Improving Voice-Service Support in Cognitive
Radio Networks

Voice service is very demanding in cognitive radio
networks (CRNs). The available spectrum in a CRN for
CR users varies owing to the presence of licensed users.
On the other hand, voice packets are delay sensitive and
can tolerate a limited amount of delay. This makes the
support of voice traffic in a CRN a complicated task that
can be achieved by devising necessary considerations
regarding the various network functionalities. In this
paper, the support of secondary voice users in a CRN is
investigated. First, a novel packet scheduling scheme that
can provide the required quality of service (QoS) to voice
users is proposed. The proposed scheme utilizes the
maximum packet transmission rate for secondary voice
users by assigning each secondary user the channel with
the best level of quality. Furthermore, an analytical
framework developed for a performance analysis of the
system, is described in which the effect of erroneous
spectrum sensing on the performance of secondary voice
users is also taken into account. The QoS parameters of
secondary voice users, which were obtained analytically,
are also detailed. The analytical results were verified
through the simulation, and will provide helpful insight in
supporting voice services in a CRN.
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1. Introduction

Fixed spectrum allocation has been determined to be
inefficient because a large portion of the spectrum is
underutilized. Cognitive radio (CR) technology has been
proposed for the opportunistic use of the spectrum, allowing
the valuable frequency spectrum to be utilized more efficiently
[1]. The idea of CR can overcome the paradox between the
shortage of frequency resources and the inefficient use of the
licensed spectrum. In a cognitive radio network (CRN), users
are divided into two categories: licensed or primary users (PUs)
with license to use the spectrum, and CR or secondary users
(SUs) who can utilize the spectrum opportunistically. CRNs
are based on the ingenious idea of determining the unoccupied
portions of the frequency spectrum and adjusting the
transmission frequencies for CR users according to the activity
of the licensed users.

QoS provisioning for the SUs in a CRN is a complicated
task with challenges to the wvarious functionalities of
the network [2]-4]. Introducing various new secondary
applications in a CRN that are in need of strict QoS parameters
has signified the importance of this problem.

CRNs can be categorized into infrastructure-based
(centralized) networks and decentralized (distributed) networks
[5]. In the former, the network is dependent on the presence of
an infrastructure that manages the spectrum allocation among
the SUs and may also participate in the transmission of the SU
packets. Conversely, decentralized cognitive radio networks
(DCRNSs) do not depend on such an infrastructure and are
therefore more practical. Hence, DCRNs have gained more
interest, although spectrum management in such networks is
more complicated [6]-[10].

To provide the QoS requirements of SUs, special
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considerations should be devised for the various functionalities
of the network, including spectrum sensing, spectrum decision
and allocation, and admission control [11]-{14]. Voice service
is one of the most demanding service types in current networks
[15], [16]. Voice packets are delay sensitive. Hence,
fluctuations of the available spectrum in a CRN, which is a
result of the presence of the PUs, makes it complicated to
provide the required QoS for such services. In addition,
spectrum sensing has an important role in a CRN [17], [18].
Misdetection and false alarm in spectrum sensing may result in
a collision of the transmitted packets and an underutilization of
the available spectrum, respectively [19]. Hence, they have an
important effect on the QoS of secondary voice users.
Furthermore, the quality of the available frequency channels
(that is, the SNR values) varies owing to noise and fading of
wireless channel. This results in a variable data transmission
rate on the frequency channels. Such an issue should also be
considered to effectively satisfy the QoS requirements of voice
users.

In recent years, the QoS provisioning for SUs in a CRN has
been investigated. However, only a few studies have focused
on voice service in a CRN. The authors in [14] investigated the
performance of a CRN in which the arrival of the SUs is
modeled by a Markovian arrival process, and the service time
of the users is considered to have a phase-type distribution.
Their analysis was also conducted at the call level. The authors
in [20] proposed a queueing framework for the problem of
opportunistic spectrum access of the SUs. The voice service
capacity of a CRN was investigated in [21]. Two cognitive
MAC schemes for the spectrum access of secondary voice
users were proposed, and an analytical model was constructed
to determine the voice service capacity of the two proposed
schemes. In [22], the capacity of VoIP service in a CRN in the
presence of spectrum sensing errors was analyzed.

The performance of VoIP traffic in a CRN was studied in
[23]. The arrivals of both the PUs and SUs were modeled using
Poisson processes. The authors in [24] studied the spectrum
allocation and QoS provisioning for SUs. They considered the
Poisson arrival and departure rates for the PU traffic. Two types
of traffic, streaming and non-streaming, were considered for
the SUs. The non-streaming type is simple traffic in which
packet arrivals occur according to the Poisson process.
However, in the streaming type, each SU generates traffic in a
coinstantaneous manner. QoS provisioning for the real-time
secondary traffic in a CRN was investigated in [25]. Here, the
aggregate traffic of SUs was modeled using a discrete batch
Markovian arrival process. In addition, the spectrum sensing is
considered to be perfect.

In this paper, we try to overcome the shortcomings of these
previous studies. The specific contributions of our work are as
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follows:

= We consider a model for voice traffic that captures the
specific features of the voice packets. The on-off nature of
the voice users is taken into account in the applied traffic
model. Furthermore, the fixed delay bound of the voice
packets is properly considered the packet transmission
scheme.

= A packet scheduling scheme is proposed in which the delay-
sensitive nature of voice packets is taken into account.

Moreover, the quality of the frequency channels is considered

in the proposed scheduling scheme. The proposed scheme

tries to increase the throughput of secondary voice users in the
network because it assigns the channels with the highest SNR
values to the SUs in each time slot.

= The practical conditions of the system concerning the
spectrum sensing are taken into account. In other words, the
effects of misdetection and false alarm on the packet
transmission rates of the SUs are investigated. Furthermore,
the effects of these types of errors on the overall performance
of secondary voice users in the network are studied.

= Anovel analytical framework is presented through which the
achievable QoS parameters of the secondary voice users are
investigated.

The remainder of this paper is organized as follows: The
system model is described in Section II. The problem
formulation is then presented in Section III. The QoS parameters
of secondary voice users are also derived analytically in this
section. Simulation results are then provided in Section IV, and
some concluding remarks are given in Section V.

II. System Model

1. Network Structure

We consider a homogenous DCRN consisting of secondary
voice users who opportunistically use the spectrum originally
dedicated to the PUs. In the considered network, each
secondary transmitter can directly communicate with the
corresponding secondary receiver. In other words, SUs in the
network form transmitter-receiver pairs. It is assumed that the
SUs in the network are clustered into several groups, each of
which has a small coverage area. The structure of a typical
group in the network is shown in Fig. 1. The group
establishment procedure is as follows. Each SU sets itself as
the Head of Group (HoG) with a specified probability p. It then
broadcasts the result to the other SUs. Next, each non-HoG SU
joins the group whose HoG can be reached using the least
amount of communication energy. Therefore, when an SU
enters the network, it joins one of the existing groups if it is in
its transmission range, or forms a new group itself. We assume
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Fig. 2. Time slot structure.

that each SU in a group can directly communicate with other
members of the group. Although any other group
establishment procedure can be applied in the network, we use
the one mentioned previously, which does not increase the
complexity of the signaling in the network. If the HoG dies,
one of the other SUs in the group is selected randomly as the
new HoG This can be achieved by initiating a random timer by
each SU in the group and selecting the user whose timer first
reaches zero. The new HoG then informs the other members of
the group on a low-bandwidth common control channel (CCC),
which is used for the signaling of the SUs in the group. Our
goal is to investigate the performance of secondary voice
communications within a typical group. The network is also
considered to be homogenous. Therefore, it can be assumed
that the number of SUs that leave a typical group equals the
number of SUs that join the group from the neighboring groups.

It is also assumed that a low-bandwidth group control
channel is used in the network for the coordination and
signaling between the heads of the groups. The frequency
spectrum used by the SUs of each group does not overlap with
the neighboring groups. This can be achieved through the
coordination of the heads of the groups. It is assumed that the
frequency bandwidth of each group is divided into C equal
bandwidth channels.

The system is considered to be time-slot based in which the
time axis is divided into slots of equal length. The time slot
duration is denoted by 7. Each time slot has three phases, as
shown in Fig. 2. At the beginning of each time slot, all SUs
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sense the spectrum and report their observations to the HoG. In
the signaling phase, the HoG assigns the channels to the SUs of
the group for a packet transmission and informs them on the
CCC. This process will be described in more detail in section
IV. Next, the SU packets are transmitted during the data
transmission phase.

2. Voice Traffic Model

The packetized voice traffic of a single user can be generally
described using an on-off model [22]. During ‘on’ or ‘talk’
periods, packets (which are considered to be of a fixed size) are
generated at a constant rate. On the other hand, no packets are
generated during ‘off” or ‘silence’ periods. The ‘on’ and ‘off”
periods have exponential distributions with a means of
T, =laand T, =1/f respectively. A voice user is in an
‘off” state with probability P, = B/(a+ ). This probability
is Po,=1 — Py for an ‘on’ state. It has been demonstrated that
we can efficiently approximate the superposition of N on-off
voice sources using a two-state Markov-modulated Poisson
process (MMPP) [26], [27]. Consequently, herein we use a
two-state MMPP to represent the aggregate traffic of voice
sources in a typical group. The two-state MMPP is represented
by the Poisson arrival rate matrix A, and the transition rate
matrix R, which are defined as follows:

oo ah el 2
1o A4, Pl s,

where s; denotes the transition rate from state 1 to state 2 in the
two-state MMPP model. Similarly s, denotes the transition rate
from state 2 to state 1. In addition, A, and A, are the arrival rates
in states 1 and 2 of the MMPP model, respectively. The
parameters of the MMPP (s,,s,,4,,4, ) should be matched
with the parameters of the individual on-off source (e, f).
Various methods have been presented for this purpose. Here,

M

we choose the index of dispersion for counts owing to its
proper matching performance and low complexity compared
to other methods [22]. Using this method, the four parameters
are calculated as follows [26], [27]:
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A=A ®)

Here, N is the total number of secondary voice users in the
group, and A4 is the packet arrival rate of one voice source in an

‘on’ state. Furthermore, A, =NAP, , M =LNPOHJ and

Ti = (N]Poln (1_})011 )Nﬁi :
l

As an efficient model for the packet arrival process, discrete
time and continuous time MMPPs can be used interchangeably
[28]. This is true when the time interval used in the discrete
time version is small in comparison with the average sojourn
times in each state of the underlying Markov chain. Here, we
assume 7 < T, and T < T, where Ty, and T.g denote the
duration of the ‘on’ and ‘off” periods, respectively. Therefore,
we can use the discrete-time two-state MMPP as the aggregate
traffic model for the SUs.

We define a set of probability matrices as

et [k 0
- 0 (ALTY e k|

Matrix D, corresponds to k packet arrivals in the time slot
duration. The diagonal elements of matrix Dy are the
probabilities of k packets arriving in the time slot duration.

The matrix @ = (A, — Rp)’l A, keeps track of the phase of
the packet arrival process model [26]. Here, @ is a 2 % 2 matrix

D, ©

because the underlying Markov chain of the MMPP model has
two states. In addition, @(i, j);i, j € {1,2}, that is, the (i, /)"
element of matrix @, is the probability of the underlying chain
of the two-state MMPP model transiting from state i in the
previous time slot to state j in the current time slot.

The maximum tolerable waiting time of each voice packet is
denoted by Wi.x. We consider Wy, = q.T, where T 'is the time-
slot duration and ¢ is an integer. We also assume that all of the
packets scheduled for transmission during a time slot are
transmitted before that particular time slot ends.

3. Channel Modeling

The occupancy of each of the frequency channels by the PUs
can be modeled using a two-state discrete time Markov chain,
as depicted in Fig. 3 [20], [22]. State ‘0’ indicates a case in
which the channel is occupied by a PU (busy), and state ‘1’
indicates a case in which the channel is free (idle). In this
model, Py and Pj are the transition probabilities of the channel
transiting from a busy state in the previous time slot to an idle
state in the current time slot, and vice versa, respectively.
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Fig. 3. Channel occupancy model in a CRN.
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The transition probability matrix of this Markov chain is
denoted by P,
po {Poo Pm}
LR B

Note that the correlation of the channel occupancy among
subsequent time slots is considered in this model. The
probability that a channel will be busy (Py,sy) is as follows [22]:

__ 5
)y = :
" Ry +hR,

@)

®)

This can also be interpreted as the PU activity factor for each
frequency channel. The detection accuracy of the channel state
through spectrum sensing is affected by certain aspects of
the system, including the hidden terminal problem, limited
sensitivity of the detectors, and channel noise and fading. Such
factors can affect the reliability of the spectrum sensing. Hence,
it can be readily seen that the channel state detection forms a
binary hypothesis test that can be affected by two types of
errors, that is, misdetection and false alarm, the probabilities of
which are denoted by P, and Py respectively. These can be
defined as follows:

P, =Pr[H, | H,istrue],

P, =Pr[H, | H, istrue] ©)
i o [ ’

where Hy (H)) denotes a busy (idle) channel. The effects of
spectrum sensing errors on the packet transmission of the
SUs will be taken into account in the analysis presented in
Section II1.

In wireless communication systems, noise and fading can
affect the quality of the frequency channels. The packet
transmission rate on each frequency channel depends on the
quality of the channel, that is, its SNR value. This should be
considered an important fact in the performance analysis of the
system. In this paper, the frequency channels are thought to be
slowly fading, and the channel fading amplitude distribution is
considered to be of a Nakagami-m distribution. The fading
power gain of each frequency channel is divided into & ranges
0=0,<0,<..<0,<...<0, =o. Hence, each fading
channel can be modeled as a Finite-State Markov Chain
(FSMC) with £ states [29]. State i in this model corresponds to
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the fading power gain () within the range of o, <y <o,,,.
The transition probability matrix of this FSMC, which is
denoted by R can be obtained as in [30].
Pr(0—>0) Pr(0—1) Pr(0 > k)
R= : (10)

Pr(k —0) Pr(k—1) Pr(k — k)

Here, Pr(l - m);0</, m <k indicates the probability that
the channel will transit from state ‘/” in the previous time slot to
state ‘m’ in the current time slot. The channel state is assumed
to be fixed in the time-slot duration but can change from one
time slot to another. Each state of the channel corresponds to
the transmission rate during the time slot. We assume that the
adaptive modulation and coding (AMC) is applied to adapt the
transmission parameters of the SUs. Hence, we can consider
that when channel i is in state /;0 </ <k in the n” time slot,
the packet transmission rate of this channel is " =d./,
where d is an integer that depends on the modulation type, the
time slot duration, and the size of the voice packet. State ‘0’ in
this model corresponds to 7 =0. As mentioned before, the
total number of frequency channels of a group is denoted as C.
Hence, the maximum number of packets that can be
transmitted in a time slot is V. = d.b, where b=k.C.

4. Packet Transmission Scheduling

As mentioned previously, we consider a voice application as
a secondary service. Voice packets are delay sensitive and have
a limited waiting time. Hence, they can be buffered only for a
certain amount of time. We assume that each packet has a time
stamp indicating its time of arrival at the SU buffer. Those
buffered packets whose waiting time exceeds the maximum
tolerable value are dropped because they will be useless on the
receiver side. Taking this issue into account, the HoG limits the
number of voice packets admitted in each group. Because the
maximum tolerable waiting time of each voice packet is W
= ¢.T and the maximum packet transmission rate in each time
slot is given by V. = d.b, the maximum number of waiting
packets is [y.x = g.d.b. Therefore, the number of admitted
packets in each time slot is limited to L=/ + V= (q+1).d.b.
As a result, some of the voice packets generated are lost
because they do not obtain permission to enter the system.
Those packets that are not admitted to the group are dropped
from the buffers of the SUs.

Herein, we propose a packet-scheduling scheme in which
the delay sensitivity of voice packets and the variations of the
SNR of the frequency channels are taken into account. The
proposed scheduling scheme for the secondary packet
transmission is as follows:
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= At the beginning of each time slot, that is, during the
spectrum-sensing phase, all SUs present in the group sense
the frequency channels and report their observations to the

HoG on the CCC. The HoG determines the state of each

frequency channel and finds the free channels. Each SU also

reports the number of packets in its buffer, the time stamp of
the packet at its head of queue, and the measured SNR
values for each frequency channel.

= The HoG selects the secondary user that has reported the
smallest time stamp. The HoG then assigns to this SU the
channel with the highest SNR value from the set of free
channels. This process is repeated until all of the fiee
channels are assigned for each time slot.

= Next, the HoG determines the packet transmission rate in the
time slot based on the channel assignment strategy explained
in the previous step, the quality of the assigned channels, and
the number of packets in the queue of each SU. Henceforth,
the HoG schedules the packets that can be transmitted in the
time slot. The SUs are informed of the result of the packet
scheduling process during the signaling phase.

= During the transmission phase, the scheduled packets are
transmitted on the free channels in their order of arrival. In
other words, the scheduled packets of each SU are
transmitted in the order of arrival on the free channel with the
highest SNR value.

The scheduled packets are transmitted by the end of the time
slot. This scheduling scheme is repeated in each time slot. The
proposed scheduling algorithm results in an efficient way to
utilize the available spectrum as the maximum transmission
rates of the frequency channels are used, and at the same time,
the delay sensitivity of the voice packets is taken into account.

I11. Problem Formulation

In this section, we investigate the performance of secondary
voice users in a typical group. To achieve this goal, a discrete-
time Markov chain (DTMC) is proposed to model the presence
of SUs in the group. The state transitions in the proposed
DTMC occur at the beginning of each time slot, that is, at time
instants t,= t,+ nT; n =20, 1, ... . The steps of the DTMC
model formulation are described in the following sections.

1. Analytical Model

Let N” and V" represent the number of voice packets
of all SUs of a typical group and the actual packet transmission
rate for the SUs, respectively, at the beginning of the n”
time slot, that is, at time #,. Note that 0< N\’ <L and
0<y™<v, . In addition, let ¢™ =1,2 represent the
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phase of the arrival process for the secondary voice packets at
time #, such that ¢’ =1 and ¢"’ =2 correspond to the
underlying chain of the packet arrival process in states 1 and 2,
respectively. For the sake of simplicity, we remove the
superscript ‘(n)’ throughout the remainder of the paper.

Let {X(n); n =0, 1, 2, ...} be a discrete time stochastic
process defined for the state space S={(N,,d4.V.)]
0SN,<L1<¢<2,0<V. <V _,}. It can be seen that
{X(n)} is a DTMC that can keep track of the system states as
time passes. To investigate the properties of {X(n)}, we have to
know the probabilities of the packet arrivals and departures, as
well as the probabilities of variations of the packet transmission
rate for the SUs. These issues are described in the following
sections.

2. Derivation of the Secondary Packet Transmission Rate

A. Error-Free Spectrum Sensing

In this section, the packet transmission rate for the SUs in a
typical time slot is calculated. Herein, we assume that the
spectrum sensing process is perfect. Let the random variable
C, €{0,1} represent the state of the " channel, where C;= 0
and C; = 1 represent the cases in which the * channel is
occupied by the PUs and is free for the SUs, respectively. The
joint state considering the primary user activity and the
transmission rate for this channel can then be considered for
the state space I'={(C,,r,)|0<C, <1,0<r <kd}. Let M
denote the transition probability matrix for the state space I
This can be calculated as M = P, ® R, where ® stands for
the Kronecker product.

Let us define the random variable (V,,) as the actual
packet transmission rate for the SUs of a typical group
in the considered time slot, is m where the number of
considered frequency channels. Here, V,, can be calculated

as V, = Z,m:] C.r,, and is defined for the state space 2, =

{ V.10sV < d.k.m} . The packet transmission rate can be
calculated recursively as follows:

First, consider a case in which there are two frequency
channels. The joint state space considering the primary user
activity and the packet transmission rates for the two channels
is I',={(C.5.C,.1,)|0<C,.C, <1,0< 7,1, <kd}.

The transition probability matrix and the steady state
probability vector for I, are denoted by 7 and 7,, respectively.
The transition probability matrix 7, is givenby 7, =M ® M.
Let Q) (2, c I',) denote the set of states with the property
V, = r. Let us denote the transition probability matrix for the
state space €2, by I}Z . The transition probability from state /
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to I'(1,I' e ,) can then be calculated as

2. 2 @ (m)T,(m,m')
kz (l,l’) — meQ, m'eQ,

Y @, (m)

/
meQ;

(11

For k>3, we can form the combined state space
I, ={(V,,, C., r)} with the transition probability matrix,
which is calculated recursively as T, = IAIH ®M. Thus, Te

is given as T, =IA€C71 ®M. We can find the steady state
probability vector z. for the state space Q¢ by solving

equations #..R.=#. and #z.1=1, where 7z, is a
1 x (b + 1) vector, which can be written as 7. =[7%0,. . .,ﬁb].
In addition, 7,;0<i<b is the probability that the actual

packet transmission rate on a typical time slot equals d.i.

B. Imperfect Spectrum Sensing

Errors in spectrum sensing can affect the detected packet
transmission rate of the SUs. A misdetection can result in a
collision of the PUs and SUs. On the other hand, a false alarm
results in an underutilization of the frequency channels. Let
V¢ denote the detected packet transmission rate for the SUs,
that is, when the effect of the spectrum sensing errors are taken
into account. This can be calculated as

Ve=|Ve=Ve P+ (Vo =Ve) Py |

m

(12)

where V¢ is the actual packet transmission rate, and P,, and
P denote the misdetection and false alarm probabilities,
respectively. Equation (12) can be justified as follows. In each
time slot, (V¢ Py packets less than the actual transmission rate
(Vc) are transmitted because of the underutilization of the
frequency channels caused by a false alarm in the spectrum
sensing. On the other hand, a misdetection on the remaining
frequency channels can result in an increase in the measured
packet transmission rate by an amount equal to (Vu— V)P
Hence, the detected packet transmission rate in a time slot can
be calculated using (12).

3. Markov Chain Analysis

The transition probability matrix of the DTMC {X(n)} is
calculated in this section. To achieve this goal, we should first
calculate the packet transmission and packet dropping
probabilities. It should be noted that m secondary packets will
be transmitted in a time slot if the detected packet transmission
rate for the SUs in that time slot equals m. Let P(m]i) denote
the probability that m secondary voice packets will be
scheduled for transmission in the considered group in a
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particular time slot when the number of secondary packets
equals 7. Considering the packet transmission rate calculated in
Section II, P’(mi) can be expressed as

P'(m|iy=P(V.=m|N, =i):0<m<min(i,V,,).(13)
Applying (12), this can be written as

T | |~ 0<m<min(i,V,,),
P(m|i)= e Ud(l-(}’mpm))D " Vi)

0 otherwise,

(14)

where 7#,(r) denotes the 7 element of vector #.and [ x|
is the ceiling function of ¥ .

Lemma 1. Let P*(/|7) denote the probability of / packets being
dropped because their waiting time has exceeded the
maximum acceptable value when the number of secondary
packets equals i. Then, P*(/|i) is given by

> e I RS B
=\ k=0

0 otherwise.

(15)

Proof. The maximum waiting time of the voice packets is
considered to be Wy = g7, where T denotes the time-slot
duration. Therefore, each packet can only wait g time slots for
transmission, and will otherwise be dropped.

Let us consider a tagged packet present in the system in the
n" time slot. Taking the maximum waiting time of the packets
into account, the tagged packet should have arrived in one of
the (n — 1)", (n—2)", ..., (n — g + 1)" prior time slots. Note
that the number of such time slots is g. If the packet had arrived
ina(n—q)", (n—q—1)" ... time slot, its waiting time would
have expired before the #” time slot, and hence it could not be
in the system in the " time slot. From the point of view of the
tagged packet, there is no distinction among these g time slots.
Hence, the tagged packet can arrive in each of these time slots
with equal probability of (1/g). If the tagged packet has to be
dropped in the n” time slot (that is, the waiting time of this
packet has to expire at the beginning of the n” time slot), it
™ time slot. In other words, the
tagged packet will be dropped in the 7™ time slot if has arrived
in the (n — ¢)"time slot. This can occur with a probability of
(1/g). Thus, the probability that / packets will be dropped in a
time slot when the number of secondary packets equals 7, and

should have arrived in the (n — q)

the number of packets scheduled for transmission in that time
slot equals k (thatis, N, =k),is given by

) ! (i—k=1)
P (I[N, =i.N; :k):(’_lkj(lj [1—1] . (16)
q q

The probability that the number of scheduled packets in a time
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slot will equal & when the number of secondary packets equals
i is denoted by P'(k|i), which is given in (14). Henceforth,
P"(l]i) can be calculated through (15). [ ]
Theorem 1. Let us arrange all states of {X(n)}
lexicographically. The transition probability matrix of the
Markov chain {X(n)} can then be expressed as

Ao,o AO,] AO,L
Ao A A a7
AL,O AL,I AL,L

where the sub-matrices 4, ;; 0 <4, j <L have dimensions of
2(b+1)x2(b+1) and are given by

i ! A
A,.,j:[ Z(: )ZQSDM,.P“(m|i)P‘”(l—m|i)J®RC.
I=max(i—;,0) m=0

(18)
Proof. Each sub-matrix A4, ;0<i, j<L contains the
transition probabilities of all states in which there are i
secondary packets at ¢, transitioning into states where there are j
packets at #,+1. In other words, A, ; contains the set of transition
probabilities  Pr((i,*,*) — (j,*,*")), when all of the states
are arranged lexicographically.
= Case i < j: In this case, sub-matrices A4; ; correspond to
situations in which more packets have arrived in the time slot
than have departed. Hence, if the sum of the number of
scheduled and dropped packets in the time slot is /, then
(I + j — i) packets should arrive in that time slot such that
{X(n)} transits into a new state in which Np = j. This
corresponds to the matrix D, ; , . If m packets are scheduled
for transmission in the time slot, then (/ — m) packets should
be dropped because their waiting time exceeds the
maximum value. The probabilities of these events are given
by P(m|i) and P"(/—m)|i), respectively. The probabilities of
the variations of the packet transmission rate, which is one of
the state variables of {X(n)}, is given by the matrix f\'c . The
matrix @ also keeps track of the phase of the packet arrival
process. Thus, A4; ; can be calculated as

i ]
A= [Z > @®D,, P(m|i)P(-m| i)j ®R.. (19
=0 m=0

= Case i =J: In this case, the number of packets arriving in the
time slot should be equal to the number of departed packets.
If [ packets arrive, which corresponds to matrix D), then /
packets should also depart. Other related terms can be
explained similarly to case i <j. Therefore, the diagonal sub-
matrices A4; ; can be written as

1=0 m=0

4, = (iiqbqpf (m|i)P"(l—m| i)j@f?c . (20)
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= Case i > In this case, if the sum of the number of scheduled
and dropped packets for a time slot is /, then (I + j — i)
packets should arrive in the time slot. If the number of
packets scheduled for transmission equals m, then (I — m)
packets should be dropped owing to the waiting time. Other
related terms can be explained similarly to i <j. Therefore, in
this case, the sub-matrices A4, ; are given by

A, = [ z Zl:qbb,ﬂ.ﬂpx (m|i)P"(I-m| i)J ®R.. (1)
I=i—j m=0
From the abovementioned cases, it can be readily seen that all
sub-matrices of matrix P can be written in (18). ]
Let z denote the steady state probability matrix of the
proposed DTMC {X{(n)}. Note that z is 1 by the vector (L + 1)
x (b + 1) x 2, and can be obtained using the transition
probability matrix P by solving the set of equations
The vector z# can be written as
w;0<i<L
contains the steady state probabilities for all the possible states
of the DTMC in which Np=1.

n.P=n and m1=1.

n=[=m,,..,m, ], where each sub-vector

4. Performance Measures

Having found the steady state probability vector 7 we are
now able to obtain the performance measures of the SUs.

Average Throughput: The average number of secondary
packets transmitted per time slot can be calculated as

T =

L
i=0

Zb:min(z‘,VC’j ).(n',.[j+1]+7t[[b+j+2]), 2)
j=0

where V. is the detected transmission rate for the SUs when
its corresponding actual value equals V¢ = dj. Using (12), it
can be calculated as V) =|dj(l~F,~P)+PBV,, | In
addition, z,[m] also denotes the m" element of sub-vector
7,. Equation (22) can be justified as follows. The number
of transmitted packets equals min(i, VC’] ) when {X(n)} is in a

state in which Np = i (that is, the number of secondary packets
equals i) and V. =dj;j=0,1,..,b. This is true for either of
the two phases of the packet arrival process (that is, when
¢=1 or 2). It can be noted that the terms =,[j+1] and
7,[b+ j+ 2] are the probabilities of states of {X(n)} in which
(Np=1, ¢ =1, Ve=dj)and (Np=1i, ¢ =2, V-=d)), respectively.
Therefore, considering the lexicographical arrangement of the
states of {X(n)}, the number of secondary transmitted packets
can be calculated through (22). Having found T, the average
number of successfully transmitted packets, excluding those
that are destroyed owing to a collision, is given by
]_"R =(1-P) T . Hence, the average throughput of the system
can be found as follows:
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7, =(T/T)n, (Ohs), (23)

where ny, is the voice packet size.
Average Packet Loss: The average number of voice packet
arrivals is

(24)

pza.(zk:k.DkJ.l,

where 1 is a column vector of all 1s, and 6=[6, 6,] is
obtained by solving the set of equations 8 @ =6 and 6,+6,=1.
This can be written as 0=[Pr(¢=1) Pr(¢=2)] . Thus,
the average number of lost packets is

T,=p-T,. 25)
where 7, is the sum of the number of packets that are not
admitted to the system, the packets that are lost owing to the
expiration of their maximum waiting time, and those packets
that are destroyed from a collision, which in turn is the result of
misdetection in the spectrum sensing. To achieve an acceptable
quality for the voice connections, the average number of lost
packets should not exceed a certain percentage of all generated
packets (for example, 3%). This imposes a restriction on the
secondary voice capacity of the system.

IV. Numerical and Simulation Results

In this section, the analytical results obtained are validated
through a simulation using MATLAB. We provide the
numerical results on the performance measures of voice users
for the proposed CRN. For evaluation purposes and validation
of the derived analysis, the input parameters of the network
were selected as follows. The number of secondary voice users
is considered a variable parameter of the system. The activities
of the PUs in each frequency channel are modeled using the
mentioned two-state DTMC. It is also assumed that C = 20,
T=50ms,g=2, K=3, and d=1. There is a good match
between the simulation and analysis results, as shown in Figs. 4
through 9.

The performance of the spectrum sensing in the considered
CRN can be evaluated using a receiver operating
characteristics (ROC) curve. The ROC curves for various SNR
values are provided in Fig. 4. It can be seen that the area under
each ROC curve approaches unity for reasonable average SNR
values. Therefore, the spectrum sensing achieves an acceptable
level of performance in the considered CRN. As expected, a
better performance is achieved for higher SNR values.

The packet loss probability for secondary voice users is
shown in Fig. 5. In this case, the PU activity factor is
considered to be 0.2. It can be seen that the packet loss
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probability deteriorates as the number of secondary voice users
increases. The reason for this is that, when the number of SUs
increases, there are fewer opportunities for the secondary voice
packets to be transmitted and more packets are therefore lost.
The performance of the proposed scheduling scheme is also
compared with first-in, first-out scheduling, which reveals the
efficiency of the proposed scheme. Furthermore, it can be seen
that errors in the spectrum sensing can increase the packet loss
probability.

Figure 6 shows the effect of the number of SUs and the
errors in the spectrum sensing on the average throughput of the
system. In this case, the PU activity factor is 0.2. As can be
seen, when the number of SUs increases, the increasing rate of
the throughput slows down, which is the result of the limited
capacity of the system for secondary voice users. A false alarm
and misdetection in spectrum sensing also decrease the
throughput of the system when compared with perfect
spectrum sensing. This is true because a false alarm (with
misdetection) results in the underutilization of the frequency
channels (or packet collisions), and as a result, the throughput
of the system degrades.

The effect of the PU activity factor on the packet loss
probability of SUs is shown in Fig. 7. Here, the number of
secondary voice users is 20. It can be seen that, as the PU
activity factor increases, the packet loss probability deteriorates.
The reason for this is that there are fewer spectrum
opportunities for the SUs when there are more active PUs in
the system. Therefore, more SU packets are lost.

Figure 8 shows the effects of the PU activity factor on the
average throughput of the system. Here, the number of
secondary voice users is 20. It can be seen that, when the PU
activity factor increases, the average throughput of the SUs
decreases. Of course, the rate of decrease is not too high for
lower values of the PU activity factor. However, because the
PU activity factor increases in value, the rate of decrease in the
average throughput is more severe.

The average waiting time of secondary voice packets is
shown in Fig. 9. In this case the PU activity factor equals 0.2. It
can be observed that the average waiting time increases when
there are more secondary voice users in the system.

V. Conclusion

In this paper, the problem of QoS provisioning for secondary
voice users in a cognitive radio network was investigated. An
efficient network structure was proposed in which the practical
aspects of the system are taken into account. In addition,
practical features of the voice traffic were considered in the
network analysis conducted. To provide the required QoS for
voice users, a novel scheduling scheme was proposed in which
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the effect of the quality of the frequency channels on the packet
transmission rate is taken into account. Furthermore, an
analytical framework was developed for our performance
analysis of the system. Other practical aspects of the network,
such as errors in the spectrum sensing and their effects on the
performance of the SUs, were also studied. The proposed
framework has an important application in the performance
evaluation of secondary voice users, and can provide thorough
insight into the support of voice service over cognitive radio
networks.
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