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ABSTRACT | With the explosive growth of wireless multimedia
applications over the wireless Internet in recent years, the
demand for radio spectral resources has increased significantly.
In order to meet the quality of service, delay, and large
bandwidth requirements, various techniques such as source
and channel coding, distributed streaming, multicast etc. have
been considered. In this paper, we propose a technique for
distributed multimedia transmission over the secondary user
network, which makes use of opportunistic spectrum access
with the help of cognitive radios. We use digital fountain codes
to distribute the multimedia content over unused spectrum and
also to compensate for the loss incurred due to primary user
interference. Primary user traffic is modelled as a Poisson
process. We develop the techniques to select appropriate
channels and study the trade-offs between link reliability,
spectral efficiency and coding overhead. Simulation results are
presented for the secondary spectrum access model.
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I. INTRODUCTION

Wireless multimedia applications require significant
bandwidth and often have to satisfy relatively tight delay
constraints. Radio spectrum is a scarce resource. Limited
available bandwidth is considered one of the major
bottlenecks for high-quality multimedia wireless services.
A reason for this is the fact that a major portion of the
spectrum has already been allocated. On the other hand,
actual measurements taken on the 0-6 GHz band in
downtown Berkeley [2] and other spectrum occupancy
measurements on licensed bands, such as TV bands, show
the significant under utilization of the spectrum [3], [4].

Recent Federal Communications Commission (FCC)
proceedings [5] propose the notion of secondary spectrum
access to improve spectrum utilization. This allows
dynamic access to the unused parts of the spectrum
owned by the primary license holder, called a primary user
(PU), to become available temporarily for a secondary
(nonprimary) user (SU). This dynamic access of spectrum
by secondary users, which is facilitated by the use of
cognitive radios [6], is one of the promising ideas that can
mitigate spectrum scarcity, potentially without major
changes to incumbents. Fortunately, the advances in
software defined radio (SDR) [6], [7] have enabled the
development of flexible and powerful radio interfaces for
supporting spectral agility.

Cognitive radio is a wireless communication paradigm
in which either the network or the wireless node itself
changes particular transmission or reception parameters to
execute its tasks efficiently without interfering with the
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licensed users or other cognitive radios. This parameter
adaptation is based on several factors, such as the
operating radio-frequency (RF) spectrum, user behavior,
and network state. A cognitive radio may depend on a
software-defined radio to implement the functionality to
support reconfiguration. The cognitive radio also looks at
signal-processing and machine-learning procedures from
the algorithmic perspective. The cognitive cycle consists of
three major components: sensing of RF stimuli, cognition/
management, and action.

1) Sensing of RF stimuli encompasses the following:

e detection of spectrum holes;

e estimation of channel state information;

e prediction of channel capacity for use by the
transmitter.

e estimation of interference temperature (max-
imum allowable interference in a band) of the
radio environment. Note that the FCC aban-
doned the interference temperature concept
1recen'dy.1

2) Cognition/spectrum management includes:
e spectrum management, which controls op-
portunistic spectrum access;
optimal transmission rate control;
traffic shaping;

routing;

quality of service provision.
3) Examples of actions are:
e transmit-power control, adaptive modula-
tion, and coding.
These three tasks form a cognitive cycle as shown in Fig. 1.
For additional information about the cognitive cycle, we
refer to [1].

'http://hraunfoss.fcc.gov/edocs_public/attachmatch/FCC-07-
78Al.doc.
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In our model, we use the spectrum pooling concept [8]
to select a set of subchannels (SC) in order to establish a
communication link. Cognitive radio networks do not
require the selected subchannels or bands to be contigu-
ous. Thus, a cognitive radio can send packets over non-
contiguous spectrum bands. Since a link is composed of
multiple different SCs at different frequencies, it adds path
diversity in the network, and thus helps in achieving
distributed streaming of the multimedia content through
multiple paths with a higher overall throughput to the
client. For example, it has been shown in [9] that the usage
of multiple streaming servers provide better robustness in
case one of the channels becomes congested. The
multiband spectral diversity also helps to improve the
reliability of secondary spectrum access. For example, if a
primary user appears in a particular spectral band, the
secondary user has to vacate this band. The other available
bands, in this situation, will still help in secondary link
maintenance.

However, the inherent problem of distributing media
over multiple SCs is the coordination required between the
SCs. Packet scheduling strategies need to be carefully
coordinated in order to efficiently utilize the scarce
spectral resources. This could make such a distributed
streaming system overly complex and cumbersome,
especially in a secondary user environment where primary
user arrival is unpredictable.

In this paper, similar to [10], we propose to make use of
digital fountain codes in order to remedy the aforemen-
tioned coordination problems. In fact, the use of fountain
codes achieves two goals simultaneously. First, it renders it
feasible to distribute the scalable media to different SCs
with no need of coordination between them. Secondly, it
acts as a channel code to combat the effect of loss against
PU interference and other channel conditions. Fountain
codes are a class of erasure-correcting codes that produce
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an endless supply of packets from a set of K input packets,
out of which any N packets can be used to recover the
original K packets with a certain probability of error ¢,
where N is slightly greater than K. In order to transmit K
packets of data, a redundancy approach has been used in
[11] and [12], where some redundancy X is used to
compensate for the loss due to PU interference. So a total
N + X packets are distributed over a set of S SCs.

The problem of how to select the set of appropriate SCs
to meet the quality of service (QoS) requirements of the
multimedia communication is of great interest and still an
open problem [13]. In this paper, we propose a novel
metric to evaluate the quality of different SCs. The
encoded packets are distributively transmitted through
multiple subchannels selected from the spectrum pool
based on the new channel quality metric and the QoS
requirement of the media steaming application. Theoretic
analysis is presented to show that the proposed method
will optimally allocate the data rate to different sub-
channels to achieve the target requirement. In this paper,
we model primary user arrival as a Poisson process whose
parameter A can be estimated by a maximum likelihood
estimator. Some measurement studies also support the
Poisson model [24], [25]. We also discuss other possible
modeling of the primary user traffic such as the Markov
chain [26]. We use these models to investigate the
spectrum efficiency of the SU link with respect to the
PU arrival rate and the number of selected subchannels S.
We also study the tradeoff between A and S.

The rest of this paper is organized as follows. In
Section II, we describe the spectrum pooling concept and
PU arrival process. We also discuss the digital fountain
codes and the coding scheme for distributed multimedia
applications. In Section III, we discuss various techniques
for estimating PU arrival rate and channel errors. In
Section IV, our problem description and theoretical
analysis are presented. Simulation results and perfor-
mance analysis are presented is Section V. Section VI
presents concluding remarks.

II. SYSTEM MODEL

In this section, we first introduce the spectrum pooling
concept. This is the basis for our secondary usage model
used for finding out vacant channels to be considered for
distributing multimedia contents over them. Then we
describe the PU arrival model, and after that digital
fountain codes, which are used to distribute the multime-
dia contents over different SCs that help in compensating
for the PU interference.

A. Spectrum Pooling Concept

In the secondary usage scenario, the availability of the
radio spectrum is dependent on the PUs’ usage statistics.
So in order to transmit multimedia content, first we need
to isolate a portion of the radio spectrum that is not in use

Secondary User Link

PU#1 PU#6

PU#2

PU#3 PU#4 PU#5

»

Frequency -

Active Primary Users

Fig. 2. Spectrum pooling concept.

by the primary users. Similar to [12], we use the spectrum
pooling concept as shown in Fig. 2, which is the basis for
the secondary usage system architecture called cognitive
radio for virtual unlicensed spectrum (CORVUS), as
described in [2]. Since PUs use their bands intermittently,
SUs get the opportunity to exploit the temporarily
available spectral resources to accomplish their own
communication needs.

In Fig. 2, the whole spectrum where secondary use is
permitted is divided into many SCs of bandwidth W. The
SU selects a set of SCs (say, S) to form an SU link in such a
way that the interference due to PU is minimized. For
example, if one subchannel is selected per PU band then
the arrival of a PU will not cause the complete breakdown
of the SU link, rather the link will degrade gradually.

B. Primary User Arrival Model

We consider a compressed video transmission applica-
tion for the secondary user. The video data consists of a
group of pictures (GOP). At the start of every GOP, an SU
link is set up by selecting a set of S subchannels out of Sy
available subchannels from different PU bands of the
spectrum pool. Then the SU starts transmitting packets
over this link at t = 0. The GOP frame structure is shown
in Fig. 3. The PU arrival process on SC i, for i =1,
2,...,Sp, is modelled as a Poisson process with arrival
rate ;. So the interarrival time 7; is exponentially dis-
tributed with mean-arrival time p; = 1/);, as shown in
Fig. 4. Each SC has a loss probability m; and channel
capacity R;.

GOP Duration

~

Link
Set-up
t=-T

\

Data Transmission

sensing t=0 t:I)max

Fig. 3. GOP frame structure.
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If the ith subchannel is reclaimed by the primary user
at time 7;, then all packets transmitted on that subchannel
after 7; will be lost due to the evacuation of the secondary
user. So in order to recover these packets, some error-
correcting mechanisms are needed. One method is to
request for retransmission (i.e., ARQ), for which a
feedback channel is required. However, in this secondary
access scenario, once the subchannel has been captured by
a primary user, the retransmission request has to be placed
on a different subchannel, which may not be available or
reliable. So in order to avoid the need for a feedback
channel, we propose to use erasure-correcting codes,
where the packets that are lost due to PU interference are
considered as erasures. The erasure-correcting codes that
we use in our model are digital fountain codes and are
discussed next.

C. Digital Fountain Codes

The theoretical idea of digital fountain codes was
introduced in [14], and the first practical realizations of
fountain codes were invented by Luby [15]. They represent
a new class of erasure-correcting codes for packet data
transmission over lossy channels.

For a given set of input packets {x1,xz, ... .xx}, a Luby
transform (LT) [15] code can generate a limitless stream of
output packets. Each output packet is generated indepen-
dently by first choosing a degree d from a distribution 2(k),
where k € {1,2,...,K}, on the set {1,2,....,K}, then
randomly selecting d input packets from {xi,xp,....xx}
followed by addition of the d selected input packets. The
connections between the input packets and output packets
form a bipartite graph. An example graph is shown is
Fig. 5. The sequence of output packets along with this
graph is transmitted over the lossy channel. Once N of the
output packets, where N is slightly more than K, has been
received, irrespective of which N packets, a belief-
propagation decoder is applied to decode the original K
input packets. The choice of N depends on the LT code
parameters (K, {2(k)) and the desired error probability (e)
of the decoder.

Since the LT decoder only needs any N output packets
to recover original K input packets with probability 1—e,
irrespective of the loss model of the channel, it is robust
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against the packet loss caused by the PU interference. But
if the PU interference is high, then it will cause additional
delay to receive the correct N output packets for decoding
to begin. In our model, if, out of S SCs, some of them are
occupied by PUs during transmission, then the decoder
waits longer to receive the N packets on the remaining
SCs. But for multimedia applications, which are delay-
constrained, if the decoder does not receive N packets
within Dy,,y, the maximum tolerable delay as shown in
Fig. 4, then it results in a decoding error. In order to
receive N packets with a high probability, we can increase
the number of SCs, which will distribute the N packets
over a larger number of SCs, thereby reducing the average
required packets per subchannel. Therefore, depending
upon the PU arrival rate (), we can optimize the number
of SCs that will give the maximum effective throughput
and spectral efficiency.

Another class of fountain codes called raptor codes was
developed by Shokrollahi [16]. Raptor codes are an
extension of LT codes with linear time encoding and
decoding complexity. This is accomplished by first
precoding the source data by an appropriate outer code
to generate the input packets for the LT code, as shown
in Fig. 6.

D. Coding Scheme for Scalable
Multimedia Applications

We first note that blindly applying a fountain code on a
media bitstream would mix the time dependencies and the
intralayer dependencies that are present in the original
scalable media stream. Similar to [10], we propose to
create one fountain per layer and per GOP of the original
bitstream, as depicted in Fig. 7. Such a fountain is denoted
fﬁ, where [ stands for the layer, 1 <1< L, and t is the
timestamp associated with the corresponding GOP. It
encodes a set of K! source symbols, which depends on the

Pre-Codin LT-Codin,
£ Input Packets & Output Packets

Fig. 6. Raptor codes schematic.
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Fig. 7. Coding scheme: a fountain is created per GOP and per layer.
The vertical arrows show the hierarchical dependence in
the bitstream.

encoding rate of the layer I. Such a coding scheme allows
keeping the hierarchical and temporal dependencies
present in the original bitstream, which are essential for
the scalable delivery of the stream. Then, each selected
subchannel is used to send different packets from the same
fountain F i, such that the receiver does not receive any
duplicated packets.

ITI. PRIMARY TRAFFIC MODELING AND
PARAMETER ESTIMATION

A. Arrival Traffic Rate Estimation

Depending on the types of primary users, the primary
traffic model may be different. For instance, when the
primary users are TV channels as proposed in IEEE 802.22
[19], the traffic pattern will tend to be bursty. This comes
from the fact that TV programs broadcast according to
predetermined schedules. When the programs are termi-
nated, the off-air period will last for a relatively long period
of time. Hence, these traffic conditions can be modelled by
a Markov process as presented in [17], where the
assumption is that each channel independently presents
itself as an opportunity to a secondary user according to a
Markov process when the network reaches a steady state.
The channel states are represented by 0 (busy) and 1 (idle
and available to the secondary user). State transitions
occur at the beginning of each slot with transition
probabilities. Since the unavailability of a channel may
also be caused by channel fading, the Markov chain model
can also include fading statistics. If the primary traffic is
modelled as a Markov chain, the secondary access
opportunities can be estimated by stochastic learning
techniques.

When the primary traffic is more dynamic and varying
fast, like the cellular channel and the TV channel with the
presence of wireless microphones, the Markov chain
model may not be valid. And, when the cognitive networks

work in the unlicensed band, the traffic arrival from
dissimilar networks will be more frequent and have less
correlation. So, in this paper, we assume the arrival of the
primary traffic to follow a Poisson process. But our
solution can be easily adapted to the previous Markov
chain model by computing the success probability Pgyccess
(defined in Section IV) by estimating the state of the
Markov chain.

The maximum likelihood estimator for the Poisson
arrival rate parameter ); is \; = 1/, where X = > i1 %
x= (x1,...,%,) are the n observations and n is the
observation window size [18]. The arrival process can be
nonstationary due to the complex arrival traffic, but we
assume that within the GOP time duration, the arrival
process follows a stationary Poisson process. During the
operation, we can move the observation window to
estimate the current \.

B. Wireless Channel Error Rate Estimation

Different wireless channels may have different
channel qualities in the sense of error probabilities. In
this paper, we assume the selected subchannel has a
packet loss probability m; (1 <i<S). This 7 can be
estimated either by pilot signals or by online stochastic
learning as in [20].

The secondary users may not have the time,
resources, or information for all the available channels
for the PU traffic parameter and channel loss probability
estimation. However, a distributive mechanism for these
secondary users to exchange information will facilitate
this estimation. Another method is an infrastructure-
based secondary access, where there is a central station,
and all the secondary devices report their observations to
this station. Meanwhile, the station also broadcasts
information about the channel availabilities and the
estimated parameters to the secondary devices. Detailed
protocols in these directions are beyond the scope of this
paper, but we assume that the available channel set S
and parameters \; and m; are known to the secondary
devices.

IV. PROBLEM DESCRIPTION

The main problems addressed in this paper are as follows:
e determine the optimal number of subchannels S
required to receive successfully a total N packets
with high probability;
e determine the overhead (x) such that
N = (14 x)K for an SU link that maximizes the
spectral efficiency of the distributed multimedia
application with maximum tolerable delay Dy,ax.
The GOP frame structure for our model is shown in
Fig. 3. At the start of every GOP, the SU first performs
sensing of the spectrum to find out the unused bands and
then selects the required number of SCs from that pool to
set up the secondary user link before starting the
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transmission. Here Tgepging denotes the link setup time and
Dinax is the data transmission time.

Let Pgyccess denote the probability that, for a secondary
receiver, more than N packets are received successfully
from S number of SCs. Then the spectral efficiency (nsur,)
for the SU link is given by

(1 - 6)PsucccssK

1
SWTqop @

nsuL =

where Tgop = Tsensing + Dmax-

Let the subchannel i have a loss probability m; and
PU arrival rate A;. Let each subchannel have the same
channel capacity Ry. Let the total number of packets to
be transmitted per GOP from layer I be K' and the total
number of encoded packets needed for successful
decoding of layer I be N. Then the total number of
packets per GOP required for decoding is N = Zlel N
We assume that packets from different layers are
uniformly mixed in the same proportion as in the
original source.

A. Subchannel Selection

Now suppose that the total number of available
subchannels is Syg. The SU needs to make a selection of
S < So SCs before starting our transmission. The optimal
rate-allocation scheme as proposed in [10] states the
following.

e  Aslong as the channel with the highest quality can
carry all the packets that are needed, all the
packets are transmitted on that subchannel.

e The channel with the second highest quality is
used only when the one with the highest quality
has been exhausted.

In our scenario, there are two events that affect the
quality of the SCs. A channel is considered good if PU
arrives after the duration of one GOP and packets are not
lost due to channel fading and noise. Since these two
events are independent, we can multiply the probabilities
of these two events and define a metric y; to measure the
quality of the SCs as follows: j1; = (1 — 7;)e”"Pmax, We use
this metric to order the available SCs in the decreasing
order of their quality so that if we require S number of SCs
to establish the transmission link, then we just select the
first S of the SCs from the pool of Sy SCs. Since the
required number of subchannels S depends on the required
value of Pgyccess, We first derive an analytical expression for
Pguccess in terms of S.

B. An Analytical Expression for Pgccess: Analysis I
An analytical expression for Pgyccess can be derived in
the following manner.
Let the total number of packets needed to be
received from all the layers and S SCs be Np. Let N;
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Fig. 8. Probability density function of T; (fr,(t)).

be a random variable denoting the number of packets
received on SC i. Then

(2)

S
Psuccess - P<Z Ni Z NO)

i=1

where N; is proportional to the available time on SC i
denoted by a random variable T; and is given by

1-— V¥ RTl
Nl-zg7 i=12,...,S 3)
Dmax
and
7-1:) if 7—1 S DIIlaX)
T, = . 4
{DIH‘(].X) lf 7—1 >DH1‘(1X ( )

where 7; ~ exp(\). Hence the probability density function
(pdf) of T; is given by

fr.(t)= )\ie_A‘t[u(t) —u(t—Dmax)] + e_>"'D““‘“6(t — Diax)
(5)

where u(n) is the unit step function and é(t) is the Dirac
delta function. Fig. 8 shows the pdf of T;. After
transforming T; to N; according to (3), the pdf of N; is
given by

fa.(n) = %)\ie”\‘"/A‘ [u(n) — u(n — ADyax)]

1

+ e—)\(Dmax6<n — AiDnlaX> (6)

where A = (1 - Wi)RO/Dmax'
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Now, in order to compute Pgyccess according to (2), we
need to obtain the pdf of Ziszl N; by convolving the pdfs in
(6)fori=1,2,...,S. Let the pdf of Ziszl N; be denoted by
fv(n); then

= @fm (n) 7)

where ® represents convolution. Now from (7) and (2),
we can calculate the Pgyccess as follows:

o0

Paccn = [ filn).

No

(8)

C. An Analytical Expression for Pgyccess: Analysis II

If we consider a more ideal case where all PU arrival
rates \; are equal and the channel is free of error, then a
similar to [12].

Here all SCs have the same channel capacity: Ry
packets per GOP and PU arrival rate A. Then the total time
(computed over all the SCs) needed to receive Ny packets
is T, = (N/R,)Tcop- Let the ith PU arrive on SC i at 7;;
then Pgccess is the probability that the total available time
T computed over all the SCs before time Dy,ax on each SC
is greater than T,,.

For example, consider the case of three SCs as
shown in Fig. 9. In Fig. 9(a), the total available time T,
before time Dy.x on each SC, is T =7 + Dpax +
73 =5+10+ 8 =23, and in Fig. 9(b), it is T =7 +
Ty + Dpax = 6 +2 +10 = 18. Now suppose the total
time needed to receive N packets is T, = 20; then Ny
packets are received successfully in Fig. 9(a) because
T > T, while it results in a failure in Fig. 9(b) due to
T<T,.

Let C, be a configuration as in Fig. 4, such that exactly r
of the 7/s out of S are less than D,y and let T, be a random

SG TR SGs TETT
sC, e SO
sC, L SC, —
=0 Docl0  tme =0 D10 time
(a) (b)

Fig. 9. Total available time T for two different configurations of 7's.
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variable denoting the total available time (computed over
all the SCs) in C,. Then

s
Pauccess ZP T >T, ‘C ( ) 9)
r=0
and
S r_S—r
PC)={ J1—q)q (10)
where q = e Puax and
Tr — (S - r)Dmax + Zirzl Tis lf r>0 . (11)
SDmax, ifr=0
Let (¢ —1)Dmax<T, < cDyax for some c€{1,2,...,
S}; then
A, ifr>S—c
> = ™
P(T, > T,|C,) { 1 ifr<s—c (12)

where

= P(Z 7> Ty~ (S— r)DmaX|C,> . (13)
i=1

Since 7, ~ exp(\) with pdf p,.(t) = e (¢t > 0), so the
conditional pdf of 7; given that 7; < Dpay is given by

)\e—)\t
pr(t|7i < Diax) = )
1—¢q

where (0 <t < Dyjax)-

(14)

Now since 7/s are identically distributed, the r-fold
convolution of (14) gives the pdf of >, 7 (say, p(t)),
given that 7; < Dy,axVi, which become r-times multiplica-
tion in the Laplace transform domain. Now taking the
Laplace transform of (14), we get

)\ 1— qe —$Dimax

L[pﬂ(t|7'l— < Dmax)] = 1 —q s+ A

(15)
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SO

by _ estmax r
ﬁ[pr(o]:{ L] (16)

1—q s+

Now taking the inverse Laplace transform of (16), we get
(17)

where o = (1/(r — )))[A/1 —q|’, t* =t — iDpax, and u(t)
is a unit step function. Now from (13)

A= pr(t)dt (18)
To—(S—7)Dinax
so (17) and (18) on simplification give
" () (=q)T(r, T
y T (T T) o)

(r=1!(1—-q)

where T'(r,t) = ftoc 777le™"dr is the complementary
incomplete Gamma function and T* = max[0, A\(T,—
(S —r+41i)Dmax)]. Now by combining (9), (10), (12),
and (19), Psyccess can be computed.

Methods to compute LT decoding error probability ()
have been proposed in [21] and [22], which we use in our
simulations. We would like to optimize the spectral
efficiency based on the following parameters:

e PU arrival rate (\);

e Number of SCs available (S);

e Number of packets to be transmitted (K);

e Overhead required for LT decoding (x).

Therefore, given )\ and the delay constraint Dp,ay, we
investigate the required number of SCs (S) and the
overhead (x) that will result in maximum spectral
efficiency (7). Since computing a closed-form solution to
this problem is combinatorially complex, we present some
simulation results to illustrate the fundamental tradeoffs
involved in this optimization problem.

V. SIMULATION RESULTS

For our simulation purposes, we make the following
assumptions.
e Packets are lost only due to PU arrival, losses due
to other channel conditions are not considered.
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success

0 2 4 6 8 10 12 14 16
Number of Sub—Channels (S)

Fig. 10. Probability of successfully receiving more than N, packets
(Psuccess) Versus number of subchannels (S).

There is no secondary user arrival.
Once an SC is lost due to PU arrival, it is con-
sidered unusable during that GOP duration, i.e.,
even if the PU leaves the channel after some
time, no further transmission is done until the
next GOP.

e DPU mean arrival time is comparable to the
maximum tolerable delay (Dpax)-

A. Parameterization

1) Estimation of Number of Required Subchannels: For the
general case, where all SCs have different PU arrival rate
and loss probability, Fig. 10 shows the dependence of
Pguccess on the number of subchannels S for various values
of Np with the following set of parameters: R = 1000
packets, Diyax = 1, So = 15, and

A =1[0.30.20.10.250.36 0.4 0.6 0.24 0.32 0.15
0.25 0.36 0.4 0.6 0.24]
m =[0.03 0.04 0.01 0.02 0.05 .025 0.06 0.01 0.03

0.015 0.04 0.01 0.02 0.05 .025].

For example, if we need to receive Ny = 6500 fountain
coded packets at the receiver in order to recover an
original K = 6000 packets with high probability of
success, i.e., Pguccess == 1, then at least S = 10 subchannels
are needed, as shown in Fig. 10.

Simulations for the ideal case where all SCs have the
same PU arrival rate with no channel loss is presented
below.

2) LT Codes: For LT codes, the degree distribution (k)
that we use is the robust soliton distribution [15] and is
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defined as follows. Let R = ¢ ln(K/é)\/f for some suitable
constants ¢>0 and 0<§ < 1. Define

(R/K) % fork=1,2,...,(K/R) —1
¢(k) = { (R/K)In(8) for k=K/R
0 for k>K/R

and 8 = 3", [¢(k) + p(k)], where p(k) is the ideal soliton

distribution given by

ifk=1
forall k =2,3,...,K

1/K
plk) = {l/k(k _)

Then Q(k) = (1/5)[6(k) + p(k)].

In this paper, we take ¢ = 0.1 and § = 0.5. The error
probability €, evaluated via simulation for various packet
lengths K and overhead X, is shown in Fig. 11. It is clear
from Fig. 11 that for each value of K, € becomes very small
after certain overhead . It is also observed that as K
increases, € decreases for a fixed value of y.

3) Delay and Other Requirements: The delay requirement
for an MPEG-4 audio/video transmission is less than 150—
400 ms [23]. In our simulation, we take Dy,x = 200 ms.
All SCs are assumed to have the same channel capacity
R, = 10 Mbps with subchannel bandwidth W = 100 kHz.
Packet size is N = 1000 bits per packet and Tgepgsing is
assumed to be a constant (10 ms).

With the above parameters, the spectral efficiency 7 is
evaluated for K = 5000 packets, various values of over-
head , and the number of SCs (S). The results are plotted
in Figs. 12-14 for different PU arrival rate \.
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Fig. 11. LT decoding error probability.

L sy FTL P

—_

o
©

Spectral Efficiency,n

o
®

o
b

10 15 20 25 30 a5 e
Percentage Redundancy, x*100

Fig. 12. Spectral efficiency for K = 5000 and )\ = 2.

B. Performance Analysis

In Figs. 12-14, the spectral efficiency 7, is plotted
against the overhead yx, with number of subchannels S as a
parameter, for A = 2,5, and 10, respectively. From these
figures, we make the following observations.

e For each value of S, 7 attains a maximum value at a
specific value of x.

e Moreover, 7) also attains another maximum at a
specific value of S. For example, in Fig. 12, as S
increases from four to nine, 7 initially increases
and then decreases; it is maximum at S = 6.
Similarly in Fig. 13, it is maximum at S = 8, and in
Fig. 14 it is maximum at S = 15.

e By comparing the above three figures, we observe
that 7 decreases as A increases.

1) Dependence on X: The spectral efficiency 7 initially
increases with overhead x. This is because a slight increase

1.05 r : . : :
i s - —— 56
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0.95 —k—5=9
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2 S=11
5 09 : —
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Fig. 13. Spectral efficiency for K = 5000 and ) = 5.
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Fig. 14. Spectral efficiency for K = 5000 and ) = 10.

in x causes a sharp decrease in LT decoding error
probability € (Fig. 11), resulting in an increase in 7 as
seen from (1). But after a certain value of ), € becomes
small and stable but an increase in ) increases N, the
number of output packets to be received, which in turn
increases Tqata- This results in a decrease in 7 after a
specific value of x.

2) Dependence on S: Here, for a low value of S, the total
time required per SC is large (i.e., Tqata is large) and
Pguccess is also low, both of which reduce 7. But as S
increases, Pgyccess increases and becomes one after a
certain value of S. Although Tg,t, does decrease, causing a
decrease in Tpame, this decrease is not fast enough
compared to the increases in S due to a constant term
Tyensing» S0 the increase in S dominates over the decrease in
Thame, causing 7 to decrease according to (1).

3) Dependence on A: m monotonically decreases as A
increases because an increase in A reduces the availability
of the subchannel, thereby causing Pgyccess to decrease and

Ttrame to increase, both of which decrease the spectral
efficiency according to (1).

By studying the various tradeoffs above, we see that for
a given A and number of original packets K, we can find out
the value of the optimum number of SCs and the overhead
that give maximum spectral efficiency.

VI. CONCLUSION

In this paper, we propose a scheme for the transmission of
distributed multimedia applications over cognitive radio
networks with the help of digital fountain codes. We model
the primary user arrival as a Poisson process and discuss
techniques to estimate the arrival rate. We propose a
metric to measure the quality of the subchannels and then
develop a scheme to select the required subchannels from
the spectrum pool to establish the secondary user link.
Then we investigate the problem of optimizing the spectral
resources in the secondary usage scenario for multimedia
applications with respect to the number of available
subchannels and primary user occupancy of the subchan-
nels. We also describe the use of the digital fountain codes
to compensate for the loss incurred by the primary user
interference and its effect on the spectral efficiency of the
secondary user link.

We observe that there is an optimal number of
subchannels that result in maximum secondary user
spectral efficiency for same primary user traffic on all
subchannels and for fixed parameters of the LT code. We
also observe that there is an optimal LT code induced
overhead that maximizes the secondary user spectral
efficiency for a particular set of subchannels. And this
efficiency monotonically decreases with the common
primary user arrival rate for fixed LT code parameters
and number of subchannels.

Future investigations in this area could include the
multiple secondary user case and resulting interference
issues. Other PU arrival models could be used to
investigate the spectral efficiency. Additionally, other
coding schemes can be used to investigate the link
maintenance. B
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