fundamental problem, which is noise. Sigrel carry hundreds of
kilometers through space without picking up any significamise, but as soon as the
signal is inside the receiver front-end it is easily lostharmal noise.

Every radio receiver has a noise floor caused by thermal majgal toP,gise =
k T, in which T is the absolute temperature, ahe= 1.3807 x 10722 Joules/Kelvin
is the Boltzmann constant. On a room temperatur@502°C the thermal noise is
—174 dBm/Hz. Besides the thermal noise, also the amplifiers and othetrefécs
in the receiver add noise. The effect of noise is largest whersignal is weak, so in
practice the noise produced by the first amplifier is domingat this reason, the first
amplifier in a receiver is a low noise amplifier (LNA). Becaugdinearity, the noise
contributions of all components can be combined in a singhalver called the noise
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figure (NF), which can be added to the thermal noise floor. Acslpralue for the NF
of an LNA is around 2 dB.

Figure 4.8 shows a simplified schematic representation afwenna frontend re-
ceiving a plane electromagnetic wave. In the electromagaiedomain, the antenna
is represented by a square area that collects electromagmsier. At its electrical
terminals the antenna can be represented by its Thevenive&nt circuit, consisting
of a voltage sourc&, and the antenna impedance. Note that the antenna impedance i
a radiation impedance rather than a ohmic impedance, s@# ot produce thermal
noise. In order to convert all available electromagnetweranto electrical power, the
antenna terminals must be connected to a matched load. Hbitimg load is formed
by the impedance of the low noise amplifier (LNA). This loacgedance is an ohmic
resistor, which produces thermal noise, represented tsersaiurcd’;,.

Antenna LNA
Electromagnetic wave impedance
E [V/m] S0Q
—VW—

Effective antenna area

2
Aur =G A [m?]
47

Figure 4.8: Simplified representation of the antenna infages

The antenna gaid- determines the power conversion ratio between the electro-
magnetic and the electrical domain. Unfortunatélyis not a simple constant. It is
dependent on the angle of arrival of the signal, and also g@ttdhnear to the antenna.
Therefore, in a handheld device, the received power may eatgrs of magnitude
depending on the position of the device.

4.3.1 Pathloss

A good understanding of propagation is important for cagaitadio, because it de-
termines over which distance interference can be causedJHK frequencies that
are considered in this research, ionospheric reflectioasiar very common, so we
assume that the range of a signal is in principle limited yttbrizon. The distance to
the horizon is approximately given by

d~V2krh (4.11)

in which k is a factor that corrects the bending around the earth whkiabaout 4/3,
r is the radius of the earth, which is about 6371 km, arttie height of the transmit
antenna. So the signal of a 30 m high basestation can not beteigtbeyond about
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23 km, and the signal of a handheld cognitive radio can nadeamiterference beyond
about 5 km.

In free space RF energy is equally spread in three dimensidnish is described
by the Friis transmission equation

&
PT’Z‘ — Ptl’ Gl G2 <Ffd> (412)

in which ¢ is the speed of light an@; andG,, the antenna gain of the transmit and
receive antenna respectively. This free space path loskearpressed in decibels as

LosSdB) = G1(dB) + Ga(dB) + 147.56 — 20log(f) — 20log(d).  (4.13)

So, if the distance between transmit and receive antenrmulded the signal level
drops 6 dB and if the distance is increased by a factor of 1 sitinal level drops
20 dB. Note that the dependency on frequency is caused byatehat on higher
frequencies the effective antenna area is smaller thaoofrequencies. The fact that
in practice low frequencies propagate further than highuesmcies is mainly caused
by the fact that low frequencies easier bend around obstéikiebuildings.

The free space model is not valid on earth. Instead of a pathdrgponent of 20 dB
per decade, actual measurements are much closer to 40 dBqaeted The situations
on earth can be described by the plane earth propagationlmddeh is given by

2
. c o (2w [ hix Iy
P., = 4 Py, <—47de> sin <7cd . (4.14)

Figure 4.9 compares the path loss predicted by the free spadel with that of
the plane earth model for a frequency of 400 MHz and anteniggntseof 1.5 m. As
can be seen from this figure, the plane earth model has twonggihat are separated
by the Fresnel breakpoint distandgwhich is given by

_ 47Tfhtxhrx
N &

do (4.15)

which in this example is about 37 m. Before this distance thih fposs varies
wildly around the 20 dB/decade line, and after this distah&als off smoothly with
40 dB/decade.

4.3.2 Channel fading

Fading caused by environment clutter can be considereceandltiiplication of many
uncorrelated attenuations of the signal. On a logarithroadesthese multiplication
factors can be summed. From the central limit theorem ib¥adl that the sum of
uncorrelated terms has a distribution that is approxirgaBaussian. Therefore, the
attenuation in dB caused by shadow fading is a Gaussian manddable. This type
of fading is commonly referred to as Lognormal or Shadow k@i
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Figure 4.9: Negative of the Path loss (dB) as function of tistadce.

4.3.3 The hidden node problem

The single most important issue in cognitive radio is kidden nodeproblem [1].
Spectrum sensing only gives information about the presehtensmitters, but in-
terference is not caused to transmitters but to receivdra. pfimary user does not
transmit, it remains undetected by the cognitive radio. Jigeal strength of radio
signals can vary tens of decibels over a short geographist@nte because of fading.
This means that it is easy to think of scenarios in which alsioggnitive radio can
not detect all meaningful signals. Such a scenario is skdtahfigure 4.10. Cognitive
radio network node 1 wants to send to node 2 and uses a chaanelppears empty
in its own sensing results. Because of shadow fading it cadetect the primary user
transmitter on the other side of the wall. Therefore it isngadio cause interference to
the primary user receiver.

EANS
)
.

YPu. tx

Figure 4.10: The hidden node problem

To mitigate the hidden node problem cooperative sensinggsired. For exam-
ple, in Figure 4.10 nodes 3 and 4, which can detect the primasgy signal, should
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communicate their sensing results via node 2 to node 1. pleliode sensing will
only prevent interference if there is a sensing node behacti ebstruction.

Cooperation of cognitive radios will not help much in bandseve the signals are
very weak, as for example in radio astronomy or satellitedbanFor example, the
signals used for the global position system (GPS) are alrea@ék because the long
signal path, however, the power spectral density is evahdureduced by the spread
spectrum modulation that is used. So, unless the correspaading code is used
a GPS signal is undetectable by a normal receiver. Basedraplzan assignments,
a cognitive radio should avoid these frequencies. Cognitadio should also avoid
bands where the absence of a signal also has significancesimpée on channels that
are used for alarms, or tactical operations by military apktp.

On the other hand, bands that are particulary suitable fgnitee radio are those
in which the receiver sends back acknowledgement signaletransmitter, like for
example IEEE 802.11.

4.4 Spectrum Sensing

At the heart of a cognitive radio resides the spectrum sgrisinction. Itis responsible
for detecting all relevant primary user systems. The magblem with all forms of
spectrum sensing is that they detect the presence of traessnivhereas interference
is caused to receivers. Because of fading and hidden nodesméans that important
primary users may be missed. On the other hand, the sengiaiyeedoes not have
to decode the signal in a way a normal receiver does. Thersfgnals can be sensed
that are too weak for detection by a normal receiver. Funtioee, the signal may be
integrated over a considerable time interval. To make thézithent self contained and
establish notation, in the next section the theoreticalktfas the concept ofpectrum
is described. Next some spectrum sensing algorithms acagdied.

441 Filters

The idea of dividing the radio spectrum in frequency bandsased on the fact that
signals can be selected and suppressefilteys. A system©() is a filter if it is both
linear and time invariant (LTI), so

©(a(t) +b(t)) = ©(@af(t) + O(b(t))
(4.16)
O(a(t)) =b(t) = Ofalt+1)) = b(t+7).

If a Dirac delta functiond(t) is applied to the input of a filter it will produce
the impulse responsk(t) on its output. From (4.16) and the definition &ft) it
directly follows that the responset) on an arbitrary input signal(t) is given by the
convolution

o0

v(t) = u(t) x h(t) = / u(T)h(t — ) dr (4.17)

— 00

where x denotes the convolution operator.
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4.4.2 The frequency domain

The Fourier transforn#” is a linear coordinate transform to a basis of eigenfunstion
of the convolution operator, which are sinusoidal fundicsnd is defined as

oo

Ul = F(ut) = [ ultyexp(~2nt) d
—oo (4.18)
ut) = FHUW) = [ U esplinse dr

The most important property of the Fourier transform is thabnverts a convo-
lution in one domain into a multiplication in the other domaiEquation (4.17) can
therefore be written in the frequency domain as

V(f)=F @) = Fu) F(h®) = U H() (4.19)

In this equation/(f) andV (f) are the amplitude spectral densities of the signals
u(t) andv(t) respectively, andi ( f) the frequency response of the filter.

The Fourier transform does not exist for all signals. Thesstavo main groups
of signals that have a Fourier transform. The first group laedaransient functions or
finite energy signals for which

/ lu(t)2dt < oo, (4.20)

The second group are the periodical signals. A signal imgial if there exist &
so thatu(t + T') = u(t) for all t. These signals have a Fourier transform that consist
of delta functions. Also the summation of a finite number afiquical signals has a
Fourier transform consisting of delta functions, even & fum of these signals itself
is not periodical.

4.4.3 Random processes

According to the principles of information theory, sign#iat carry information must
have an unpredictable and random character, otherwisaftireniation content would
be zero. Itis not necessary that the signal is completelgaiem although this will give
the maximum information rate. In an informal way, a randowcess is defined by an
infinite dimensional probability density function that sgies the joint probability of
all possible combinations of amplitudes on all possible reotsin time. Note that this
model contains deterministic signals as a special case ichwhe probability density
is a multidimensional delta function.

Instead of the infinite dimensional probability density dtian itself, usually only
its first and second order moment are of interest. The firstramtbment, called the
expectation, is defined as
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E{u(t)} = / vfu(v;t) dv (4.21)

inwhich f,,(v; t) is the probability density function of the amplitudewbn timet.
The expectation can also be defined as an ensemble average

N
Efu(t) = Jim — > un) (4.22)
n=0

whereuw,, (t) are independent realizations of the proce&s. In practice the exact
distribution is often unknown and one has only one singléiz&iion of the process.
Therefore (4.21) and (4.22) are only of theoretical valifewb conditions are met,
the ensemble average can be replaced by a time average evexadization

(w(t) = Jim - / u(t) dt. (4.23)

T—o00
T

The first condition is that the moment of interest is statipnaver time. The
second condition is ergodicity. Informally, a process igogic if the variations that
occur between various realizations, also occur during amgesrealization. This is
of great practical importance, because one often receingsame realization. If a
process has a stationary and ergodic first order moment vwee hav

E{u(®)} = (u(?)). (4.24)

4.4.4 The power spectral density

Radio signals are often persistent and non periodical, adliley have infinite energy
and (4.20) does not hold. Therefore such signals are notdfduansformable, and
thus do not have an amplitude spectral density. However pifoaess is ergodic in
its first and second order moments, it can be characterizéttkifrequency domain
by its power spectral density. The power spectral densitjefined by the Wiener-
Khintchine theorem

Ry (7) i Suu(f) (4.25)

in which R,,,(7) is the stationary and ergodic autocorrelation function

Ruu(17) = E{ut)u*(t —7)} = (u(®)u*(t—171)). (4.26)

If the signalu(t) is applied to a filter with impulse responkér), the autocorrela-
tion of the output signad(¢) will be

Ryy(T) = Ryu(7) *x h(T) * h*(—7). (4.27)

If we take the Fourier transform of this double convolutiamg get
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in which S,,,(f) and S,,(f) are the power spectral densities «ft) and v(t)
respectively. The average power of a signal can be found by

Pavg = ([u(OP) = Ruul0) = [ Suuld) . (4.29)

A more intuitive but equivalent way to define the power spEalensity is by the
schematic in Figure 4.11.

u(t) ) Sulh)

——> (> H(f) AVG |—»

|

exp(42mf1)

\4
\ 4

Figure 4.11: Block scheme of a spectrum analyzer.
In this schematid? (f) is the resolution bandwidth (RBW) filter, which is a narrow

band low-pass filter with impulse resporigg), and AVG an averaging operation. The
output of the RBW filter is

[u(t) - exp(—j2mft)] = h(t). (4.30)

The output of the power detector is given by

/ / u(t —m)u*(t — 71 — m)h(11) K" (11 + T2) exp(—j2nfma) dridre. (4.31)

—00 —00

The output of the averager is

S = [ Rualr) e () (=0 exp(-g2nfrydr  (4:32)
which is just a Fourier transform, so we have

S(f) = S(f) = H(f)? (4.33)

which is the true power spectral density convolved with #&sotution bandwidth
filter.
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4.45 The periodogram

Because the problems with the convergence of the Fouriesfyem of persistent sig-
nals obviously comes from the infinite integration, a firsipsto solve it is to limit the
signal to a finite interval of lengti®’

Ur(f) = / w(t) exp(—j2m f#) dt. (4.34)

T

If one tries to letI" go to infinity, the amplitudes become infinitely high and the
phase infinitely erratic. The erratic behavior of the phasele fixed by just removing
it by taking the squared magnitude. The amplitude valuebedept finite by dividing
by T'. These two modification lead to the well known periodogram

S1(f) = U (P, (4.35)

The expectation of the periodogram is given by

E{Sr(f)} = Tsinc(Tf)2 x S(f) (4.36)

which is the convolution between the square sifi@() kernel and the actual power
spectral density. Because the squared kernel, the estimaten negative for each
frequency, which is desirable since power can not be negdtunrthermore, the square
of asinc() will approach a delta function i’ is made large, so the expectation of the
periodogram converges to the true spectrum, even thoughctimvergence is very
slow.

The variance of the periodogram [75] is given by

25(0)? f=0

4.37
SUR 1> UT. 430

VAR{Sr(f)} = {

So, although the expectation of the periodogram convemmésettrue spectrum,
the periodogram itself does not, because its variance dutaderease for largé.
4.4.6 Sampling in time and frequency domain

In a digital implementation continuous time and frequenasameters are sampled. If
ts is the sampling time, we form the sampled signal

u[n] = u(n ty) (4.38)

in which the square brackets denote thas an integer and[n] a sampled func-
tion. The autocorrelation function can be sampled in theesaay

Ruuln] = Ruu(n ty). (4.39)

The amplitude spectrum of a sampled signal is defined by ther&tie Time Fourier
Transform (DTFT)
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o0

U(f) = Z u[n] exp(—j2mnf’) (4.40)

n=—oo

in which f/ = f t, denotes the relative frequency that lies between -0.5 ghd 0.
For notational convenience we drop the accent if it is cleat telative frequencies are
used.

For signals with finite duratiorl. the frequency parameter can also be sampled.
This leads to the Discrete Fourier Transform (DFT)

T
)

Ulk] =S ufl] exp(—j2nlk/L) (4.41)
l

i
o

in which k is the discrete frequency parameter, such that

k

Ulkl = U(kAf) = Ul

) (4.42)

in which A f is the frequency bin size. The periodogram is calculated as

2

-1
Z u[l] exp(—j2nlk/L)| . (4.43)
1=0

Splk] =

1
L

Figure 4.12 show the periodogram of different lengths. T spectrum band
contains two strong and three weaker TETRA signal from th@00D2downlink as
described in section 4.2.5.

o1 e o

L=128k

IR A

Figure 4.12: Periodogram of 1024 (1k), 4k and 128Kk points
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4.4.7 Welch method

The main shortcoming of the periodogram is its noisinesschvwtioes not improve if,

is made larger, as can be seen from Figure 4.12. An first ingpnewt to this situation
was made by Barlett, who suggested to split up a signal oftheng. in N blocks
of length L. and average the periodograms of thdédlocks. Later this method was
improved by Welch [76], who applied a data window to the saspand allows the
blocks of samples to overlap.

ot e o

N=4 |

Figure 4.13: Averaged periodograms

Figure 4.13 shows the effect of periodogram averaging. divshthe same spec-
trum as Figure4.12 using the same amount of samples for dai;Hpt nowL is kept
constant on 1024 points, and periodogram averaging iseapgdhn the first plot no av-
eraging is applied. In the second plot four periodogramsageeaged, which reduces
the noise considerably. The third plot show the resuliNor 128.

4.4.8 Threshold detection

After the power spectral density is estimated, a discissaato be made about whether
a channel is occupied or empty. If the channel bandwidth &miec frequency of a
primary user signal is known, one can integrate the powertsgdeadensity over this
bandwidth to obtain the signal power. If such channel infation is not available, the
power spectral density itself is the decision metric, wligckub-optimal with respect to
channelized detection. Detection methods based on thermstimations are known
as radiometric or energy detection. Their advantage ighiegtdo not require detailed
knowledge of the signals internal structure.

The amplitude of a DFT bin can be considered complex Gaudss#ibuted, if the
bin size is much smaller that the bandwidth of the narrowigsias, or equivalently, if
the DFT sizel is much longer than the extend of the autocorrelation fonctr his can
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be explained by the fact that a single DFT bin is formed by #irgighted) summation
of many independent signal components.

Let p be the estimation of the true powgrin a frequency bin, formed by the
averaging ofN squared magnitudes. The probability density function)(péf will
be a Chi-squared distribution withV degrees of freedom

~ 2N 2Np
pdf(p) = —x3n () (4.44)
p p
with mean and variance given by
p2
E{p} =p, VAR{p} = (4.45)

The received power is the sum of noise and signal power

D = DPnoise + € Dsignal (4.46)

in whiche € {0,1} is a binary parameter that represents the presence of thet tar
signal. Figure 4.14 shows the distributiongpdbr N = 10 and N = 100 and a signal
to noise ratioy = 1. The blue curves are far= 0 and the red curves far= 1.

Figure 4.14: Chi Squared distributions

In order to find the actual detection probabilities it is eas$d work with the cu-
mulative Chi-squared distribution

A
Pon(A) = / Xan () da. (4.47)

—00

For the probabiliy thap is smaller than a thresholdwe then have

2N
—A

Pr{p < A} = ®on( » ). (4.48)

To evaluate the performance of threshold detection, twar gmobabilities are of
interest: the False Alarm Rate (FAR) and the False Reje&e (FRR). The FAR is
the probability that a channel is considered occupied,enhifact it is free. The FRR
is the probability that a channel is considered free, whiléact a signal is present.
The FAR and FRR are given by the following equations:
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FAR=Pr{p>A|e=0} = 1—dyn(2NN)

2N\ (4.49)

FRR=Pr{p<A|je=1} = %N(m

).

By adjusting the threshold a trade-off between both errors can be made. If the
cost of both errors is equal, the threshold can be placedagdtith errors are equal,
which gives the Equal Error Rate (EER).

Pr{error}
=
Il
=
Pr{error}

N=100

EER

>
o>

Figure 4.15: FAR (blue line) and FRR (red line) curves for &5 0 dB

Figure 4.15 shows the FAR and FRR curves for 10 and 100 timssgwg and a
signal to noise ratio of one. F@¥ = 10 the EER threshold lies ok ~ 1.34 and the
EER is about 14%. FalV = 100 the threshold lies on ~ 1.38 and the EER is about
0.028%.

For a given number of signal samples, the DFT size must be sradder if more
averaging has to be done, which reduces the spectral resol\@o a trade-off must
be made between accuracy and resolution. Figure 4.16 shewsltation between the
SNR and the required averaging for various equal error.rdtles plots are generated
by evaluating (4.49) numerically. The left plot showson a logarithmic scale since it
becomes very large for negative SNR. The right plot sheivsnly for positive SNR
on a linear scale.
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Figure 4.16: Required averaging as function of SNR for vasiBER
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For a negative SNR and a high number of averages the relatimvebniog(V)
and SNR(dB) becomes a straight line with a slope@fSNR(dB)/5,

At first glace Figure 4.16 may seem to suggest that sub notseti® is possible
with threshold detection of power measurements. Howemegpyactice this will not
work. First we see that the required number of averages beseeary high for low
SNR values. For example, a SNR of -20 dB requires about 25@kages to obtain
a error of 1%. If we have a bandwidth of, for example, 2.56 Midd a bin size of
2.5kHz, a DFT size of 1 k points is required. Then the numbsigsfal samples for the
estimation will be 256 M which at the given bandwidth will &k00 s of acquisition
time. In practice power levels are often not constant ovehsulong time interval.
A second problem is that the sub-noise performance predioté-igure 4.16 requires
that the threshold is placed exactly on the right value, Wwhagjuires exact knowledge
of the noise floor and the received primary user signal poven if the transmit
power and location of a primary user is exactly known, chafeding will give a
signal level uncertainty of some dB’s. Also the noise legdlifficult to estimate with
hight accuracy. For these reasons radiometric detectilpnamrks for positive SNR's.

4.4.9 Feature detection

In the last section we assumed a DFT bin size much smallertbeasmallest signal
bandwidth, so that the amplitude in each bin becomes Gauds#ibuted. This is
of coarse not possible if there are delta function preserhénpower spectral den-
sity, or equivalently, pure sinusoids in the time domain.thAd few exceptions, like
in amplitude modulation, pure sinusoids are not transdhitbecause they cost power
without conveying information. However, if they are presana signal, this is fa-
vorable for detection, because delta functions have antmfamplitude in the power
spectral density, so they stick out above the noise for eS&IR.

In [77] we describe a method to retrieve a sinusoidal compbfrem PSK and
low order QAM signals by applying a non linear operation te signal. If we raise an
M-ary PSK signal to the M-th power we get on the sampling mdsien

c[n] = exp(j2mp[n]/M) with ¢n] e {1---M}
(4.50)
le[nlP =1, ¢[n]” = exp(j2mpln]) =1

which is a constant value. In between the sampling momeatartiplitude is not
confined to the constellation, so there the signal remaimdara after the power law
operation. Figure 4.17 illustrates the principle for a QRs&ital.

Figure 4.18 shows the resulting spectrum if the method idieppo a TETRA
signal. TETRA uses /4-QPSK modulation, which means that the symbols are drawn
from a QPSK constellation, and then the odd numbered synabelgiven an extra /4
phase shift, so

cn]* = (=)™ (4.51)
The baseband representation of a TETRA signal is given by
u(t) = Z c[n] - p(t —nT). (4.52)
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Figure 4.17: Periodical level crossings obtained by saqgesi QPSK signal

If we raiseu(t) to the fourth power and take the expectation we get

E{u[n]'} = E{< > cnl 'p(t—nT)> } =

n=—oo

S (1) plt —nT)! = 459
p(®)! [% IT1(tT) cos(nt /T)]

which Fourier transforms into
P(f)*P(f)*P(f)*P(f)-IH(%—%). (4.54)

We see that the channel filtéX f) is convolved four times with itself, which gives
a function that is about four times wider. This function isltiplied with the pulse
train function which is shifted over halve the pulse bandiidFrom (4.54) we see
that we can expect delta functions in the spectrum, whicleig useful because delta
functions in theory have an infinite height in the power s ctensity. In practice the
peak height is limited by the finite observation time, bull #tie peaks will be much
narrower than normal signals.

The spectral peaks that are obtained by this method may lbeiuseveral ways.
First they can be used to recognize that PSK of a certain @sdesed. Secondly, they
can be used to estimate the exact center frequency, bamdavidtphase of a signal. If
they can be used to enhance detection for low SNR is a sulgjeftirther research.

4.4.10 Cyclostationarity

It is well recognized that communication signals are oftgelastationary. The cyclo-
stationarity of signals may provide a signature from whisé modulation type and
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Figure 4.18: Spectral peaks in the TETRA signal from Figureoh 392.24 MHz after
selecting it with a bandpass filter and raising it to the 44tver.

other parameters can be derived. Furthermore, it is oftggesied that cyclostation-
arity of a signal can be used to detect it far under the noise 8bthe receiver [78].
The concept of cyclostationarity was introduced into thil faf telecommunications
mainly by Gardner. To keep this document self contained,apeat here some defini-
tion that are mainly adapted from [79].

The instantaneous autocorrelation function (IAF) is defias

Ruu(t,7) = BE{u(t+ in)u*(t - 1)} (4.55)

in which E{} is the ensemble average or Expectation operatfr, a random
processi the absolute time, and the time-lag parameter. It is a common property
of a random process that its autocorrelation goes to zereoorbes periodical for
large 7, so it is Fourier transformable ovet The Fourier transform over is the
Wigner-Ville distribution

a7

F
Ruu(tv 7_) = Wu(ta f) (4.56)
The fourier transform over gives the radar ambiguity function

a7

Ryu(t,T) é Ay(a, 7). (4.57)

The two dimensional Fourier transform over both paramegerss the spectral
correlation function

a2

R(t,T) J: S(a, f). (4.58)

If the Fourier transfornt/(f) of u(t) exist, the name spectral correlation function
becomes immediately clear, as we then have

S(e, f) = EB{U(f + 3a)U*(f — 2)}. (4.59)
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Telecommunication signals are usually persistent and eoogtical, so that their
Fourier transform does not exist and (4.59) becomes melassgAlso the autocor-
relation of such signals is persistent over time, so th&7(dand (4.58) do not exist
as ordinary functions. If the autocorrelation is constardrdime, the Fourier trans-
form overt will be a Dirac delta function, which appearsSp, («, f) as a line mass on
a = 0. If the autocorrelation is periodical overas sketched in Figure 4.19,,,(«, f)
will have multiple line masses parallel to tliexis, as is sketched in Figure 4.20. Such
a process is called cyclostationary if a single period tixisteor polycyclostationary
or almost cyclostationary if it contains multiple periaitiies that are not harmonically
related [79].

Figure 4.19: Example of a time dependent autocorrelatiowctfon R, (t,7) of a
cyclostationary process(t).

Figure 4.20: Two dimensional Fourier transfo$p, («, f) of the autocorrelation of
Figure 4.19. The large peak in the center is the power spetgresity, and the two
smaller peaks are cyclostationary features.

From these definitions one can readily derive some usefpgpties. If a random
processu(t) is multiplied by a functioru(t) we see that we have
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v(t) = a(t) - u(t)
Ry (t,7) = a(t+ %T)a*(t — %T) “ Ryu(t, 7) (4.60)

Swla, f) = A(f + 30)A*(f — 30) *x Suu(a, f)

in which the operatok is a one dimensional convolutiony a two dimensional
convolution andA(f) the Fourier transform aof(¢).

If the processi(t) is filtered with a filter with impulse responégt) and frequency
responsd (f) we get

Ryy(t,7) = h(t + Lr)h*(t — 17) 5% Ryu(t,7) (4.61)

va(a7f) = H(f""%a)H*(f_ %Ot) Suu(Oé,f)

If the processu(t) is time shifted over a distancethe SCF is multiplied with a
complex exponential

v(t) = u(t+ o)
Ryy(t,7) = Ryy(t+o0,7) (4.62)

Suw(a, f) = exp(j2moa) Syu(a, f).

Note that for the power spectral dens#y, (0, f) a time shift has no consequence.
Many digital modulation schemes are a form a pulse amplitadéulation (PAM).
A PAM signal has distinct cyclostationarity features whate derived in [80]. At
baseband a PAM signal can be written as the convolution

e}

u(t) = Z cn] - p(t —nT) (4.63)

n=—oo

in which ¢[n] are the complex data symbols(t) is the pulse shape arifl the
symbol duration time. The instantaneous autocorrelatimetfon of this signal is

Ryu(t,7) = p(t+37)p*(t — 37) * %III(t/T) (4.64)

wherelll(¢) denotes an infinite train of Dirac delta functions with uniass and
spacing. The two dimensional Fourier transform gives tleetspl correlation density

Swu(a, f) = P(f + 3a)P*(f — 3a) - 1II(aT) (4.65)

which is graphically depicted in Figure 4.21d.

To test the theory of cyclostationary feature detectiomas tried on the signals
described in section 4.2.5. After capturing the signalshese tried to reproduce the
plots similar to Figure 4.20 and Figure 4.21d. There are tossjble approaches. First,
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Figure 4.21: Graphical representation of (4.65). (a) Feegy response of a Nyquist
Pulse Shape, (b) Pulse train function, (c) Pulse Shape ifuthg) plane, (d) The SCF
of a PAM signal. The red lines are the cyclostationary fesgur

one can try to calculate (4.59) in whiéh( f) is approximated by the discrete Fourier
transform (DFT) from a windowed section of the signal. Bessathe cyclostationary
features are delta functions, in practice the values of which these features appear
are never exactly aligned with the DFT bins. So, in order toaggood resolution over
the o axis a very large DFT lengtiv must be used. The consequence of this is that
the NV x N matrix that results from correlating each bin with everyesthin becomes
soon prohibitively large. A second problem is that theredsamy to implement the
expectation operator that occurs in (4.59). As is explaimefB1] averaging over
multiple estimates of/( ) will lead to non-coherent addition of cyclic features, that
can even lead to complete cancellation of features.

A second way to calculate the SCF is by implementing the tweedisional Fourier
transform in (4.58) with a two dimensional DFT. First, we dosample the 8 MHz
wide signal with a factor 16 to get the 500 kHz wide signal shaw Figure 4.7b.
From this down sampled signal we selected a block of 128k Emngnd calculated
the autocorrelation over 512 time lags. Because with tinserdie signals it is not
possible to use the symmetrical shift used in (4.55), we emginted it as

~

R[n,m] = u[n]u*[n —m] (4.66)

in which we letm run from -256 to +255. The correlation is implemented cycli-
cally, so that samples that are shifted out at the right sidereinserted at the left side.
This results in a\f x N matrix with M = 512 rows andN = 131072 columns of
double precision complex floating values. Again, there igood way to implement
the expectation operator. An ensemble average is impessédause we only have
one signal realization. Time averaging will destroy thelagtationarity, because the
block size is in practice never an exact multiple of the cypkeriod time. Aligning
the DFT blocks with the cyclic period is in practice difficbkécause for an unknown
signal yet to be detected, there is inherently no synchatioiz between transmitter
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and receiver. Moreover, if more than one signal is presettiencaptured band, the
total signal is polycyclostationary, so there is no singdaqu time over which one can
average.

Next, we compute the two dimensional DFT of the correlaticatrir. First, we
apply an FFT over the rows, yielding the cyclic autocorielatunction. To correct for
the asymmetrical time lag we multiply the transformed rowhweixp (jram), which
corresponds with a halve sample shift in the time domain. résalting matrix is an
approximation of the cyclic autocorrelation function wiis defined in [79] as

R%m] = .
exp(jram) A}im JLV Z un|u*n —m] - (4.67)

exp(—j2man)

Finally, we apply an FFT over each column to get the SCF efitima

Sle, f] = gliqff [exp(jﬂozm) 1252 [u[n]u*n —ml]]| . (4.68)

Figure 4.22 shows a bitmap image of this estimation. To mhkevery narrow
features visible in the gray-scale bitmap image, dhaxis was decimated by a factor
256. This decimation consists of dividing the row vectorblocks of 256 samples, of
which only the highest value was kept. Also the logarithmhef absolute value of the
samples was taken because of the large dynamic range ofltlesva
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Figure 4.22: Measured spectral correlation function fragnals shown in Figure 4.7b

Most prominently visible in the figures are the diagonalpssi, which unfortu-
nately, are just artifacts. They are caused by the fact leatdriance of the estimation
is high on regions where the power spectral density is hidgie dctual cyclostation-
ary features are the tiny vertical linesat= 18 kHz. Figure 4.23 shows a close-up
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in which the cyclostationary features are better visiblegufe 4.24 shows the same
close-up as a three dimensional plot.

18 kHz
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Figure 4.23: Close up from Figure 4.22

Figure 4.24: 3D view of the SCF from Figure 4.23

Although the number of samples used in the estimation isawolhigh, the compu-
tational load to calculate the SCF is considerable, becaws® dimensionalV x M
DFT has to be done. However, the size of the DFT only needs targe in the
cyclic frequency dimensio®v. In this dimension the transform contains delta func-
tions, which have a height in the spectrum proportional @D T length. In thel/
dimension the SCF behaves like an ordinary power spectralitye In this dimension
the DFT only needs to be large enough to resolve the signalseiaptured band-
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width. At the stage in the receiver where feature detectsoperformed, the signal
is usually down sampled to a bandwidth small enough to onhtain a few signals,
so M does not need to be very large to resolve them. An other aalyardf making
M much smaller thaV is that it automatically provides smoothing in the frequenc
domain, as the truncation efin the time domain results in a convolution ovgin
the frequency domain. This convolution provide the avergginat is needed to reduce
the noise in the estimation. Iff would be made as long a$é this form of smoothing
would not occur, which gives the SCF estimation the samdiemaise behavior as
the periodogram.

The features obtained by cyclostationary feature detegirovide accurate infor-
mation about the center frequency and symbol duration. iifasmation can possibly
be used to synchronize a matched filter on a signal, whichdvilen be able to per-
form optimal detection on preambles and other known sigagtisp Further research
is needed to see how well the used methods work for low or eggative SNR lev-
els. Based on the current results we expect that an FFT sizh fatger than 128Kk is
needed for sub-noise detection.
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Chapter 5

Mapping Cognitive Radio onto a
Reconfigurable Platform

by Qiwei Zhang

Abstract

Cognitive Radio is considered as a promising technologydtiress the paradox of
spectrum scarcity and spectrum under-utilization. It lsagperate in different bands
under various data rates and combat adversary channetioosdiTherefore, Cogni-
tive Radio needs an adaptive physical layer which has to pposted by a reconfig-
urable baseband processing platform. We proposed an MPBdGrm to fulfill the
requirements of reconfigurability, speed and energy effayie The key element on
this platform is the Montium processor. Supporting adapBsP algorithms for Cog-
nitive Radio on our platform are our main interest. The magmif the algorithms has
been considered at system level. By using a task transdetiehinterface, we build
system level model for MPSoC implementation and extractesprofile information.
The mapping of algorithms onto the Montium has also beenidered.

5.1 Introduction

The research within the AAF project concerning Cognitivedi@a using Reconfig-

urable platforms focuses on the study of Cognitive Radicaay layer algorithms and
how to efficiently map these algorithms onto a reconfiguraldéform. This chapter of

the white paper presents all our work done so far concerniaygping Cognitive Radio

onto a reconfigurable platform. The chapter is organizedlasifs: In section 5.2, we

introduce the targeted reconfigurable platform: a hetareges reconfigurable mul-
tiprocessor System-on-Chip platform. Section 5.3 intoeduthe adaptive algorithms
we have considered for Cognitive Radio. A system level desigthodology for the

proposed platform is introduced in section 5.4. Sectiogaefon5 presents our work
on mapping algorithms onto the Montium processor, a key etgrmn our proposed

platform.

112



GPP DSRH DSRH ASIC FPGA

DSRH DSP FPGA DSRH DSP

DSP ASIC GPP ASIC GPP

ER——R—R—R—R

GPP DSRH ASIC DSP DSRH
e T

Figure 5.1: An example of a heterogeneous System on Chip)(B#RH = Domain
Specific Reconfigurable Hardware

5.2 A heterogeneous reconfigurable System-on-Chip archi-
tecture

5.2.1 The Montium based MPSoC platform

With the evolution of semiconductor technology, more andartoansistors can be
integrated on a single chip which makes it possible to bafdd systems, on a chip
level rather than on a board level. This approach is callesie®y-on-Chip (SoC). The
reconfigurable platform we propose for Cognitive Radio ietefogeneous reconfig-
urable SoC architecture shown in Figure 5.1.

This SoC is a heterogeneous tiled architecture, where ¢i@sbe various pro-
cessing elements including General Purpose ProcessoRsf(3Held Programmable
Gate Arrays (FPGAs), Application Specific Integrated Gi]ASICs) and Domain
Specific Reconfigurable Hardware (DSRH) modules. The tiieghé SoC are inter-
connected by a Network-on- Chip (NoC). Both the SoC and NaCheadynamically
reconfigurable, which means that the programs (running®reitonfigurable process-
ing elements) as well as the communication links betweepitheessing elements are
configured at run-time. Different processing elements aegldor different purposes.
The general purpose processors are fully programmablatforpedifferent computa-
tional tasks, but they are not energy-efficient. The dedt@SICs are optimized for
power and cost. However, they can not be reconfigured to adayw applications.
FPGAs which are reconfigurable by nature, are good at peirfigrhit-level operations
but not that efficient for word level DSP operations. The Donpecific Reconfig-
urable Hardware (DSRH) is a relatively new type of procassfement, where the
configurable hardware is tailored towards a specific apjghicadomain. The Mon-
tium [82] tile processor (see Figure 5.2) developed at thivdssity of Twente, and
recently commercialised by Recore Systems, is an examakS&tH. It targets the
digital signal processing (DSP) algorithm domain, whiclthis heart of the wireless
baseband processing. In our previous work [83] [84] [85}esal DSP algorithms
used in wireless communication have been mapped onto theiWwtomrchitecture.
The implementation results show that the Montium architects flexible enough to
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Figure 5.2: An example of DSRH: a Montium processor

adapt to different algorithms with good energy-efficienty.a broader sense, work-
ing intelligently in an energy-efficient way is an importdeature of Cognitive Radio.

For Cognitive Radio devices working in the emergency netwenergy-efficiency is

really a crucial issue because the battery life of radio aesican be a limitation for
successful operations. Therefore the reconfigurablegptatfve propose not only tar-
gets flexibility but also energy-efficiency.

5.2.2 Publications with respect to the topic

e Zhang, Q. and Hoeksema, F.W. and Kokkeler, A.B.J. and SmitM5, Towards
Cognitive Radio for emergency networks. Mobile Multimedia: Communica-
tion Engineering Perspective. Nova Publishers, U.S.ANSB50021-207-7

e Zhang, Q. and Kokkeler, A.B.J. and Smit, G.J.M., “A reconfaple radio archi-
tecture for Cognitive Radio in emergency networks,” European Conference
on Wireless Technologyl0-15 September 2006, Manchester, UK. pp. 35-38.
IEEE Communication Society. ISBN 2-9600551-5-2

e Zhang, Q. and Smit, G.J.M. and Smit, L.T., “A Reconfigurablat®rm For
Cognitive Radio,” In:Proceedings of Second International Conference on Mo-
bile Technology, Applications and Systettts-17 Nov 2005, Guangzhou, China.
pp. 39-47. IEEE Computer Society. ISBN 981-05-4571-1.

5.3 Adaptive baseband processing for Cognitive Radio

In the AAF project, we mainly focus on mapping the digital élaesnd processing in
Cognitive Radio onto the reconfigurable platform. The basdlprocessing of Cogni-
tive Radio mainly consists of two parts: baseband transomsand spectrum sensing.
These baseband processing algorithms have to be adapévalite Cognitive Radio
to discover the free spectrum and adapt its transmissicordiogly.
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5.3.1 Adaptive multicarrier transmission for Cognitive Radio

The basic idea of the multicarrier based Cognitive Radi@ iddactivate the subcar-
riers causing interference to licensed users and optimesléy the remaining part of
the targeted spectrum. This technique is also knowapastrum poolind38]. To
optimally using the remaining part of the spectrum, the &dapesource allocation
on each subcarrier, which includes adaptive bit loading adaptive power loading,
can be applied. In [86], we proposed the adaptive bit loadimg) power loading rule
for OFDM based Cognitive Radio, but can be applied to otheltioanrier systems.
We could maximize the data rate of the system under a certaireipconstraint. It is
formulated as follows:

R hip
Max R = —1 1
R kzz:l K 0g2( + NO%)
K
Subject to) _ pi, < Protal
k=1
F, € {0,1} forall k
pr. = 0 for all & which satisfied’;, = 0 (5.1)

whereR is the data ratef< is the number of the subcarriersi; is the noise power
density, B is the band of interest for Cognitive Radia, is the subcarrier gain ang.
is the power allocated to the corresponding subcarfigris the factor indicating the
availability of subcarrielk to Cognitive Radio, wheré), = 1 means the:th carrier
can be used by Cognitive Radio. The system power minimizatém also be applied
under the constraint of a constant data rate. We formulai fibllows:

K

Min Zpk = Ptotal
k=1

R hipr
Subjectto:R =)~ —Zlogy(1 + £32)
Pl Nox
Fi, € {0,1} forall k
pr. = 0 for all £ which satisfied’}, = 0 (5.2)

OFDM based Cognitive Radio

OFDM is one of the candidates for multicarrier based CogmiRadio. It can be easily
implemented by FFT/IFFT and relatively easy to be recové@u channel distortion
and delay. A functional diagram of the system is presentdeigare 5.3. A bit allo-
cation vector indicates how many bits are loaded on eachastibc The number of
bits corresponds to the different modulation types used&mh subcarrier. The bit
allocation vector is determined by the spectrum occupamicyration from spectrum
sensing and the SNR of subchannels. The bit allocation vécttisseminated via a
signaling channel, so that both transmitter and receives ttee same information. We
assume the bit allocation vector does not change frequfamtigstance during several
frames.
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Figure 5.3: OFDM for Cognitive Radio

In the context of the OFDM based Cognitive Radio, we propasedvelsparse
FFT [87] for Cognitive Radio based on the observation that treengld be a large
number of zero inputs/outputs for the IFFT/FFT when a large pf the spectrum is
not available to Cognitive Radio or there are many bad cHaniethis case, the nor-
mal radix-2 IFFT/FFT is inefficient due to the wasted operadion zeros. The sparse
FFT takes the sparse structure in the OFDM based CognitideRdgorithmically to
reduce the operations of the standard algorithms.

The proposed sparse FFT is modified from transform decortigosh [88]. The
basic idea is to divide a large FFT into two smaller size Fl6hg, out of which results
in areduced computation. We explain the algorithm in detslre. The DFT is defined
as:

N-1
X(k)=> zmWiFk=01,.,N -1 (5.3)
n=0

—j2mnk

, wherelW* = ¢~ ~ . We consider the case where L outputs are nonzeroNLiet
factorized as two integer§; andNy, SON = N1 N,. To facilitate the implementation,
we make the size of FFIV a power-of-two integer. We choos¥; as the nearest
power-of-two integer larger thah and as a factor oV, denoted asV; = [L]pou2-
Therefore, N, Ny andN- are all power-of-two integers. The indexcan be written as:

n = Noni + ny (5.4)
ny = 0,1,...,N1 —1 no = O,l,...,Ng —1

Substituten in (5.3) with (5.4) and then the DFT can be rewritten as:

No— _
o S (Nani+n2)k
X(k‘) = Z Z w(Ngnl + ng)WN

no=0 n1=0
Na—1 N;—1
= DD w(Nany + ng)WRPHF Wt (5.5)

n2=0 n1=0
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We define:

= > @y (n) W (5.6)

where() 5, denotes moduldv;. So (5.5) can be written as:

No—1
X(k) =D Xy (k) )W (5.7)
no=0

The original N -point DFT with L nonzero outputs is decomposed into two major parts:
the Ny Np-point DFTs in (5.6) which can be implemented/ss N,-point FFTs and
the multiplications with twiddle factors and recombinatoof the multiplications in
(5.7). Because the indexonly consists ofL. nonzero values, only. twiddle factors
are multiplied with eachX,,, ((k)n,) for no = 1,2,...; No. This multiplication part
results in a computation reduction.

The number of complex multiplications in/s point sparse FFT witl, nonzero
outputs equals:

N
Muzsparse = (N2 - 1) * L+ 9 logy IV (5.8)

, whereN; = [L]pouw2 and N = N;N,. From eq. 5.8, we can see the algorithm is
more efficient for smallL.. The complexity increases with the number of non zdros
and reaches the break even point wiies % Since we set constrainté; = [L]pou2
and N = NN, the sparse FFT will be calculated as normalpoint FFT when
L > % These constraints are important modifications to the dhgorin [88] in
the sense that they facilitate hardware implementationexpjoiting power-of-two
integers. Unlike [88], they restrict their discussions ba tase when only the first
L consecutive values are non-zeros, our proposed algoridnmbe applied to any
non-zero distributions. In figure 5.4 we show an example wioelly 32 out of 1024
subcarriers are available for Cognitive Radio, the spafisE ¢ffers 30% saving of
computations. Because FFT and IFFT are the most compudatidensive parts in an
OFDM transceiver, the savings can significantly reduce timeputational complexity
of the overall system. Therefore, transform decompositiam be an efficient option
for an OFDM based Cognitive Radio system when only a smallbarrof subcarriers
are available for Cognitive Radio.

The computational structure of the proposed sparse FFTowrsin figure 5.5.
Basically the computation can be divided into two stagesTd=&nd multiplications
with recombination. Before the FFT computation, the inpaurnples are mapped to
Ny memory blocks. Then thé&/;-point radix-2 FFT is performed on each of the
memory blocks. The results in themod N1 memory positions in each memory block
are multiplied by twiddle factors and recombined to prodtieeoutputX,. We can
find the regularity in the computational structure: the mgnamldressing is constantly
hopping from the same position in one block to another. Beeal N, and N, are
all power-of-two integers, we can use the most significats ta indicate the block
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Figure 5.4: Comparison of computation for radix-2 FFT amahsform decomposition
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address. The block based addressing is done by changingdstesignificant bits.
This regularity facilitates efficient hardware implemditas. Reconfiguration from
radix-2 FFT to the sparse FFT is also easy because we caruseotradix-2 FFT in
the first part.
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Figure 5.5: Computational structure of the sparse FFT

Filter bank based Cognitive Radio

Due to the rectangular window in the time domain, the OFDNMcantiers have large
sidelobes which cause significant power leakage to adjaaétarriers. Therefore,
significant power from adjacent subcarriers will leak to teactivated subcarriers
causing potential interference to licensed users. ThisHas also been recognized
in [38]. They proposed two methods to mitigate the interfeesto the licensed user:
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Figure 5.6: An OSFB multicarrier system for Cognitive Radio

deactivating more subcarriers adjacent to the licensedrsysr applying non-rectangular
windows to reduce the spectrum leakage. Both methods ratifp@ interference at
the cost of bandwidth efficiency. Moreover, two methods didansider the system
implementation issues. We propose an oversampled filtds faulticarrier system for
Cognitive Radio based on the idea of filtered multitone (FNAT)B9]. The oversam-
pling will increase intercarrier spacing thus reduce therlapping of subcarriers. The
scheme is shown in figure 5.6. The deactivation can be relaliydoading zeros on
the intended subcarriers while others are loaded with nadeldlcomplex symbols at
the transmitter which is an/ band oversampled synthesis filter bank. Ahband
oversampled analysis filter bank is on the receiver side and she symbols from
those active subcarriers for demodulation.

5.3.2 Adaptive spectrum sensing for Cognitive Radio

Since spectrum sensing plays a vital role in Cognitive Radiestablish communi-
cations on unused spectrum, it has been an active reseaa&hnaCognitive Radio.
On the signal processing level, two methods are often masdian literature: energy
detection and feature detection [90]. Energy detectionsomes the signal power at a
certain time interval and for a certain frequency band. Tétection decision is based
on a noise threshold. Energy detection can be implementea/énaging frequency
bins of an FFT. Feature detection detects modulated sidpyaéxploiting their hid-
den periodicity. Feature detection is more robust thanggndetection in bad SNR
scenarios, but it requires more computations.

A multi-resolution sensing for Cognitive Radio

In the context of energy detection, we propose a novel medtilution spectrum sens-
ing based on an efficient dynamically reconfigurable FFT. basic idea of multi-

resolution sensing is that the total bandwidth is first sénssing coarse resolution
followed by fine resolution sensing performed on a portiothefinterested bands for
Cognitive Radio. In such a way, Cognitive Radio avoids sen#iie whole band at the
maximum frequency resolution. Therefore, the sensing timeduced and the power
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has been saved from unnecessary computations. Here, waeassagingle antenna
Cognitive Radio receiver which can digitize the total taegebandwidth ofB,,;. The
frequency resolutiory, = %, whereK is the size of the FFT which produces the
spectrum. Figure 5.7 shows an example of multi-resolutarsimg. A coarse resolu-
tion sensing is done by using a smallér size FFT with a resolutiorf,; = BKf—lf The
energy on each FFT biR; fori = 0,1, ...K; is compared with a threshold,. We
define Per as the percentage of the total number of bins where the eeegharger
thanth;. If this percentage is larger than a limit Per > p, we assume the total band
is too crowded to accommodate Cognitive Radio. If no bingehaeen found with sig-
nificant energy (n@ whereF; > thy), namelyPer = 0, we think the band is empty.
In these two conditions, fine resolution sensing is not néeael Cognitive Radio will
either start communication or wait for a licensed user te fte spectrum. Otherwise,
Cognitive Radio will continue with fine resolution sensinghwa resolution off,., to
focus on those high energy bands (like the colored potiorgurdéi 5.7) where licensed
users are potentially active. However, the specific metbaglect the interested bands
is not considered in our discussion. The interested podidhe spectrum is actually a
part of the output bins of a largéf, size FFT, wherd{, = ﬁfg—. Based on the result
of fine resolution sensing, Cognitive Radio will determiie transmission scheme
and wait for the next sensing cycle. A flowchart describirg rulti-resolution sens-
ing scheme is shown in figure 5.8. The total cost of multi-h&smn sensing can be
expressed as:

Coarse Others

Cor = { Ceoarse + Cine If 0 < Per < p

(5.9)
, WhereC' denotes costs. Here, we make an important observation:aopdrtion of
the larger FFT outputs is needed for fine resolution sensinghis case, the naive
implementation of a larger size FFT is inefficient. Therefoan efficient algorithm
which produces only a part of FFT outputs is desirable. feuntiore, there are several
requirements for the efficient FFT implementation: 1) it ggaduce FFT outputs in
any position depending on the need of Cognitive Radio; 2ga# reconfigurability
from a normal FFT and vice versa; 3) it is easy to implementandare for real time
processing.

We think the sparse FFT can be also applied to the multi-éisol sensing system
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because it fulfills all aforementioned requirements. Letossider a concrete multi-
resolution sensing example. First, a coarse resolutiosirsgris done by FFT-128
with a resolution of’fgg. If Cognitive Radio finds 5% of the total bandwidth needs
fine resolution sensing, the system is reconfigured to theseda-T-2048 with the
resolution of%ﬁé (16 times finer) to only focus on those interested bands. ik th
case, the total cost of multi-resolution sensing is the derity of the sparse FFT-
2048 with 0.05 nonzero ratio plus the complexity of the ra@liikFT-128, totally about
9000 complex multiplications. Comparing this with the fixedolution sensing by the
radix-2 FFT-2048, it gives about 20% saving. However, thigrgy will diminish with
the increasing percentage of the bandwidth which requines&solution sensing. The
break even point in our example is about 25% of the total badtttiwvhich requires
fine resolution sensing. Beyond this point, the complexitthe radix-2 FFT-128 and
sparse FFT-2048 will exceed the complexity of the radix-Z-2B48. Clearly, the
condition to apply the proposed multi-resolution sensirgghmd is that only a small

fraction of total bandwidth requires fine resolution segsin

Cyclostationary feature detection

Cyclostationary Feature Detection (CFD) consists of a doation of an energy de-
tector and a single correlator block. Because we aim at tipeeimentation of CFD in
the digital domain, we will give the time discrete expreasidor CFD (DCFD). We
first define the sampled signal.

kS
fs

where f, indicates the sampling frequency. The discrete Fouriensfcam is applied
to K samples.

xp=x(k-—) (5.10)
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n+k

K-1
Xnw =D npp- 77" (5.11)
k=0

Finally, the Discrete Spectral Correlation Function (D$Fletermined.

L V-1
St = N Z Xnfta Xnfq (5.12)
n=0

where* indicates the complex conjugate. In caSe= 2", wheren = 1,2..., the
Discrete Fourier Transform becomes a Fast Fourier Trams(BFT) and the number
of complex multiplications that are involved becor@ﬁ (’log N). Determining the
DSCF involves}IN2 complex multiplications. As an example, calculating thedpS
for a 256 point spectrum involves 16 times as many complexiptichtions than the
determination of the spectrum itself. For the analysis efgtatform requirements, we
will therefore concentrate on calculating the DSCF.

5.3.3 Publications with respect to the topic

e Zhang, Q. and Kokkeler, A.B.J. and Smit, G.J.M., “An Effidié®T For OFDM
Based Cognitive Radio On A Reconfigurable Architecture;” |BEE Interna-
tional Conference on Communications 2007 Cognet Workst28 Jun 2007,
Glasgow, UK. pp. 6522-6526. IEEE Communication SocietyBNISL-4244-
0353-7

e Zhang, Q. and Kokkeler, A.B.J. and Smit, G.J.M., “An Effididfulti-resolution
Spectrum Sensing Method for Cognitive Radio,” liEEE CHINACOM 2008
COGCOM WorkshopAug, 2008, China, to appear

e Zhang, Q. and Kokkeler, A.B.J. and Smit, G.J.M., “An overpéed filter bank
multicarrier system for Cognitive Radio,” InNNEEE PRIMRC 2008 CRNET
Workshop Sep, 2008, France, to appear

e Zhang, Q. and Kokkeler, A.B.J. and Smit, G.J.M., “A reconfaple radio archi-
tecture for Cognitive Radio in emergency networks,” BEuropean Conference
on Wireless Technologyl0-15 September 2006, Manchester, UK. pp. 35-38.
IEEE Communication Society. ISBN 2-9600551-5-2

e Kokkeler, A.B.J. and Smit, G.J.M. and Krol, T. and Kuper, “Cyclostation-
ary Feature Detection on a tiled-SoC,” BATE2007 Proceeding4.6-20 April
2007, Nice, France. pp. 171-176. European Design and AudimmAssocia-
tion. ISBN 978-3-9810801-2-4

5.4 MPSoC design method

To implement Cognitive Radio on a heterogenous reconfidgi@htform, we propose
a design methodology which has two new features: 1) Traiosalevel modelling of

an application into a parallel task graph, 2) Run-time gpatiapping of tasks onto
heterogenous processing tiles.
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5.4.1 High level system design using TTL (Task Transaction &vel) inter-
face

The platform we proposed for the AAF project is a heterogasgeconfigurable plat-
form which consists of various hardware and software madutowever, designing
such a platform integrating different processing elemé&nts challenging work. To
integrate all these different processing elements, haliméerfaces are used. For ex-
ample, the usual way of working is to use bus interfaces fagiration of hardware
devices, with ad-hoc mechanisms based on memory mappedersgand interrupts
to synchronize hardware and software modules. Designeestbaleal with low-level
issues so that the design efforts are increased. Low-lat@tfaces also hamper the
reusability of hardware and software modules.

A task transaction level (TTL) interface based approach i@proposed to raise
the level of the abstraction. Such an abstract interfacaldhelp to close the gap be-
tween the application models used for specification and plien@zed implementation
of the application on a heterogeneous platform. In the AAdjqmt, TTL interfaces
will be used to model parallel baseband applications. Assgrthe application has
been partitioned into a parallel task graph, TTL interfagections are invoked by
those tasks to communicate with each other.

Applications are developed under the TTL framework. Theesyscan be simu-
lated and verified at the early stage which facilitates thieviong steps in our design
flow and provides necessary information for the run-time pivagptool. TTL interfaces
hide underlying implementation details which make tasksameusable and easier for
application developers. Further, TTL interfaces provigeflom for implementing the
platform infrastructure. A broad range of platform implertetions are allowed, for
example both shared memory and message-passing arctegec@ptimizing the im-
plementation parts of the platform is also possible. Ptatfevolution is supported,
for example the smooth transition from bus-based connextio Network-on-Chip
technology.

The logic model provides the basis for the definition of the_Tifiter-task com-
munication interface and identifies the relevant entities their relationships. Aask
is an entity that performs computations and that may comaoatmiwith other tasks.
Multiple tasks can execute concurrently to achieve pdisite The medium through
which the data communication takes place is callagth@nnel The task that writes
to the channel is calledroducer The task that reads from the channel is catted-
sumer A task is connected to a channel via@at. A channel is used to transfer values
from one task to another. yariableis a logical storage location that can hold a value.
A private variableis a container for a value that is accessible by one task éitlyken
is a variable that is used to hold a value that is communidated one task to another.
A token can be eithefull or empty Full tokens are tokens containing a value; empty
tokens do not contain valid values but merely space for attaglt a value in. We also
refer to full and empty tokens amtaandroom, respectively. Tasks communicate with
other tasks by calling TTL interface functions on their gorh set of communicating
tasks is organized as a task graph.

The TTL interface offers a set of interface types to supptféent communica-
tion styles which satisfy needs for various applicationd platform implementations.
Each interface type is easy to use and implement. All interfigpes are based on
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the same logical model, which enables interoperabilitpsginterface types. A task
designer has to select the interface type for each port.ei@ifit interface types can
be used in a single model and even in a single applicationerSiexerface types are
defined. The classification is based on whether the synctation and the data trans-
fer are combined (C) or separated, whether the task blocker(Boes not block (N)

when the synchronization condition is not met, whether tii@itask synchronization
is in-order (1) or out-of-order (O), whether the data transt direct or indirect and

whether the token reference is absolute or relative.

¢ Interface Type CB: This interface type is named as CB since it combines (C)
synchronization and data transfer in a single function wittking (B) seman-
tics. CB is the most abstract TTL interface type since thgammer does not
have to consider how to do synchronization in the programcdlng ttiCbin-
Read and ttICbOutWrite functions, the data transfer andags®ciated com-
munication are performed. This interface type can be implated efficiently
on message-passing architectures or on shared memorteatahes where the
processors have local buffers that can hold the values thaiead or written.

¢ Interface Type RB and RN: The other TTL interface types offer separate func-
tions for synchronization and data transfer. The programimas to explicitly
use functions like acquire and release to check the aviiyabf room and re-
lease room when data transfer has completed. RB and RN atigely load a
part of the data from the channel by using a relative offtet,gby allowing cost
reduction of the data transfer. However, they are lessatistompared with CB
and more difficult to use by the programmer.

¢ Interface Type DBl and DNI: The RB and RN interface types hide the memory
addresses of the tokens from the tasks. This may incur irefties upon data
transfers. To avoid such inefficiencies, TTL offers intedypes that support
direct data access like DBI and DNI. In-order means thatrislae released in
the same order as they are acquired. These interface typdsedmplemented
efficiently on shared memory architectures and are suitesioitware tasks that
process coarse-grain tokens.

¢ Interface Type DBO and DNO: In some cases tasks do not finish the process-
ing of data in the same order as the data was acquired. Foouhg®se, TTL
interface offer DBO and DNO types. They support efficient asenemory at
the cost of a more complex implementation of the channel.

TTL also offers different ways for tasks to interact with teheduler in order to
support different forms of multi-tasking. Three task tyjpes supported by TTL:

e The task type process is for tasks that have their own (Vjrtineead of execution
and that do not explicitly interact with the scheduler.

e The task type co-routine is for cooperative tasks that amteexplicitly with the
scheduler at points in their execution where task switcksragceptable.

e The task type actor is for fire-exit tasks that perform a fiait@ount of compu-
tations and then return to the scheduler, similar to a fonatall.
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In [91], only static task graphs were considered. Howevahedded systems are
becoming more and more complex, supporting multiple usesca3herefore, TTL
has been extended to model dynamic applications [92]. Dimapplications result
in changes in the task graph. Three types of task graph chargeconsidered: 1)
Topology removing or adding tasks and channels,BMding tasks may be pro-
cessed on different processors Payameters certain parameters for tasks (e.g. radio
transmission modes). The reconfiguration is realized bgdiicing an extra entity, a
Configuration Manage(CM), to the TTL logical model. The CM is responsible for
initiating the task graph and configure the tasks at run-tifrtés feature makes TTL
a suitable design method to model dynamic applications aacgBognitive Radio and
as an interface for the MPSoC platform implementation.

5.4.2 Parameterizable OFDM modelling in TTL

We use the TTL to model an parameterizable OFDM system fonifieg Radio. The
OFDM baseband for Cognitive Radio is a parameterizable OFipdtessing chain
which is configured by the configuration manager, see fig@e By applying dif-
ferent parameter settings in each task, the OFDM system eauaptive to various
channel conditions and provides various data rates. Tleters considered in our

Configuration Manager

Control and Configuration
Information

Parameterizable OFDM Processing Chain

Figure 5.9: OFDM for Cognitive Radio

system are shown in Table 5.1, but they are not limited byttti¢e and can be ex-
tended to add more flexibility to the system. The number of ®FRYmbols per frame
is limited by the channel coherence time, during which thendiel characteristics are
constant. The number of guard samples is chosen to deal iffeghetit channel delay
spreads. Generally not all data is used to carry useful imftion. A part of data
(e.g. pilots) is used to guarantee reliable transmissi@ierent pilots are used for
different purposes such as channel estimation or phaset eémation. They can be
placed in the preamble section prior to each frame or emlokiddbe OFDM symbol.
All the information concerning the pilots is contained inadle. Modulation modes
indicate the modulation type for the OFDM samples whichycaseful information.
The modulation mode can be the same in one OFDM symbol bunittso differs
on subcarrier basis. In the Cognitive Radio case, the mtdnlanode can be set to
zero to nullify carriers. A format table contains the inf@&imon on the organization
of the data frame, the preamble and the pilots. A generic gaagh for the pro-
cessing of OFDM data symbols on the receiver side is showrgurdi5.10. Based
on the OFDM parameters of our Cognitive Radio system in [98], modelled the
OFDM processing chain on the receiver side (see figure 5Snlbe TTL framework.
The major system parameters [93] are shown in Table 5.5. yi$tera can operate in
two different sampling rateg, (bandwidthB) and the number of sampl€g in one
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B bandwidth of OFDM system

Noym number of OFDM symbols per frame
Npreambie | Preamble length per fame

N number of OFDM samples per symbpl
Ny number of guard samples per symbal
Nyata number of useful data per symbol
mod modulation modes

tabpiiot table for pilot information

tabsormat | table for format information

Table 5.1: The parameter set for the parameterizable OFDM

OFDM

Symbols . Frequency
—p| Guard time > offset — FET

removal y
correction

Phase offset Channel

L De-ma| (G X I
P correction equalization

Figure 5.10: The task graph of an OFDM receiver

OFDM symbol is 128 or 512. The subcarrier spacing is 10kHzthadiseful symbol

B=f,| N | Af | T,

[MHz] [kHz] | [ps]
512 [512] 10 | 100
1.28 [128| 10 | 100

Table 5.2: OFDM parameters: Sample frequency and symbatidar

durationT;, is 10Qus for both bandwidths. To cope with different delay spredilis,
ratio between the number of guard sampl¢sand the number of OFDM sampléé
can be set to 1:4, 1.8, 1:16, 1:32. As a working assumptioa, @ADM data frame
contains 25 OFDM data symbols thus one frame duration istless the coherence
time (4-5 ms in the considered frequency 400-800MHz) of trenoel. The frequency
offset and the channel equalization coefficients are deteanin the preamble prior
to each OFDM frame and updated on a frame basis. The pilotseit©OFDM sym-
bols are used for the phase offset correction. We define tie ohthe useful data
carriers to the number of total carrietg;,;,: N as 3:4. Modulation modes are chosen
from BPSK, QPSK, 16QAM, 64QAM and zero. The zero modes ard tsaullify
the subcarrier. The tasks are implemented in C/C++ and-fasir communications
are function calls from the TTL library. The CM is added as agess on top of
the task graph. The parameters for the OFDM tasks are seteb@thand sent via
the configuration channel to the tasks. Each task can reapatteeneters from the
configuration port. The TTL implementation in C/C++ can rumaLinux PC and
we can verify the functional correctness of parameterzd®FDM at system level.
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N : N, T, | Freq.| FFT | Channel| Phase
rem. | cor. eq. | offset cor.
128:32 | 800 | 3200 | 11200| 3200 2425
128:16 | 400 | 3200 | 11200| 3200 2425
128:8 200 | 3200 | 11200| 3200 2425
1284 100 | 3200 | 11200| 3200 2425
512:128| 3200 | 12800| 57600| 12800 9625
512:64 | 1600| 12800| 57600| 12800 9625
512:32 | 800 | 12800| 57600| 12800 9625
512:16 | 400 | 12800| 57600 12800 9625

Table 5.3: Computation workload for each OFDM frame (25 OF8jvhbols) in terms
of the number of complex multiplications

The TTL run-time environment can generate high level prafilermation in terms of
computation workload and communication workload. The cotafon workload is
measured by counting the number of annotated instructidmiie Whe communication
workload is measured by counting the number of tokens (ddta)uhat are travelling
through the TTL channels. We made a computation workloadysiseébased on the
TTL model. The instructions for the complex multiplicatiare annotated for analysis
because they are the major contributors to the computatammaplexity. The com-
putation workload for processing one OFDM data frame is shiowlable 5.3 based
on the given system parameters. The de-map task is not ettlncthe table because
no complex multiplications are involved and only decisiaor dook-up table opera-
tions are performed. The computation workload increaggsfsiantly if the system
parameterV (the number of OFDM samples) changes from 128 to 512. Thegehan
of guard samplesV, results in a workload change for the guard time removal task
due to the changing length of the correlation window. Fromttble we can see that
the FFT task is the most computationally intensive task. Sittaming that the worst
case execution time (WCET) of the system should be less tiesymbol duration
10Qus plus the guard time, the system has to be able to compute-pdddR2FFT
which needs 2304 complex multiplications within 1@0plus the guard time. There-
fore the minimum processing capacity required by the paramzable OFDM system
is 23 x 10% complex multiplications per second. The profile informatjorovided
by the TTL run-time environment is platform independent.wdwer, it can help to
generate the platform dependent profile for specific implaat®ns. By associating
execution times with instructions, and by multiplying thesxecution times with the
instruction counts, one can get a rough estimate of theeatadution time of a task on
a certain processor. Suppose that the OFDM system is mappedmme or more Mon-
tium processors and the CM is running on a GPP. A Montium @®mecan execute
one complex multiplication instruction in one clock cyclenerefore we can easily de-
rive the profile information for processing one OFDM frametibea Montium. Taken
the parameter se¥ = 512 and N, = 128 as an example, the profile information for
one OFDM frame on the Montium running at 100MHz is derivedrfriie TTL profile

in Table 5.4. The total execution time equals 980 The total available time equals
3.125 ms, so one Montium can be used for OFDM baseband piogdes Cognitive
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Teik T, | Freq.| FFT | Channel| Phase | Total
100MHz | rem.| cor. eq. offset cor.
Exec. us) | 32 | 128 | 576 128 96 960

Table 5.4: Execution time on the Montium for one OFDM fram§ & 125us =
3.125ms) whereN = 512 and N, = 128

Radio. The power consumption of the Montium in 0,113 technology is estimated
at 0.577 mW/MHz [82]. We can further estimate the energy eongion of each task
for processing one OFDM frame, see figure 5.11. The most gienggry part is the
FFT task which costs more thandBfor processing one OFDM frame. Therefore to
have an efficient FFT implementation is crucial to reduceethergy consumption of
the whole OFDM baseband. To reduce the computational codmbylaf the FFT task
for Cognitive Radio, we propose the FFT task can be recoddjtw a sparse FFT
in [87].
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Figure 5.11: The energy consumption on the Montium for on®MHRrame

5.4.3 Reconfigurable sparse FFT in TTL

As the core algorithm of OFDM and multi-resolution spectrsensing, reconfigurable
sparse FFT has been implemented for the following goalso Ygtify the algorithm
at system level; 2)to obtain high level profile informationterms of computation
workload and communication workload which help to make thelémentation trade-
offs on processors.

During the first step, we create the task graph (see figure 6f1l2e reconfigurable
sparse FFT. The source task generates the input samplels areicsent via the data
channel to the FFT task. The destination task consumes thataaamples from the
FFT task. A configuration manager decides the type of FFTrélgo, depending
on the number of non-zero valudsin the bit allocation vector. If. < N/2, the
configuration manager will generate the configuration datafsparse FFT. Then it
indicates the FFT task to perform sparse FFT and sends abtifeguration data to the
FFT task via the configuration channel. The configurationaganwill go to standby

128



Bit allocation
vector

Configuration Manager

Configuration Channel

Data Channel Configuration
input port

Radix-2 FFT o
Source or Destination
Task Sparse FFT Task
[z FFT Task  Daia

input port output port

Figure 5.12: Task graph of reconfigurable sparse FFT

until a new bit allocation vector arrives. Dependinglorthe FFT task either performs
radix-2 FFT or the sparse FFT.

The TTL functions are called from the TTL C/C++ library to ate tasks, define
communication interfaces and generate the task graph. efdythtem level, the tasks
are coded in C/C++. But in the platform implementation, tsks can be implemen-
tations on a particular processor. Here we give a pseudo example of the TTL
implementation to show how the reconfiguration is done ferRRT task.

Task Task_FFT {initialization; while(true)

{l ocal vari abl es;

\\check the configuration updates

tryAcqui redat a( Task_FFT->confi g_i nport)
{\\update L

ttl _read(Task_FFT->config_ inport, L);

\\read in configuration
ttl_read(Task_FFT->config_i nport, SFFT_CONFI G _DATA);
}

\\read in data

for(i=0; i<numsanples; i++)
ttl_read(Task_FFT->data_i nport, proc_buffer[i]);
\\sparse FFT or radi x-2 FFT

i f (L<num_sanpl es/ 2)

{\\sparse_FFT processing

call sparse_FFT;

}

el se

{\\radi x-2 FFT

call rad2_FFT;

}

\\wite out results

for(i=0; i<numsanples; i++)

ttl _wite(Task_FFT->data_outport, proc_buffer[i]);
}
}

The FFT task checks the updates from the configuration chalimenew configura-
tion is generated by the configuration manager, the FFT télskead in the configu-
ration data from the configuration channel via the configonainput port. Then the
FFT task reads in samples from the source task. After reatimgamples and the
configuration data, the sparse FFT or radix-2 FFT procedilldevexecuted depend-
ing on L. After the FFT processing, the results will be written outtte data channel
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Figure 5.13: Example of reconfiguration

via the output data port. Both synchronization and datesteairare done by the TTL
read and write functions. The procedures for sparse FFT adid-2 FFT are soft-
ware implementations in C/C++, but they can also be replageztjuivalent hardware
implementations; for example, configurations for the Memtiprocessor.

We applied the reconfigurable sparse FFT to an OFDM receagzdon the spec-
ification in [93] for the AAF system. The OFDM parameter setleinconsideration

B=f,| N Af T,
[MHz] [kHz] | [ps]
5.12 | 512| 10 100

Table 5.5: OFDM parameters: Sample frequency and symbatidar

is shown in Table 5.5. The bandwidth for the OFDM system i2BlHiz and there
are512 subcarriers in one OFDM symbol. Thus, subcarrier spadirfigs 10kHz and
the useful symbol part duratioh, is 100us. Therefore, we need a 512-point FFT
to process an OFDM symbol, where some subcarriers mightroeeazeording to the
bit allocation vector. In figure 5.13, we show an example ef $parse FFT recon-
figuration for the given OFDM system. We denote all the zerpuoiuindexes of the
FFT with 0 and non-zero indexes with In Scenario 1, 420 of 512 indexes are non-
zeros which means that most of the subcarriers can be useddnit@e Radio. To
avoid causing interference to a potential licensed usegntfive Radio has to switch
off a certain number subcarriers and re-assign the trateimiiformation to the avail-
able subchannels. This corresponds to Scenario 2 wherebéniyit of 512 indexes
are non-zeros. From Scenario 1 to Scenario 2, the FFT taglcamfigured from a
radix-2 FFT to a sparse FFT. The high level TTL implementatias been run on a
Linux PC. The computation result verifies the functionakreoiness of the sparse FFT.
The TTL run-time environment can generate high level prafilermation in terms of
computation workload and communication workload. The cotafon workload is
measured by counting the number of annotated instructidmie whe communication
workload is measured by counting the number tokens (dats)uhiat are travelling
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through the TTL channels. Table 5.6 shows the computatiakload of the FFT task
in two scenarios generated by TTL. The reduction of comprtah Scenario 2 is due

complex multiplication
(instruction count)

Sh 2304

So 1928

Table 5.6: Computation workload of the FFT task

to the sparse FFT which takes advantage of sparse data. déongithat the worst
case execution time (WCET) for processing an OFDM symbbbig:s, we estimate
the minimum required processing capacity for fieand.Ss in Table 5.7. The profile
information generated by the TTL run-time environment geipendent of platforms.
However, it can help to generate the platform dependentl@ifofi specific implemen-

complex multiplications
(per second)

S1 23 x 10°

S5 19 x 106

Table 5.7: Minimum processing requirements

tations. By associating execution times with instructjoasd by multiplying these
execution times with the instruction counts, one can obgaiough estimate of total
execution time of a task on a certain processor. Considénmd/lontium for the FFT
task, the Montium can execute one complex multiplicatiostrirction in one clock
cycle. From Table 5.7, we find that the Montium has to run atast 23MHz for
Scenario 1 and 19MHz for Scenario 2. In other words, the spaES will savel6%
processing capacity. Such a reconfiguration only takespMten the bit allocation
vector has been updated. We expect the bit allocation vactdio change very often:
at least it will be constant over several OFDM frames. Thaeethe reconfiguration
overhead is relatively small compared to the saving of cdatfjpns. From the TTL
profile information, we compare the computation workloacdbsd2-point sparse FFT
for variousL with different zero distributions. Figure 5.14 shows thest tomputation
workload increases with the number of non-zéro

5.4.4 Run-time mapping

A System-on-Chip (SoC) architecture is a composition o&jpalrprocessing blocks,
most frequently composed of commercially of-the-shelliectual property (IP) blocks.
There is a trend to develop generic heterogeneous SoCexrtthiégs, which are flexible
enough to run different applications. Mapping an applarato such a heterogeneous
SoC is more difficult than mapping to a homogeneous architectTodays common
practice is to map the applications to the architecture sigdetime. In this proposal
we will consider how to perform the mapping at run-time. Rime mapping offers a
number of advantages over design-time mapping. In paaticutan:

e adapt to the required resources. These resources may varytime due to
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Figure 5.14: Computation workload of sparse FFT for 512 dasp

applications running simultaneously or adaptation of atgms to the environ-
ment.

e enable unforeseeable upgrades after first product relimased.g. new applica-
tions and new or changing standards.

¢ avoid defective parts of a SoC. Larger chips mean lower yiefe yield can be
improved when the mapper is able to avoid faulty parts of tiip.cAlso aging
can lead to faulty parts, which are unforeseeable at ddsigmn-

The proposed mapping algorithm maps applications to adggeeous SoC archi-
tecture at run-time. A number of inputs are required for giggrithm: a description
of the applications, a library of process implementationd a description of the ar-
chitecture.

e Application Description: An application is assumed to be described as a set of

processes and interconnections between processes needauhimunication.
In this project, we assume that applications are describeliTa task graphs.
In practice the generation of the task graph is done manbglpn experienced
designer, and we do no consider this process in this propd@easides a de-
scription of the structure of such an application, also @ualf Service (QoS)
requirements have to be specified in the application. Exasnpf such QoS
requirements are throughput, latency, maximum energyucopson etc.

e Library Description: For each process of an application, one or more process
implementations have to be provided. A process implemientds the imple-
mentation of a process on a particular tile, e.g. object dodan ARM or a
DSP or configuration data for an FPGA. A process implemenidias several
characteristics, e.g. the amount of energy it takes to égebe process on a
particular tile of the architecture (see section below)hédtexamples are de-
lay or tile utilization. This library (including the char@istics) is composed at
designtime. In our approach, only the selection of proceggdmentations is
done at run-time.
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¢ Architecture Description: The heterogeneous SoC architecture consists of mul-
tiple tiles of different types (e.g. ARM, FPGA, DSP) intenteected by a Networkon-
Chip (NoC). For each tile, a number of characteristics haset@rovided be-
forehand, such as the type of the tile, the amount of availat@mory, the clock
frequency, etc. The NoC consists of routers and links. Tiesliare used to
interconnect routers or a tile with a router. It is possibldave different links in
parallel between the same source and destination. Also di@dlaracteristics
have to be provided, such as the topology of the network, rsguency of the
clock of the network, latency per router, etc.

These mapping problems are known to be NP-hard and in peatigccorrespond-
ing optimization algorithms may run for hours on a workstati When static design-
time (thus off-line) mapping is used for thousands of desjidas perfectly acceptable
to have such a long execution time. However, when we perfbemtapping at run-
time for each individual device, the mapping process itseds to be more flexible
and efficient. This requires a quite different set of aldoris, because the exhaustive
optimization methods used in most static allocation apgvea are not practical any-
more. To deal with the complexity of the problem, a hieratahiterative approach
is proposed in [94]. The idea is to solve the problem usingtipiallevels. At each
level a particular decision is made that shrinks the segrabes Decisions of previous
levels are considered to be fixed at the lower levels. On hilglrels not all details are
taken into account to improve the speed of evaluation.

5.4.5 Publications with respect to the topic

e Zhang, Q. and Kokkeler, A.B.J. and Smit, G.J.M., “Cognitikadio Design on
an MPSoC Reconfigurable Platform,” IEEEE 2nd International Conference on
Cognitive Radio Oriented Wireless Networks and Commuinicgit CrownCom
2007, 31 Jul - 03 Aug 2007, Orlando, USA. IEEE Communications &tyci
ISBN 1-4244-0815-6

e Zhang, Q. and Kokkeler, A.B.J. and Smit, G.J.M., “CognitRadio Design
on an MPSoC Reconfigurable Platform,” IACM/ Springer Mobile Networks
and Application (MONET) Journal special issue on CognitRadio Oriented
Wireless Networks and CommunicatipB608, to appear

e Zhang, Q. and Kokkeler, A.B.J. and Smit, G.J.M., “A Systawel Design
Method for Cognitive Radio on a Reconfigurable Multi-praz@sArchitecture,”
In: IEEE International Symposium on System-on-Chip 208721 Nov 2007,
Tampere, Finland. pp. 3-6. IEEE Circuits and Systems SociSBN 1-4244-
1368-0

e Zhang, Q. and Kokkeler, A.B.J. and Smit, G.J.M., “AdaptivE[@M System
Design For Cognitive Radio,” In11th International OFDM-Workshqp30th
- 31st Aug. 2006, Hamburg, Germany. pp. 91-95. IEEE Comnatioias
Society, Germany Chapter.

e Smit, L.T. and Smit, G.J.M. and Hurink, J.L. and Broersmal.ldnd Paulusma,
D. and Wolkotte, P.T., “Run-time mapping of applicationsatheterogeneous
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reconfigurable tiled system on chip architecture,” Broceedings of the Inter-
national Conference on Field-Programmable Techno]&§04.

5.5 Mapping algorithms onto the Montium

One of the major tasks of mapping Cognitive Radio basebandegsing onto the
proposed platform is implementing algorithms onto the Nlont the key element on
the platform. The Montium is designed to perform computally intensive DSP

algorithms while offering reconfigurability for adaptivégarithms in an energy effi-

cient manner. As the core algorithm in the OFDM based CognRadio and multi-

resolution sensing, dynamically reconfigurable FFT is negjggnto the Montium. Due
to the high computational complexity, cyclostationarytfea detection is a targeted
algorithm to be processed on the Montium.

5.5.1 Dynamically reconfigurable FFT on the Montium

Two types of FFTs are considered: reconfigurable radix-29-&1d sparse FFTs.
Radix-2 FFT may change its size to change the number of stdrsain OFDM or to
support multi-resolution sensing. Cognitive Radio maytsiwto a sparse FFT when a
large number of subcarriers are nullified or to focus on a kspaation of the spectrum
for fine sensing.

The basic idea to make radix-2 FFTs reconfigurable is to réwseomputation
structure and the twiddle factors of larger FFTs for smallElTs. An example is
shown in figure 5.15 where a 4 point FFT can be reconstructed &n 8 point FFT by
skipping the last stage butterfly operations. The same ppées for reconstructing
any smaller size FFTs from a larger FFT. Therefore, in oulémgntation we load the
configuration of a large size FFT during the initializatiomdaswitch to small FFTs by
adapting a small part of the configuration. In this way thendiguration overhead is
reduced to a minimum since there is no need to reload the woaoliéguration during
reconfigurations. From the computational structure of fherse FFT in figure 5.5,
we can see that a sparse FFT can re-use the radix-2 FFT catioguin the first part
and only add an additional part for the multiplication anchrabination of the twiddle
factors.

An FFT algorithm consists of a number of stages dependinghersize of the
FFT. Each stage consists of several butterfly operation® WDtterfly operation can
be computed in one clock cycle using four Montium ALUs. Thédxdly computation
is done sequentially on a stage by stage basis. Since therfhuttperation has a
repeating pattern, it can be implemented in a loop. A stageires two sequencer
instructions which are looped for the amount of input valtiest are needed. For the
reconfigurable radix-2 FFT, during the initialization stage load the configuration
of the largest FFT needed into the sequencer. Run-time figooation is achieved by
altering the configuration memory. Each entrance in this orgmefines an instruction
and contains a control part which is used to implement a seijug state machine.
By reducing the loop counter values in the sequencer ingingand only using the
stages needed, the large FFT can be reconfigured to a smallSkKThing back to
a large FFT can also be done by adjusting the loop countersiging more stages in
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Figure 5.15: An example of reconfigurable radix-2 FFT

the sequencer. Table 5.8 shows a simplified version of whétmoiht FFT sequencer

Seq PC|| ALU | AGU jump loop description
[0] [0] 3] [1] 1 Start of stage 1
[1] [ | [4] 2] |84
2] [1] [4] 3] 1 Start of stage 2
3] 0] | [B] | M7 | 8&)*

[4] [0] 3] [5] 1 Start of stage 3
[5] [ | [4] [6] 8

[6] 1] [4] [7] 1 Start of stage 4
[7] 0 | B B [8(4)*

Table 5.8: A simplified sequencer program for a reconfiger&® T changing from a
16 point to an 8 point FFT where the adaption has been sugheste

program would look like. The numbers below the AGU and ALUuwph represent
indices of specific Address Generation Unit (AGU) or ALU mstions. In order to
change this 16 point FFT sequencer program to an 8 point FiTtloe loop counter
values have to be adjusted and a stage has to be skipped. Byilaglithe jump target
in sequencer instruction 3 from 4 to 7 and adjusting the laamters from 8to 4, an 8
point FFT is created. The values changed are indicated bgtarisk in table 5.8. The
method of mapping a sparse FFT onto the Montium has beeratedién [87]. During
the input mapping and the recombination stage, the memaireasing is constantly
hopping from a position in one block to the same position iather, see figure 5.5
(e.g. fromz(0) to z1(0)). Each memory of the Montium has an Address Generation
Unit (AGU) which can generate the required addressing pattd he radix-2 FFT
configuration can be re-used for each memory block in thedfartt In the second part
where multiplications with twiddle factors and recombiaatare done, we use the 5th
ALU to calculate the indices to be multiplied and used as a orgraddress for AGU.
This address generation costs 3 extra clock cycles per esdero value, which is the
efficiency bottleneck of the sparse FFT on the Montium.

Table 5.9 shows the measured execution time of radix-2 FRTiseMontium run-
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Sparse FFT vs Radix-2 FFT for FFT-512
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Figure 5.16: The performance of the sparse FFT vs radix-2 leFFFT-512 on the
Montium

ning at 6.8MHz in comparison with the fixed point implemeiatas on the ARM946E-
S running at 86MHz. Although the Montium runs at 12 times lofvequency than
the ARM, it still outperforms the ARM by more than 4 times iropessing speed.
The power consumption of the Montium, in 048 technology, is estimated at 0.577
mW/MHz. Therefore the largest reconfigurable FFT (FFT-5d2}he Montium only
cost 1.35¢J which is comparable to an ASIC implementation. Figure SH@ws the

FFTsize | 512 | 256 | 128 | 64
Montium (ms)| 0.35| 0.15 | 0.07 | 0.03
ARM (ms) | 1.31| 0.59 | 0.27 | 0.12

Table 5.9: The execution time of radix-2 FFTs on the Montiiljngrocessor and the
ARM on the BCVP

number of clock cycles of the sparse FFT vs. the radix-2 FFb1@ samples on the
Montium as a function of the amount of non-zero subcarribrge to the address gen-
eration bottleneck, the final sparse FFT implementatiorherMontium turns out not
as efficient as the estimation in [87]. As shown in figure 5thé, complexity of the
sparse FFT exceeds the radix-2 FFT when there are more thaaréZero outputs.
However, it is still more efficient than the radix-2 FFT whdame number of subcarri-
ers is switched off (e.g. 480 out of 512). An additional beraffthe sparse FFT is that
only the non-zero outputs are sent through the on-chip camuation architecture.
Therefore it results in less communication cost which issaigred to be the bottle-
neck for smaller feature sized SoCs in the future. Table Sti@vs the costs of the
reconfiguration for both radix-2 FFT and sparse FFT (less @2anon-zeros) in terms
of bytes. When using reconfigurable code, a large configuras sent to the Mon-
tium at initialization and changing FFT size involves snp#ices of reconfigurable
code. When using static code, changing FFT size requiremalete reconfiguration.
Dynamic reconfiguration is about 10 times more efficient ttedoading the complete
static configuration.
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reconfigurable code static code
Initialization 1792 0
to 512-point 104 1138
to 256-point 82 1054
to 128-point 78 970
to 64-point 80 886
to 512-sparse (less than 64 nonzerps) 78 -

Table 5.10: Bytes that need to be sent for reconfiguration

Task #cycles
multiply accumulate| 12192
read data 381
FFT 1040
reshuffling 256
initialisation 127
total 13996

Table 5.11: Number of processor cycles

5.5.2 Cyclostationary feature detection on the Montium

Due to its high computational complexity, cyclostationfegture detection is the ex-
act type of application that the Montium is targeted. In [98¢ proposed a two-step
methodology to analyse the mapping of cyclostationaryufeatietection. In the first
step, the tasks to be executed by each core are determinestrucctured way using
techniques known from the design of array processors. Isg¢hend step, the imple-
mentation of tasks on a processing core is analysed.

The quantitative analysis of mapping CFD onto multiple Mamt cores is based
on the simulation of an application where 256-point speatesanalysed. Botfianda
range from—63 to +63 which implies thaP = 127 and F' = 127. The platform used
within the AAF project consists of 4 Montium core§  4). The number of tasks to
be executed by one Montium core is therefore smaller thamualdo 32 " = 32).
The number of memory locations needed for storing the reswihen accumulating
overn, equals? - F = 32 - 127 < 4K complex values or less than 8K real values.
The total memory capacity of the Montium memories M0O1 to M@8ads 8K words
of 16 bits. So, for dynamic ranges smaller than 96 dB, the Mamtmemories are
sufficiently large. The communication shift registers aagpped onto memories M09
and M10. Each memory contains 32 complex values. From eaafonyea value is
read every clockcycle. The read-address is generated byldregs Generation Unit
(AGU) which accompanies each memory.

We simulated the tasks for a single Montium tile with the Momt simulator. Ta-
ble 5.11 gives an overview of the number of processor cyagsired for the dif-
ferent tasks. The total number of complex multiply accunmilaperations equals
T - F = 4064. Simulations show that a multiply-accumulate requiregéhclock-
cycles, so the required number of clock cycles equals 12FaR.each 32 multiply
accumulate operations, 3 additional clockcycles are rib&aleead data which leads
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to 381 additional clockcyles. The DSCF is based on a 256tmeactrum which can
be calculated by one Montium in 1040 clockcycles. The rdBhgfof the conjugated
values is done in 256 clockcycles and initially loading therdlum with data requires
127 clockcycles. The total number of clockcycles for 1 inééign step in the calcu-
lation of a DSCF then equals 13996. The maximum clockspeedMbntium core
equals 100 MHz and therefore the time required for the caflmurl of one integration
step in the calculation of the DSCF equals 139:86To analyse 256 samples takes ap-
proximately 14Qus. If all samples of a stream are analysed in blocks of 256 k&np
an analysed bandwidth of approximately 915 kHz is realigedingle Montium oc-
cupies approximately 2 mtrusing the Philips 0.13m CMOS12 process technology.
A platform consisting of 4 Montium processors will occupypamximately 8 mm.
Typical power consumption of a Montium processor is estadab be 50QW/MHz.
When running on 100 MHz, this results for 4 Montium tiles ir020W. In this eval-
uation we already used the scalability property of the apfithn, the mapping and
the platform. The analysed bandwidth, chip area and poweswuaption scale lin-
early with the number of Montium processors. This propegy be used to estimate
performance of other platform configurations.

5.5.3 Publications with respect to the topic

e Zhang, Q. and Walters, K.H.G. and Kokkeler, A.B.J. and S&id, M., “Dynam-
ically Reconfigurable FFTs for Cognitive Radio on a Multipessor Platform,”
In: International Conference on Engineering of Reconfigur&yetems and Al-
gorithms 2008, to appeatr.

e Kokkeler, A.B.J. and Smit, G.J.M. and Krol, T. and Kuper, “Cyclostation-
ary Feature Detection on a tiled-SoC,” DATE2007 Proceeding4.6-20 April
2007, Nice, France. pp. 171-176. European Design and AudimmAssocia-
tion. ISBN 978-3-9810801-2-4

e Walters, K.H.G.Cognitive Radio on a reconfigurable platforflaster Thesis,
University of Twente Master’s thesis, Univ. of Twente.

5.6 Conclusions

In this chapter, we proposed an MPSoC architecture to stigutaptive baseband
processing of Cognitive Radio. The key element on this ptaifis a home grown
coarse grain reconfigurable processor call the Montium. Mibetium tile processor
offers reconfigurability in an energy efficient manner.

We investigated three DSP algorithms particularly inténgsfor Cognitive Radio,
namely reconfigurable sparse FFT, discrete cyclostatydieature detection and filter
bank. The sparse FFT is proposed as a novel alternative tah®FT for OFDM
based Cognitive Radio where a large number of subcarriersi@activated. Based
on this sparse FFT, we also proposed a novel energy basedresdlution spectrum
sensing method which enable Cognitive Radio to focus on dl @ad of interested
spectrum in a finer resolution with low computational cosuelo its high compu-
tational complexity, the DCFD has been analyzed and mappgdtbe MPSoC plat-
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form. We proposed an oversampled filter bank multicarriecfognitive Radio based
on the generalized DFT implementation.

A system level desigh method, call task transaction levetiace (TTL), has been
proposed for mapping algorithms onto the MPSoC platforme fitethod is used for
build system level application of Cognitive Radio for MPSa@d also for system
level profile generation. The generated profile can help &duate the efficiency of
algorithms and provide information for the subsequenttmne mapping.
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Chapter 6

Executive Summary

by Andé Kokkeler

The design of a network, datalink and physical layer for GognRadio is a 'wide
and open’ area of research. Within the AAF project, a firstghtd this area has been
drawn from two different perspectives. A first perspectivéo look at Cognitive Ra-
dio from an OSI layered model point of view. The AAF projecieced network- and
datalink-layer aspects of Cognitive Radio in workpacka@®/#4). Physical layer as-
pects have been addressed in WP3: spectrum sensing andmactiass techniques
have been explored for their suitability for Cognitive Radirhe second perspective
is to consider Cognitive Radio from an executing platfornmpof view. Since Cog-
nitive Radio is expected to find its use in both stationary emabile applications,
non-functional characterstics are evenly important astfanal characteristics. The
two most important non-functional charateristics are B#ity (reconfigurability) and
power consumption (computational efficiency).

Since research from both perspectives was conducted ilighavéhin the AAF
project, it was not possible to use identical algorithmstfoth the functional evalua-
tion and the platform evaluation. In general, for functioeealuation, new algorithms
have been developed and for the platform evaluation, egistlgorithms have been
evaluated and at most adapted to increase computatioraéeéy.

6.1 Functional evaluation of network- and datalink layer

Concerning the evaluation of the network- and datalinkd@jan Opportunistic Spec-
trum Access (OSA) network, two important issues are thecele and effects of a
Transport Control Protocol (TCP) over OSA links and the glesif a medium access
control (MAC) protocol.

TCP over OSA links
The most importante versions of TCP that are currently inarse Linux New
Reno, Linux Vegas, NS New Reno and NS Sack. We have investight perfor-

mance of these TCP flavors in an OSA environment. The imastigT CP stacks can
achieve better than 95% efficiency on OSA links with widelyyitag characteristics,
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under a very wide range of network configurations, if a lalgg ot unrealistically
s0) buffer is available at the Base Station, and the receivgloys Selective Acknowl-
edgments. We have also seen that TCPs have trouble adaptrgrt brief reductions
in capacity, if end-to-end delay is large. This implies tthatprobability of false alarm,
a parameter of the OSA link’s Primary User (PU) detectiorcpss which indicates
the probability that a PU is detected while not present, mayeha larger effect on
throughput than is apparent from theoretical analysis d?'§6teady statdehavior.

Design of a MAC protocol
From an extensive literature study we distilled five impotteatures:

e Bootstrapping. During bootstrapping a secundary userddsaivhich channels
can be used for communication. There are basically two pgtia third party
provides the information on channel usage or the secundsyhas to find out
itself which channels are in use by a primary user.

e Control channel. For the exchange of control informatiobween secundary
users, a control channel needs to be present. Four diffegitns have been
identified: a dedicated control channel (DDC), a hoppingmmdehannel (HCC),
a split phase control channel (SPCC) and a multiple rendez-gontrol channel
(MRCC).

e Scanning. The aim of scanning is to detect primary useriactiVhe quality of
scanning can, in general, be improved if the scanning pesitehgthened.

e Radio front-end. Depending on the MAC protocol, severakfioms can be
executed in parallel: sending and receiving data and spactensing. Either
several front-ends should be present or time-multiplexes af front-ends is
required.

¢ Interference Management Policies. Harmful interferemcprimary users can-
not be avoided since their presence cannot be be detected @dtpercent cer-
tainty. The maximum level of interference is typically sified through interfer-
ence policies (IPs). Three major policy classes are idedtifime based, power
based and collision based.

Many proposed solutions do not cover crucial elements ofopgr OSA MAC
protocol design. Since the operating conditions of OSA pétw are typically un-
known during the design time phase, the bootstrapping proego setup the network
before communication is very important. However, it is dedtin many of the pro-
tocol designs. In case of OSA networking, this bootstragpmannot be considered
to be a one-time effort at the start of the communication pgtwso it is crucial to
make it as efficient as possible and embed it in the MAC prdtdesign. Also, the
required scanning for the presence of a PU is sometimesamhiittthe protocol design
or performance analysis. More importantly, the specificatf policies to regulate the
coexistence with PUs is often described very vaguely or ém@nomitted. It can be
concluded that although many individual contributions banfound, it is important
to assess how these subtasks can be integrated togetharcotaoplete solution to be
able to fully assess the expected QoS of OSA networks.
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The organization of the Control Channel is a very importapeat of multichannel
OSA networking. Although the solutions proposed in literatalways assume the
availability of a fixed channel for control information exafge (for DCC this channel
is only for control, in SFCC the channel is also used for ddta3 is not necessarily
optimal. Especially in the case that there are a lot of ptssibannels to use, a fixed
control channel easily becomes the bottleneck. Also, witethannel can be assumed
to be free from PU activity, it is best to spread the contrattenges over different
channels as much as possible. As a result, MRCC outperfo@, BICC and SFCC
over a broad range of PU traffic conditions.

No solutions found so far in literature assess the QoS giwehe secondary net-
work in detail. This is however very crucial since the intuotion of OSA networks
only makes sense if a sufficient level of QoS can be expectesl haVe studied the
delay and throughput performance of a broad range of OSAjdesis a function of
PU activity. Also, the fundamental trade-off between PU @o8 SU QoS has been
assesed. The more freedom is given to the SU to access theethidue more capacity
it can use and the better its performance. However, morddrado the SU means less
guarantees for the PU and the success of OSA networking gpiedd on how well
we can optimize this trade-off with a given policy.

6.2 Functional evaluation of the Physical Layer

6.2.1 Medium Access Techniques

The most important characteristic of a suitable mediumsstechnique for Cognitive
Radio is that it should be 'frequency agile’. This means that technique should

be able to flexibly change, in a controlable way, the specisabje such that parts of
the operating frequency band of the Cognitive Radio usenareontaminated with

power. We have investigated three medium access techniques

e Orthogonal Frequency Division Multiplexing (OFDM)
e Transform Domain Communication System (TDCS)
e Wavelet Packet MultiCarrier Modulation (WPMCM)

OFDM is considered as a major candidate modulation teckeriquCognitive Ra-
dio mainly because of its ability to control spectral usage icontrollable way by
switching on or off carriers (adaptive bit loading). Howgwdue to spectral leakage,
power of a single switched-on carrier is not only concenttan the assigned fre-
guency bin but spreads over a larger frequency range. Oreeddely research issues
within the AAF project has been to reduce this spectral lgakaBy means of win-
dowing, spectral leakage can be reduced. A better-thaedaiosine (BTRC) window
results in the lowest sidelobes. This technique, in contlminawith carrier deacti-
vation can be used to reach acceptable spectral leakags. le&esecond isssue is
adaptive bit loading. 'Good’ carriers can be loaded with enbits than carriers that
suffer from severe channel conditions. Estimating the nhbhaccurately is therefore
of high importance. Obtaining information about the charirem a Wiener filter in
combination with a Fisher carrierwise bit loading algamitlvas found to result in the
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lowest bit error rate. To establish accurate channel estsria case not all carriers are
used, carefull distribution of pilot symbols over the remiag carriers is important.
A hexagonal pattern in combination with the concept of wltpilots shows a large
increase in performance compared to fixed pilot patterns.

The Transform Domain Communication System (TDCS) has besgarched con-
cerning its capabilities for Cognitive Radio. TDCS as iss hao low a data rate for
Cognitive Radio and for that reason, TDCS has been extededdditional data in-
put has been created and the data is used to modulate thers#neat generate the time
signal before modulation. This way, the data rate can beasad or equivalently, less
signal power can be used for equal Bit Error Rates (BERSs). $4th embedded 256
PSK symbols requires 9 dB less SNR to have the same BER asntimmad TDCS.

As a third option, Wavelet Packet Multicarrier ModulatioWPMCM) has been
investigated. In this technique, the conventional Fousesed complex exponential
carriers within OFDM are replaced with orthonormal wavelatket bases. For both
systems (OFDM and WPMCM), carriers need to be switched offvimid jamming
licensed users. WPMCM needs more carriers to be switcheithadff OFDM but for
an equal number of carriers switched off, WPMCM outperfofdizDM.

MIMO (Multiple Input Multiple Output) has attracted a lot aftention in the last
few years as a technique to enhance communication capadtyhighly) scattering
environment. As such, it can be used for Cognitive Radio dt v@ne of the clas-
sical MIMO techniques is V-BLAST. Its use has been evaludtecbnjunction with
the three access technigues used within AAF. Both TDCS antM@N? outperform
OFDM in case of MIMO.

6.2.2 Spectrum Scanning

To avoid interference, a cognitive radio should sense tleetsym for the presence
of primary users. Only if a spectral band is unused, a cogniadio may temporary
reuse it as a secondary user. To attain a sufficient levelrtdiogy about the absence
of a primary user, large technical challenges have to beedol¥o focus research on
physical layer aspects of spectrum sensing we developedrgiidmented the Cog-
nitive Radio Verification Platform (CRVP). The goal of the @Ris to demonstrate
physical layer issues involved in spectrum sensing. It ists1®f a PC application

that combines several system level simulations with a gcapluser interface. The
CRVP is designed as a hybrid between simulation and implé&tien. In simulation

mode, signals are synthetically generated from basebardklsof various modu-

lation schemes. Also propagation and analog front-end immgats are simulated.
In implementation mode, the CRVP can connect to a Universéivare Radio Pe-

ripheral (USRP) or receiver hardware. With such hardwawve,ridio signals can be
measured and analyzed at run time or stored to disk for offlivedysis. Various spec-
trum estimation methods where studied and implemented @ CRVP under which

the Welch averaged periodogram method and cyclostatidieatyre detection. Also
modulation type recognition and feature extraction methuale been studied. Cyclo-
stationary feature detection is generally considered teuperior to energy detection
in low, or even negative SNR regimes. However, no solid exsgas available that this
technique is useful to improve spectrum sensing for cognitadio. Simulation and
analysis of these algorithms performed in the AAF projeciskthat indeed cyclosta-
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tionary features can be measured as predicted by theoryetsmnt was also observed
that the computational load of the algorithms is too highdamrent day mobile pro-
cessors. It is expected however, that future mobile processave enough processing
power for these algorithms. Besides the study on sensinglatettion algorithms,
also system level aspects were addressed. Radio spectraitorimy data, collected
by Agentschap Telecom, was analyzed and measurements sjtac&rum analyzer
have been made. From these measurements we obtained aiew@reurrent 'white
space’ and typical usage of frequency bands. Furthermaradentified that certain
bands can be classified as 'gray space’. Such bands contportamnt primary users,
but because of bursty signal patterns, spreading codedpantlansmit power they
may appear as white space in superficial measurements. aarp satellite down-
links and uplink bands from trunked radio systems.

6.3 Platform evaluation

The platform evaluation for Cognitive Radio basically dehsf four steps:

¢ |dentification and specification of the Cognitive Radio égadion to be mapped
onto a platform

¢ Platform definition
¢ High level modeling and partitioning of the application
e Mapping of the application

Specification

At the begining of the AAF project, OFDM was considered as gomeandicate
medium access technique for Cognitive Radio. Therefore ERNDbased Cognitive
Radio was specified using adaptive bit loading and powerihgadNote that, by load-
ing no bits onto a carrier, that carrier is effectively switd off. Bit allocation vectors
are assumed to be communicated to both a transmitter andeee@ a Common
Control Channel. A crucial functionality required for Catiyre Radio, is spectrum
sensing. Basically three different methods had been peaplis use within Cogni-
tive Radio: power detection, matched filter and cyclostetry feature detection. The
power detection method has no sub-noise detection capebéind a matched filter is
not considered to be feasible for Cognitive Radio. For teason, an improved power
detection method and Spectrum Sensing by means of cyatosiay feature detection
is specified for the platform evaluation.

Platform definition

The targeted platform for Cognitive Radio is a heteroges@eaonfigurable multi-
proccesor System-on-Chip (MP-SoC). This MP-SoC is a tileflitecture where tiles
can be various processing elements including General Barpoocessors (GPPs),
Field Programmable Gate Arrays (FPGAs), Application Siedntegrated Circuits
(ASICs) and Domain Specific Reconfigurable Hardware. Tles tif an MP-SoC are
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interconnected by means of a Network-on-Chip. The diffetgmes of processing ele-
ments are used for different types of processing. WithinrXA& project, we aimed at
implementation of computational kernels like the FFT ontaniain Specific Recon-
figurable Hardware. More specifically we aimed at implemigoieonto the Montium,
developed at the University of Twente. The Montium is tabbtowards the signal
processing domain. It is flexible enough to adapt to diffesdgorithms with good
energy efficiency.

High level modeling and partitioning

Parameterizable OFDM has been modeled using a Task Traorsaetel (TTL)
interface. By means of this interface, an application casgii¢ explicitely into com-
putational kernels and communication between the kerfils computational kernels
become 'tasks’ which communicate via ports. This separatito computation and
communication is a first step towards implementation. Thgdst advantages of using
TTL are:

e A first step towards implementation can be made at an absénadtwhere low
level details can be ignored, increasing productivity ef designer.

e The partitioned model is executable so functional coresdrcan be checked.

e The TTL environment can generate high level profile infoiorain terms of
computation workload and communication workload.

A TTL model of parameterizable OFDM has been realized andisited for cor-
rectness. An overview of the computation workload, whickdesermined automati-
cally by TTL, confirmes that the FFT is the most computatiniitensive part of an
OFDM transmitter or receiver. Furthermore, the indicatechputational workload of
the different parts can be used to estimate execution times final platform. For
the parameterizable OFDM application using 512 carriessc@ncluded that a single
Montium processor offers sufficient raw computing perfonge (the total execution
time was estimated to be 968 while the available time is 3.125 ms). Using the indi-
cated computational workload, first estimates of energysamption can be given as
well.

Mapping of the application

Within the AAF project, we investigated the mapping of Ade@tOFDM and
Spectrum sensing onto an MP-SoC, more specifically onto thetiMm. As already
was concluded from the high-level modeling stage, the FFTgi@OFDM is the most
computationally complex part and we therefore concerdrate efficient implemen-
tation of the FFT on the Montium reconfigurable processodit@ry mapping of an
FFT onto the Montium was already known at the start of thegmtoj However, in
case of Cognitive Radio, many carriers might be switcheavbfth implies that many
computations within the FFT are useless. To reduce powesuroption, mechanisms
to reduce the number of useless calculations have led taripkementation of the
sparse-FFT. If less than half of the carriers are actualjduthe sparse-FFT gives a
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higher computational efficiency. The minimum complexitytioé sparse-FFT equals
half of the complexity of a 'conventional’ FFT. Because @arusage is anticipated
to be very agile, the sparse-FFT has to be reconfigured flareift carriers very effi-
ciently (fast against low power). When using the reconfigl@aontium processor, a
large configuration is sent to the processor at initialoratind changing the positions
of used carriers involves small pieces of reconfigurableecotihe effect is that for
example, a sparse-FFT of 512 carriers at most, and less thasddl carriers can be
reconfigured with 78 bytes. In this case reconfiguration od@ MHz Montium will
take less than is.

Anticipating on the fact that 'normal’ OFDM might not giveffinient suppression
of signals in adjacent channels used by the primary userslemeloped a computa-
tionally efficient oversampled filter bank multicarrier s for Cognitive Radio. At
the moment of writing the white paper, no results for thigeysare available yet.

A second computationally intensive part of Cognitive Radithe Spectrum sens-
ing part. Two different alternatives have been investigiadulti-resolution spectrum
sensing and cyclostationary feature detection. Multbltgfon spectrum sensing is
based on the dynamically reconfigurable FFT as describedeabte total bandwidth
is first sensed using coarse resolution followed by a finduten sensing performed
on only a portion of the interesting bands for Cognitive Radiecause the energy con-
tents of carriers that are not of interest are not calculpteder is saved by avoiding
unnecessary computations. If less than 25 percent of takltahdwidth requires fine
resolution sensing, our proposed multi resolution senapgroach is more efficient
that using a large FFT with equivalent resolution.

Using an FFT to detect the presence of signals is usuallya@f® as power de-
tection. Because of the limited detection capabilities@fier detection, it is doubtfull
whether it is really applicable for Cognitive Radio. An aitative is to use cyclosta-
tionary feature detection. By means of cyclostationaryueadetection, correlation
between signals at different carriers can be detected. mpkmentation of cyclosta-
tionary feature detection onto an MP-SoC has been invéstigdVhen using spectra
consisting of 256-points (obtained after an 256 point Fig,correlation step within
cyclostationary feature detection will take approximatel0 us using a platform with
4 Montiums which implies that a band of approximately 1 MH=n dee fully anal-
ysed. As areference, calculating a 256 point spectrum byisnacan FFT on a single
Montium takes approximately 14s.

6.4 Conclusions

The conclusion of the research within the AAF project conitey the network-, datalink
and physical layer are:

e Modern real world TCP stacks can achieve high efficiency oA @riks.
e A dedicated control channel is not always the right solufmmOSA networks.

e OFDM is considered as the strong modulation mode for OFDMaBttansform
Domain Communication System and Wavelet Packet Modulareradequate
alternatives.
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MIMO is effective for Cognitive Radio.
Measurements acknowledge the general opinion that spedsrecarsely used.

Cyclostationary Feature Detection has shown to detectalsighat cannot be
detected by power detection using real-life measurements.

A MultiProcessor System-on-Chip platform has shown to beitalsle platform
for Cognitive Radio based on OFDM giving sufficient flexityilagainst accept-
able power consumption.
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Appendix A

List of Abbreviations

AGU address generation unit

ALU arithmetic and logic unit

ASIC application specific integrated circuit
AWGN additive white gaussian noise

BCVP basic concept verification platform
BDP bandwidth delay product

BER bit error rate

BPSK binary phase shift keying

BTRC better than raised cosine

CCSsK cyclic code shift keying
CDMA code division multiple access

CFD cyclostationary feature detection
CFWCN  cognitive functionality wireless communicationgieo
CM configuration manager

CR cognitive radio

CTF channel transfer function

CWSE coded weak subcarrier excision

DCFD discrete cyclostationary feature detection
DCC dedicated control channel

DFT discrete Fourier transform

DSRH domain specific reconfigurable hardware
DSP digital signal processing

ESM exclusive spectrum management

FDM frequency division multiplexing

FFT fast Fourier transform

FMT filtered multitone

FPGA field programmable gate array

Gl guard interval

GPP general purpose processor

GSM global system for mobile communications
HCC hopping control channel

HSM hierarchical spectrum management

IFFT inverse fast Fourier transform
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IP intellectual property

IRCTR international research center for telecommunioatiand radar
ISI intersymbol interference

LU license user

MAC medium access control

MCM multicarrier modulation

MIMO multiple input multiple output
MPSoC multiprocessor system on chip

MRCC multiple rendezvous control channel
NoC network on chip

OFDM orthogonal frequency division multiplexing
OSA opportunistic spectrum access
OSFB oversampled filter bank

PAM pulse amplitude modulation

PSD power spectral density

PU primary user

QAM quadrature amplitude modulation
QoS quality of service

RFE radio front end

RU rental user

SBLA simple blockwise loading algorithm
SC spectrum commons

SDR Software Defined Radio

SINR signal to noise and interference ratio
SNR signal to noise ratio

SoC system on chip

SPCC split phase control channel

SU secondary user

TCP transport control protocol

TDCS transform domain communication system
TDD time division duplex

TDM time division multiplexing

TTL task transaction level

uwB ultra wide band

V-BLAST vertical bell layered space time
WCET worst case execution time

WPMCM  wavelet packet multicarrier modulation
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