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Abstract—In this paper, homogeneous voice traffic in a singlechannel cognitive radio network (CRN) is considered. We analyze
the constant-rate voice capacity of a fully-connected network
with slot-ALOHA and round-robin channel access, and propose
two call admission control (CAC) algorithms for a non-fullyconnected network with slot-ALOHA channel access. Different
from the existing work in literature, transmission of multiple
packets in a single time-slot is considered. Two discrete-time
Markov chain based approaches are used for the capacity analysis
of the two channel access schemes, respectively. It is shown that
the number of voice packets that can be transmitted in a timeslot has a significant impact on the system capacity. The capacity
analysis results of the slot-ALOHA scheme is used to develop
a CAC procedure when all the voice flows have an identical
statistical delay requirement. Further, two CAC algorithms (A1
and A2) are developed for a network with voice traffic flows
having different delay requirements in which one (A1) is based on
the theory of effective capacity and is considered as a benchmark
to compare with the other. Simulation results demonstrate that
algorithm A2 performs better than algorithm A1, and that a
relaxed delay requirement leads to an increase in the network
capacity.
Index Terms—Cognitive radio network, voice capacity, qualityof-service, call admission control, slot-ALOHA, round-robin.

I. I NTRODUCTION
The extensive growth of wireless networks over the recent
years has increased the demand for the radio spectrum to
a great extent. The static spectrum allocation regardless of
its spatiotemporal usage has resulted in scarcity of the radio
spectrum. As a result, satisfying the spectrum requirements of
emerging wireless applications and technologies has become
a challenging task. As a promising approach to solve this
problem, opportunistic spectrum access using cognitive radios
has been proposed [3]-[4] with the idea of enabling devices
to use any available spectrum. The concept of cognitive radio
networks (CRNs) has been well accepted within the wireless
communications research community, which explores portions
of the spectrum not being used by licensed primary users (PUs)
for the benefit of unlicensed secondary users (SUs), without
causing harmful interference to PUs. The spectrum availability
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of a secondary network depends on the activities of the PUs,
leading to some randomness in resource availability from the
view point of SUs. The unpredictable nature of spectrum
resource availability in the secondary networks results in that
the recent research on CRNs addresses only best effort services
without any strict quality of service (QoS) requirements, with
the main concern on realization of CRNs [5]-[8]. However,
with the ever increasing demands for wireless multimedia
services, supporting delay-sensitive traffic flows with service
satisfaction over the CRNs is necessary [9][10]. Call admission
control (CAC) is an essential approach to QoS provisioning,
and the capacity analysis is a fundamental step of developing
CAC policies.
As the first step of QoS provisioning in CRNs, the capacity
analysis for voice traffic is carried out in [11]-[14]. The voice
capacity is defined as the maximum number of voice calls
that can be supported by the network with QoS guarantees.
Centralized and distributed network coordination, different
channel availability statistics, and different QoS requirements
have been considered. The voice over IP (VoIP) capacity
of a centralized CRN is analyzed in [11], considering the
dependence of the channel occupancy of PUs in adjacent timeslots. The voice calls are considered as silent suppressed (onoff) traffic flows, and the base station (BS) buffer overflow
probability is considered as the QoS parameter. Wong and Foh
analyze the on-off voice capacity of a CRN operating over a
primary voice network, considering the average packet delay
as the QoS parameter [12]. The constant-rate voice service
capacity of two distributed single-channel medium access
control (MAC) protocols is analyzed in [13][14]. The primary
network under consideration is time-slotted and, in [13] the
channel occupancy of PUs are independent in adjacent timeslots. The work is extended in [14], including both cases where
the channel occupancy of PUs is dependent and independent,
respectively, in neighboring time-slots. Furthermore, it studies
the effect of the inconsistent channel availability information
on the system capacity.
The voice capacity is analyzed in existing work under the
assumption of single voice packet transmission per time slot
per frequency channel. However, transmitting multiple voice
packets as a composite packet over a time-slot (per channel) improves the network capacity without the requirement
of a proportional increase in the channel transmission rate.
Furthermore, the existing analysis is limited to the case that
all the voice traffic flows require the same QoS guarantees.
For example, in [13][14], all the voice traffic flows have
the same delay bound Dmax with the same stochastic delay
requirement, P(D > Dmax ) ≤ , where  is the allowed
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maximum delay bound violation probability. In general, the
larger the delay bound, the lower the probability of delay
bound violation. Therefore, a larger number of users having
a larger delay bound can be accommodated in the system,
which gives the possibility to provide the service at a lower
cost. However, the larger the delay bound, the lower the
service quality. There is a trade-off between the cost and the
service quality. By incorporating different delay requirements,
the system provides users a choice between service quality
and cost, which improves the satisfaction of the users. In the
literature, there are only limited works in developing channel
access schemes to support voice [9][13] over CRNs. However,
much attention has not been payed on the legacy channel
access schemes in supporting voice traffic.
In this paper, we analyze the capability of legacy channel
access schemes in supporting voice traffic over CRNs. The
contribution of this paper is four fold: (i) We analyze the voice
capacity of a single-channel distributed fully-connected CRN
with slot-ALOHA channel access coordination. Different from
the existing work, we consider the transmission of multiple
voice packets in a single time-slot; (ii) We analyze the voice
capacity of a single-channel distributed fully-connected CRN
for round-robin channel access coordination. As the capacity
analysis approach used for the slot-ALOHA scheme cannot
be used for the round-robin scheme, a new approach is introduced; (iii) We develop a CAC procedure for a distributed nonfully-connected CRN with slot-ALOHA network coordination,
assuming homogeneous single-hop voice traffic flows. The
capacity analysis results of the fully-connected network is
used to limit the number of calls entering the system; (iv)
We develop two CAC algorithms for a distributed non-fullyconnected slot-ALOHA CRN when the voice traffic flows
have different delay requirements. For all the above studies,
both dependent and independent channel occupancies of PUs
in neighboring time-slots are considered, and the end-to-end
delay of voice packets is considered as the QoS parameter.
Note that (i) and (ii) are presented in [2].
II. S YSTEM M ODEL
Consider a distributed single-channel CRN in which all the
SUs see the same spectrum opportunities (i.e., the network
is spectrum homogeneous). The CRN is fully connected if
all the SUs associated with the network are connected with
each other, and non-fully-connected otherwise1 . Each SU is
equipped with a simple transceiver to sense the channel and
to transmit information packets.
A. Channel availability model
The channel time is partitioned into slots of constant duration T S . In each time-slot, the channel is either idle (i.e.,
no primary activities) or busy (i.e., with primary activities).
In a time-slot, the state is defined as 0 if the channel is busy,
and is 1 otherwise. The channel state can be independent or
dependent among adjacent time-slots. In the independent case,
1 Two SUs are connected when they are located within each other’s
transmission range, i.e. when the transmission of one SU can be accurately
received by the other SU.

a time-slot of the channel is (idle) available to the SUs with
probability pa , and the current channel state does not depend
on its previous states. In the dependent case, the state transition
of the channel among adjacent time-slots can be illustrated
using a Markov chain as shown in Fig.1, where S i, j denotes the
transition probability from state i (∈ {0, 1}) to state j (∈ {0, 1}).
This is a widely used method to model the behavior of primary
users [11][14][15] due to its simplicity. In each time-slot, each

Fig. 1. The channel state transition when the channel availability is dependent
in adjacent time-slots [15].

SU senses the channel and accurately identifies the idle state2 .
The SUs transmit only during idle time-slots, and the physical
channel is assumed to be an error free channel.
B. Traffic source characteristics
All the SUs are voice nodes, and each voice call is associated with two SUs. Each of the two SUs initiates an
independent voice traffic flow to the other. For the simplicity
of our analysis, we consider only one traffic flow per voice
call, and each call is limited to a single-hop voice flow. In
the following, the terms voice call and voice traffic flow are
used interchangeably to denote a one-way single-hop packet
flow of a voice call, and the term node is used to denote
an SU. A voice traffic flow is a constant-rate traffic flow
with a packet inter-arrival time of T I (normalized to T S ). The
service requirement for the voice traffic flows in the secondary
network is characterized by the delay D (normalized to T S ),
from the time that a packet is generated at the source node to
the time that it is transmitted from the source node (queuing
delay). The stochastic delay requirement is given by [14][16][18]
4
Pe = P(D > Dmax ) ≤ 
(1)
where Dmax (normalized to T S ) and  are the maximum
allowable delay and delay bound violation probability, respectively, in order to provide satisfactory voice quality. If
the delay bound of a voice packet is violated, the packet is
dropped without being transmitted. Without loss of generality,
we assume integer values for T I , D, and Dmax .
In general, voice traffic flows can be categorized into different classes based on the packet generation process and the
QoS requirements. In this work, the packet arrival processes
are the same for all voice traffic flows, which may have
different delay bounds. Therefore the voice traffic flows are
categorized into different voice classes based on their delay
bound, Dmax . The delay bound of a voice traffic flow remains
constant throughout the call. The design criterion of a CAC
2 There

are no channel sensing errors.
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algorithm is to guarantee the delay requirement (1) for all the
ongoing and incoming voice calls.
C. Channel access schemes
Two legacy channel access schemes, namely the slotALOHA scheme and the round-robin scheme, are considered
for the fully-connected network. From the view point of
SUs, each time-slot consists of two sections, sensing and
transmission periods. In the sensing period, all SUs sense
the channel, and the transmission period is used according
to the channel access scheme if the channel is idle. In the
slot-ALOHA scheme, all the nodes with a non-empty buffer
will transmit with a probability % during an idle time-slot. If a
collision occurs, each node will retransmit at the next available
time-slot with the same probability. In the round-robin scheme,
each node will wait for its channel access right. When a
particular node receives the channel access right, it transmits
if it has packets in the buffer, or forwards the opportunity to
the next node otherwise. Due to the cyclic nature of getting
the channel access right, each node accesses the channel in
a fair manner. As an approach of realizing the round-robin
channel access coordination, a token based scheme [19] or a
mini-slot based scheme [14] can be used. There are no packet
collisions in the round-robin scheme as a node transmits only
when it has the channel access right.
When an SU decides to transmit in a time-slot, it transmits
na (= min{nb , n pk }) voice packets, where nb is the number
of voice packets in the buffer at the time of transmission,
and n pk is the maximum number of voice packets that
can be transmitted by an SU during a time-slot. All na
voice packets are encapsulated into one composite packet for
transmission. The maximum number of packets is given by
n pk =b (TS −TO −TL pksen )RS −LH c, where RS , T sen , LH , L pk , and T O are the
channel rate, sensing duration, header length of the composite
packet, length of a voice packet, and the overhead duration in
implementing the channel access coordination, respectively.
Implementing the slot-ALOHA channel access coordination
does not have any significant overhead duration (T O ≈ 0).
However, the overhead in the round-robin scheme may not
be negligible. For example, the overhead of the token-based
round-robin scheme in [19] is the token passing duration, and
that of the mini-slot based approach in [14] is the mini-slot
durations.
In a non-fully-connected network, each node may interact
with a unique set of neighbor nodes. Therefore, it is important to define the neighborhood of each node. Consider
a particular voice traffic flow and denote its source and
receiver nodes as the target source (ω s ) and receiver (ωr )
nodes, respectively. Consider a scenario when a non-target
source node (i s ) and the ω s transmit simultaneously in a
time-slot. If the reception at ωr fails due to the interference
from i s , i s is denoted as a neighboring source node of ωr ,
and ωr is denoted as a neighboring receiver node of i s .
All the neighboring source (receiver) nodes associated with
the target receiver (source) node constitute the neighborhood
of the target receiver (source) node. The set of neighboring
source (receiver) nodes of a target receiver (source) node is
denoted by Gωr (Gωs ), and the number of neighboring source
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nodes of ir is denoted by Nir . In the non-fully-connected
network, each node may have a unique neighborhood, and each
node may belong to multiple neighborhoods. With the roundrobin channel access, the neighborhood of ωr should follow a
particular transmission sequence such that ω s gets the channel
access right once in each round. Since a non-target neighboring
source node, i s , associated with ωr may be associated with a
few other neighborhoods, i s should follow the transmission
sequences of all the associated neighborhoods. Ultimately,
i s should be provided with the channel access right by all
associated transmission sequences simultaneously. It is quite
complex to achieve due to the non-connected nature of the
nodes. However, in the slot-ALOHA channel access scheme,
each node makes its transmission decision independently.
Accomplishing slot-ALOHA channel access coordination in a
non-fully-connected networking environment is comparatively
simple. Therefore, we consider slot-ALOHA channel access
coordination in the non-fully-connected CRN.
III. C APACITY ANALYSIS
The voice capacity is defined as the maximum number of
simultaneous voice traffic flows, Nmax , that can be supported
by the system without violating the delay requirement (1) for
all the flows. The voice capacity directly depends on the delay
requirement parameters Dmax and . The delay experienced by
a voice packet depends on the number of voice traffic flows, N,
channel availability statistics, and the channel access scheme.
The limited spectrum opportunities in the network are shared
among the voice traffic flows. The larger the N, the lower the
amount of spectrum resources accessible by a voice source.
Therefore, increasing N will increase the probability of delay
bound violation. Spectrum availability for the SUs depends
on the channel occupancy statistics of the PUs (pa and S i, j ).
The larger the value of pa or S 0,1 , the larger the amount of
spectrum opportunities for the packet transmission of SUs.
On the other hand, the larger the value of 1 − pa or S 1,0 , the
lower the chances of a packet being served. The capability of
an SU to exploit available spectrum opportunities is based on
the channel access scheme. The higher the efficiency of the
scheme, the higher the chances of packets to be transmitted
and the lower the probability of delay bound violation. For
the fully-connected network, we analyze Nmax of the same
class for slot-ALOHA and round-robin schemes, considering
the dependent and independent channel availability statistics.
A. Slot-ALOHA scheme
With the initiation of a voice traffic flow, the first packet
enters the source buffer becomes the queue-head, and the rest
of the packets are buffered behind the queue-head. Whenever
the queue-head is successfully transmitted, the next packet,
χnew , with the highest waiting time becomes the new queuehead. While awaiting for transmission, the waiting time of the
queue-head increases with time. However, when a successful
transmission occurs, the waiting time of χnew is always lower
than that of the queue-head, χold , which is just being transmitted. The waiting time of the new queue-head, Dnew (normalized
to T S ), is given by
Dnew = Dold − na ·T I + 1

(2)
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where Dold (normalized to T S ) is the waiting time of χold .
The term na ·T I is due to the na inter-arrival times between
the arrivals of χold and χnew , and the constant 1 accounts
for the time-slot taken for the transmission of χold . As the
voice packets whose waiting time exceeds the delay bound are
dropped, the waiting time of a queue-head stays between 0 and
Dmax . When a packet (queue-head) is dropped due to violation
of the delay bound (i.e., D > Dmax ), the waiting time of χnew
is given by Dnew =(Dmax +1)−T I . The queue-head is dropped at
the beginning of the time-slot when Dold = Dmax + 1. The term
T I is due to the inter-arrival time between the χold and the χnew .
In each idle time-slot, a target node with a non-empty buffer
transmits with probability %, and a successful transmission
occurs if all the other non-target nodes in the network do not
transmit. The probability of successful transmission, PS ,1 , in
an available time-slot is given by
PS ,1 = % (1 − ρ·%)N−1

(3)

where ρ is the probability of a node having a non-empty buffer.
The product %·ρ is the probability of a node transmitting in an
idle time-slot. Note that, the probability PS ,1 does not depend
on D. The value of D at the next time-slot depends on the
value of D, the state of the channel, and the success or failure
of the transmission in the current time-slot. Furthermore, the
state of the channel in the next time-slot either does not
depend on that of the current time-slot for the independent
channel availability scenario, or only depends on the state of
the channel in the current time-slot for the two-state channel
in Fig.1. Therefore, we can establish a discrete-time Markov
chain (DTMC) in which the state (i, j) represents the waiting
time of the queue-head and the channel state, respectively, as
shown in Fig.2. Since there is no queue-head when the buffer is
empty, the negative value of the time remaining until the next
packet arrival is considered as the queue-head waiting time.
Therefore, D varies from −(T I −1) to Dmax . Theoretical aspects
of this approach is discussed in [20]. Furthermore, the DTMC
model is similar to the approach given in [14], in analyzing the
constant-rate voice capacity of two different cognitive radio
MAC protocols. Different from [14], here we consider the
transmission of possible multiple (up to n pk ) voice packets by
a node in a time-slot. The state transition probabilities of the
Markov chain are given by
P(k,i),(k+1, j) = S i, j ,
k ∈ {−T I + 1, ..., −1}
P(k,i),(k+1, j) = (1 − PS ,i )·S i, j ,
k ∈ {0, ..., Dmax − 1}
P(k,i),(k−T I +1, j) = (1 − PS ,i )·S i, j ,
k = Dmax
P(k,i),((k mod T I )−T I +1, j) = PS ,i ·S i, j , k ∈ {0, ..., (n pk ·T I − 1)}
P(k,i),(k−n pk ·T I +1, j) = PS ,i ·S i, j ,
k ∈ {n pk ·T I , ..., Dmax }

where P(k,i),(l, j) denotes the transition probability from state
(k, i) to state (l, j) and i, j ∈ {0, 1}. Since the channel is not
available for the SUs when it is at state 0, PS ,0 =0. As the
packets whose waiting time is larger than the delay bound are
dropped, the delay bound violation probability, Pe , is equal to
the packet dropping probability, given by
P1 


1 − PS , j ·π(Dmax , j)

Pe =
P 
PDmax
na (i)·π(i, 1) + 1j=0 1 − PS , j ·π(Dmax , j)
PS ,1 · i=0
j=0

(4)

where π(i, j) is the steady state probability of state (i, j) and
na (i) is the number of packets that can be transmitted when
the queue-head waiting time is i, given by
(

na (i) =

b TiI c + 1,
n pk ,

(b TiI c + 1) < n pk
otherwise.


P 
The summation 1j=0 1 − PS , j ·π(Dmax , j) represents the mean
PDmax
number of dropped packets and PS ,1 · i=0
na (i)·π(i, 1) represents the mean number of transmitted packets at the steady
state, in a time slot. The capacity analysis problem can be
represented as to maximize N with the constraint Pe ≤ .
However, the relationship between the probability Pe and N is
not straightforward. Therefore, we resort to numerical analysis
in calculating the capacity.
We can find the probability PS ,1 for a given ρ and N by (3).
Using PS ,1 , the steady state probabilities of the Markov chain
can be computed, and thereby the probability of buffer occuP PDmax
pancy ρ is given by ρ= 1j=0 i=0
π(i, j). Since probabilities
π(i, j) (i ∈ {0, 1, ..., Dmax } and j ∈ {0, 1}) can be represented
in terms of ρ, the right hand side (RHS) of the equation also
contains ρ. Denote the ρ in RHS as ρR and that in the left
hand side (LHS) as ρL . The value of ρL can be computed
for different values of ρR , and the solution for the equation
is the one when ρL =ρR . Then, the probability of delay bound
violation Pe can be obtained for a given N. Therefore, the
maximum N which satisfies Pe ≤  can be evaluated.
When the channel occupancy of PUs in adjacent time-slots
is independent, the probability of the channel state being 0 or 1
in the next time-slot is independent of the channel state of the
current time-slot. Therefore, S 0,1 = S 1,1 = pa and S 1,0 = S 0,0 =
1 − pa , and the capacity analysis for the independent channel
occupancy scenario can be carried out using the preceding
method by substituting appropriate values for S i, j (i, j ∈ {0, 1}).
B. Round-robin scheme
The round-robin scheme guarantees that each node gets a
packet transmission opportunity in an orderly manner. Whenever the node under consideration (target node) transmits, its
next packet transmission does not occur before each non-target
node with a non-empty buffer gets an opportunity to transmit.
From (2), it can be seen that the queue-head waiting time of
the target node drops just after a successful transmission. The
probability of the target node getting the next transmission
opportunity depends on the number of non-target nodes in the
network having packets to transmit, the channel availability,
and the time elapsed from its previous transmission. Therefore,
with the round-robin scheme, the probability of a node getting
a packet transmission opportunity is not the same for all
D values, and the analysis for the probability of getting
a transmission opportunity at the particular D value is not
straightforward. Therefore, the Markov chain approach used
for the slot-ALOHA scheme cannot be applied for the capacity
analysis of the round-robin scheme.
Assuming that the packets of a target node are not dropped
until it gets a channel access right (i.e., the packets with the
waiting time larger than Dmax will be dropped at the time the
target node gets the channel access right), the range of D is
[0, ∞). When the target node gets a channel access right, it
will drop nd (D) and transmit na (D) voice packets, where
(

nd (D) =
and

(
na (D) =

0,
D−D
−1
b Tmax
c + 1,
I

D ≤ Dmax
otherwise

I
c + 1,
b D−ndT(D)T
I
n pk ,

I
b D−ndT(D)T
c + 1≤n pk
I
otherwise.
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Fig. 2.
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The Markov chain for the queue-head waiting time and the channel state.

After transmitting the na (D) packets, the D of the queuehead decreases by (T I ·na (D) − 1) time-slots. Then, it increases
by a random number of time-slots until the next channel
access. With N voice calls in the system, for a target node,
the waiting time of the queue-head at the time of packet
transmission depends on the waiting time of the queue-head
at the previous packet transmission and the number of timeslots required to provide a transmission opportunity to each
of the N − 1 non-target nodes. If the number of time-slots in
the shortest possible round-robin cycle is larger than or equal
to the number of time-slots between two successive packet
arrivals, the target source buffer will always be non-empty
when it receives a transmission opportunity. As the shortest
possible round-robin cycle is equal to the number of nodes
in the network, N, the condition to have a non-empty buffer
when a source node receives a transmission opportunity can
be expressed as N ≥ T I . Therefore, the randomness will only
be due to the channel availability, not due to the number of
nodes with a non-empty buffer.
As the waiting time D at the next packet transmission
depends only on that of the current packet transmission, but
not on the previous packet transmissions, a DTMC can be
developed with the state representing the queue-head waiting
time at the time of packet transmission. With the waiting time
D in [0, ∞), the state space of the DTMC lies in the same
range, making it an infinite-state DTMC. The Markov chain
is illustrated in Fig.3, where Pi, j is the transition probability
from state i to state j (i, j ∈{0, 1, 2, ...}). For a single-channel
CRN with N ≥T I , the state transition probabilities, Pi, j , of
P

N −1
a target node is given by Pi, j =P z=0
Xz = r , if r≥N , and
0, otherwise, where Z is the number of nodes to access the
channel before the target node gets the channel access right,
XZ is the number of time-slots required to reduce the node
number from Z to Z −13 , and r= j−(i − (nd (i) + na (i)) T I ) is the
elapsed number of time-slots between adjacent channel access
opportunities. The number of time-slots XZ (Z ∈ {0, 1, ..N −1})
are independent and identically distributed. When the channel
availability for SUs in adjacent time-slots is independent, the
state (the number Z) transition for a node is illustrated in Fig.4.
When there are N source nodes in the system and they all have
packets to transmit, it is impossible for a target node to have its
next transmission opportunity within N − 1 adjacent time-slots
from its current transmission. Therefore, Pi, j = 0 for r < N. In
order to have r − 1 time-slots (r ≥ N) between two successive
transmission opportunities, the target node should transmit at
3 A non-target node with channel access right requires X time-slots to
Z
obtain a channel opportunity and transmit its packets.

the rth time-slot, and the rest of the N − 1 non-target nodes
should transmit during the first r−1 time-slots. In other words,
exactly N out of the r time-slots should be idle and, out of
the N idle time-slots, N − 1 should be in the first r − 1 timeslots. Therefore, the probability Pi, j is given by the negative
binomial distribution. The state transition probability, Pi, j , for
an independent channel occupancy scenario of PUs is given
by
(  
Pi, j =

r−1
r−N

paN (1 − pa )r−N ,

0,

if r≥N
otherwise.

(5)

When the channel availability for SUs are dependent among
adjacent time-slots, the state Z is divided into two states
named Z1 and Z2 , where a node enters state Z through state
Z1 (initial state), and enters state Z2 if the channel is not
available when it is in state Z1 . The state transition diagram
of a node is illustrated in Fig.5. As explained earlier, Pi, j = 0
for r < N. If there are exactly N time-slots in between
successive transmissions of the target node, all N time-slots
should be available for the SUs4 . Having r > N time-slots
between successive transmissions means that the channel has
been idle for N time-slots and busy for r − N time-slots.
The state transition probabilities, Pi, j , for a dependent channel
occupancy scenario of PUs is given by
 Pmin(r−N,N)  


N
r−N−l
N−l l
l


S 0,1
S 0,0
,
S 1,1
S 1,0 · r−N−1

l=1

l−1
N−l
 N
Pi, j = 
S
,

1,1


 0,

if r > N
if r = N
otherwise.

(6)

In (6), when r > N, there must be at least one transition
N
N−l l
from state 1 to state 0. The term N−l
S 1,1
S 1,0 represents the
probability of having l state 1 to state 0 transitions out of all the
transitions occur in the N idle time-slots. In order to have N
idle time-slots, l state 0 to state 1 transitions

 are required in the
r−N−l
l
remaining r−N time-slots. The term r−N−1
S 0,1
S 0,0
represents
l−1
the probability of having l state 0 to state 1 transitions in
exactly r − N time-slots. Since the DTMC has a countably
infinite number of states, it is truncated to Dmax + k·T I states
for simplicity of analysis, where k (≥ 1) is a small integer. The
delay bound violation probability, Pe , is approximately given
by
P
Dmax +k·T I

i=0
Pe ' PD +k·T
I
max
i=0

nd (i)·π(i)

(nd (i) + na (i)) π(i)

(7)

where π(i) is the steady state probability of state i. The
PD +k·T
PDmax +k·T I
nd (i)·π(i) and i=0max I na (i)·π(i) represent the
terms i=0
mean number of dropped packets and transmitted packets,
respectively, at the steady state in a time-slot. The system
4 Being in state 1 (idle state), the channel should remain in state 1 for N
successive time-slots.
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Fig. 3.

The DTMC for the queue-head delay at the time of packet transmission with round-robin channel access.

Fig. 4.

State transition of Z for independent channel occupancy of PUs.

Fig. 5.

State transition of Z for dependent channel occupancy of PUs.

capacity Nmax is the maximum N which satisfies the relation
Pe ≤ . The higher the N, the higher the Pe . The minimum
Pe , P∗e , that can be analyzed by (7) is for the minimum N, N ∗ .
As N≥T I , N ∗ = T I . Thus, the capacity can be evaluated for a
 value larger than P∗e .
Capacity analysis of a fully-connected network is the first
step of developing a call admission control algorithm. As we
evaluate the maximum number Nmax of simultaneous voice
traffic flows that can be supported by the system without
violating the delay requirement, the call admission control can
be carried out by limiting the number of traffic flows in the
network to Nmax .
IV. C ALL A DMISSION C ONTROL
When the slot-ALOHA scheme is used for the channel
access control, collisions occur due to simultaneous transmissions of a target source node and the neighboring source
nodes associated with the target receiver node. The larger the
number of neighboring source nodes associated with a target
receiver, the higher the chances of collisions, which leads to
a lower successful transmission probability, PS ,1 , of the target
source node (or traffic flow). The lower the probability PS ,1 ,

the higher the waiting time of packets in the buffer and the
probability Pe of delay bound violation. Therefore, in order to
keep the probability Pe within a desired limit, the number of
calls admitted to the system should be controlled.
A. CAC procedure for homogeneous voice traffic
In Subsection III-A, we analyze the maximum number,
Nmax , of homogeneous voice traffic flows that can be carried
out by a slot-ALOHA fully-connected network. Therefore,
Nmax is the maximum number of homogeneous voice source
nodes that can be associated with a target receiver node. In a
non-fully-connected network, each receiver node is associated
with a number of source nodes. The packet transmission of
a new source node increases the collisions at its associated
receiver nodes, leading to a reduction in the successful transmission probability of the said receiver nodes. Therefore, to
satisfy the delay requirement of the ongoing and incoming
traffic flows, it is required to control the admission of new calls
based on the number of source nodes associated with each
receiver node (including that of the incoming call). A CAC
procedure, P1, based on the number of neighboring nodes can
be explained as follows. Denote the source and receiver nodes
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of the new call by target source (ω s ) and receiver (ωr ) nodes,
respectively, and let Nir be the number of neighboring source
nodes of receiver node ir (∈ Gωs ∪ ωr ). It is required to limit
Nir of each receiver node ir (∈ Gωs ∪ ωr ) to a maximum of
Nmax . Therefore, ω s should listen to its neighbors ir (∈ Gωs )
and get the information Nir . At the same time, ωr should listen
to its neighbors and find Nωr . If the condition Nir ≤ Nmax can
be satisfied for all ir (∈ Gωs ∪ ωr ), the new call is admitted
to the system, and rejected otherwise. As Nmax is a function
of %, the non-fully-connected network must use the same (%,
Nmax ) pair which used with the fully-connected network.
The capacity of a fully-connected network is under the
assumption of homogeneous voice traffic. Therefore, the capacity analysis of the fully-connected network is no longer
valid for non-homogeneous voice traffic. The validity of the
Nmax used in this procedure no longer holds, and a new
approach is required for the CAC of non-homogeneous voice
traffic over non-fully-connected CRNs.

B. CAC procedure for non-homogeneous voice traffic
Majority of the existing CAC strategies developed for noncognitive ad hoc networks consider only the first order statistics such as average waiting time, and are based on standard
queuing analysis by using the Littles theorem. However, there
are some existing works on CAC in non-cognitive networks
based on stochastic QoS guarantees using the theory of effective bandwidth and its dual effective capacity [17][18][21]. All
of these works are for homogeneous/non-homogeneous traffic
flows with the same delay requirement. Based on this idea,
we can develop a CAC algorithm as a bench mark. However,
analysis of the effective capacity of the service process of an
SU is not straightforward as it depends on the channel access
scheme. The approach used in [1] to analyze the effective
capacity of the CRN can be adopted to analyze that of the
service process of each node.
The effective capacity α(δ) is a link layer channel model
which characterizes the maximum constant traffic arrival rate
that a wireless system can support as a function of its service
requirement, under the assumption of first-in first-out (FIFO)
service discipline [16]. The packet buffer of each source node
act in the FIFO service discipline. Therefore, in order to
satisfy the delay requirement of voice packets, the effective
capacity of the service process of each source node should
be larger than the constant arrival rate. A successful packet
transmission from a target source node occurs whenever there
are no collisions at the target receiver node. Therefore, the
service process of the target source node is governed by the
transmissions of the neighboring source nodes of the target
receiver node. The effective capacities αi (δ) and αd (δ) of the
discrete-time service process for independent and dependent
channel availability scenarios can be obtained by (9) and (10)
in [1], respectively. In a particular time-slot, define the state of
a target source node as follows: If a successful transmission
occurs during the time slot, the source node is in state 1, and
state 0 otherwise. The effective capacities are given by
αi (δ) =
and

h
i

1
log 1 − PS ,1 ·pa + PS ,1 ·pa ·e−δ·n pk
δ



1
αd (δ) = log sp(W·Λ)
δ

(8)

where W is the 2 × 2 state transition probability matrix of a
source node, Λ=diag[1, e−δ·n pk ], and sp(W·Λ) is the spectral
radius of the matrix W·Λ. Consider a Markov chain in which
the state represents the channel state and node state pair which
consist of three states (1,1), (1,0), and (0,1). Denote the state
transition probability matrix of the Markov chain by Ẃ. The
state transition probability matrix W of a source node can be
obtained using the state transition probability matrix Ẃ. The
condition to satisfy the delay requirement
of a voice call i
 
1
is given by δ∗ α (δ∗ ) ≥ Dmax
log 1 , where δ∗ is the solution
to the equation α (δ)= T1I . This condition can be given in the


 
I
form α δ∗min ≥ T1I , where δ∗min = DTmax
log 1 . In the distributed
non-fully-connected network scenario, the probability PS ,1 of
a target source node ω s is given by
PS ,1 = Πis ∈Gωr %ω (1 − ρi ·%i )

(9)

where % j and ρ j are the transmission probability given that the
buffer is non-empty and the probability of having a non-empty
buffer of source j s (∈ {Gωr ∪ ω s }), and ωr is the target receiver
node. However, the evaluation of ρi is not straightforward as it
depends on the transmissions of the neighboring source nodes
of receiver ir . Therefore, rather than evaluating the exact value
of ρi , we investigate the possibility of obtaining a close upper
bound for the value of ρi . From the DTMC illustrated in Fig.2,
it can be shown that the delay bound violation probability
Pe of a constant-rate voice traffic flow and the probability ρ
of a voice buffer being non-empty, monotonically decrease
with the successful transmission probability PS ,1 . Therefore,
the delay requirement Pe ≤  can be transformed to PS ,1 ≥ P∗S
or ρ ≤ ρ∗ , where P∗S is the PS ,1 value at Pe =  and ρ∗ is the
ρ value at PS ,1 = P∗S . The variation of ρ and Pe with PS ,1 , and
the relationship of P∗S , ρ∗ , and  are illustrated in Fig.6. As
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Fig. 6. Variation of ρ and Pe with PS ,1 for Dmax =100, T I =10, n pk =5, P01 =0.8,
P10 =0.2, and =0.01.

long as the existing source nodes satisfy the delay requirement
Pe ≤ , the probability ρ is upper bounded by ρ∗ . Therefore,
instead of using PS ,1 , we substitute P∗S ,1 =Πis ∈Gωr %ω (1 − ρ∗i ·%i )
(≤ PS ,1 ) in (8). When the system supports non-homogeneous
voice traffic flows with different delay bounds, let C denote the
set of all voice traffic classes in the network. Each voice traffic
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class c (∈ C) has unique delay bound Dmax (c), P∗S (c), and
ρ∗ (c) values. Therefore, ρ∗i and %i of P∗S ,1 should be replaced
by their respective values of the traffic class ci as ρ∗ (ci ) and
% (ci ), where % (ci ) is the default % value for the traffic class ci .
Denote the source and receiver nodes of the incoming call, ω,
as the target source (ω s ) and receiver (ωr ) nodes. In order to
make sure that the delay requirements of all ongoing calls and
the new call are satisfied, effective capacities of each receiver
node ir (∈ {Gωs ∪ ωr }) should be larger than the packet arrival
rate T1I . The benchmark CAC algorithm based on the effective
capacity is given in algorithm A1. Each receiver node in

Gωr ) satisfies PS ,1 ≥P∗S (ci ), the inequality %ω Πis ∈Gωr (1 − ρi ·%i )
≥ %ω Πis ∈Gωr (1 − ρ∗ (ci )·%i ) always stands. Provided that
PS ,1 ≥P∗S (ci ) for all i s ∈ Gωr , the delay requirement of the
incoming call can be guaranteed by choosing a proper %ω
value for its source ω s , which satisfies %ω Πis ∈Gωr (1 − ρ∗ (ci )·%i )
≥ P∗S (cω ). However, as discussed in Subsection IV-A, the
admission of a new source node increases the probability
Pe of delay bound violation of each source i s , where i s is
the corresponding source node of ir (∈ Gωs ). Therefore, it is
required to guarantee that PS ,1 values of the said source nodes
and the new source node are kept above their respective P∗S (c j )
( jr ∈ {Gωs ∪ ωr }) values by making sure that the following
conditions are met respectively

Algorithm 1: CAC algorithm based on the effective capacity
Data : Ci ={c j : j ∈ Gir }
Result: Ĉi
1
2
3
4
5
6
7
8
9
10
11
12
13
14
15
16
17
18
19
20

Ĉi ← ∅;
repeat
randomly select ck from C;
C ← C-{ck };
if i==ω then
PS ,1 ← %(ck )Π j∈Gωr (1 − ρ∗ (c j )·%(c j ));
else
PS ,1 ←
%(ci )Π j∈Gir (1 − ρ∗ (c j )·%(c j ))(1 − ρ∗ (ck )·%(ck ));
end
if channel availability is iid in time then
α(δ) ← αi (δ);
else
α(δ) ← αd (δ);
end
 
TI
1
δ∗max ← Dmax
(ci ) log  ;
1
∗
if α(δmax ) ≥ T I then
Ĉi ← {Ĉi ∪ ck } ;
end
until C==∅;
Exit;

(1 − ρ∗ (ci )·%i ) ≥ P∗S (c j ), ∀ jr ∈ Gωs

i s ∈G jr

and
%ω ·

Y

(10)
(1 − ρ∗ (ci )·%i ) ≥ P∗S (cω )

i s ∈Gωr

where the LHSs of (10) are always less than or equal to
PS ,1 . The expressions of the LHSs of (10) can be evaluated
Q
using γ j (=% j · i∈G jr (1 − ρ∗ (ci )·%i )) and c j obtained from the
neighboring receiver nodes of the new source node, and γω
Q
(=% j · i∈Gωr (1 − ρ∗ (ci )·%i )) obtained from the new receiver
node. The CAC algorithm based on the relationship among
Pe , PS ,1 , and ρ is given in Algorithm 2. In the algorithm,
Algorithm 2: CAC algorithm based on the successful
transmission probability
Data : Γ={(γi , ci ) : i ∈ {Gωs ∪ ωr }}
Result: %ω , Admit the call or block the call
1
2
3
4
5
6
7
8
9

the network should run the algorithm and identify the set Ĉ j
( j ∈ {Gωs ∪ωr }). The set Ĉω and Ĉi (i ∈ Gωs ) are the set of voice
classes that can be admitted by ωr , and to the neighborhood
of an existing receiver node ir , respectively, without violating
the delay requirement of the existing and incoming voice calls.
The new source and receiver nodes listen to the channel and
T
identify the set of voice classes Cω = ir ∈{Gωs ∪ωr } Ĉi that can
admit call ω. If Cω =∅, call ω cannot be admitted to the system.
The effective bandwidth/capacity approach can be applied to
different types of traffic by evaluating the effective bandwidth
[16] of the source traffic and the effective capacity of the
service process via modeling the source buffer occupancy at
the packet level. However, this approach is computationally
complex due to the requirement of calculating the effective
capacity at run-time. It is possible to introduce a less complex
approach for the CAC for non-homogeneous voice traffic using
the relationship of PS ,1 , ρ, and Pe .
Based on Fig.6, guaranteeing PS ,1 ≥P∗S (c) guarantees
ρ≤ρ∗ (c). Therefore, if the probability PS ,1 of source i s (∈

Y

% j·

10
11
12
13
14
15
16
17
18
19
20
21
22
23
24
25
26
27

Λ ← 0;
%ω ← % s ;
while %ω ≤ 1 do
if γω ·%ω ≥ P∗S (cω ) then
%min ← %ω ;
Go to 10;
end
%ω ← %ω +% s ;
end
while %ω ≤ 1 do
Hg ← Gωs ;
repeat
randomly select jr from Hg ;
Hg ← Hg -{ jr };

if γ j 1 − ρ∗ (cω )·%ω < P∗S (c j ) then Go to 21;
until Hg ==∅;
Λ ← 1;
%max ← %ω ;
%ω ← %ω +% s ;
end
if Λ==1 then
%ω ← %min + β(%max − %min );
Admit the call;
else
Block the call;
end
Exit;
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V. N UMERICAL R ESULTS
Computer simulations are carried out to evaluate the accuracy of the capacity analysis of the two channel access
schemes and to investigate the performance of the two CAC
algorithms. In order to depict the primary user activities, the
channel is made on and off according to the dependent and
independent channel occupancy statistics of PUs. Two classes
voice traffic are considered: Class 1 (c1 ) with Dmax (c1 ) = 100,
T I = 10 and  = 0.01; and Class 2 (c2 ) with Dmax (c2 ) = 250,
T I = 10 and  = 0.01. Note that Dmax (·) and T I are normalized
to T S . The probability of delay bound violation, Pe , is obtained
by the ratio of the number of dropped packets (at a source
node due to the violation of delay bound) to the total number
of packets generated by the source node.
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Fig. 7. Variation of Nmax with n pk for a fully-connected network with roundrobin channel access.
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Nmax

parameter %min is the minimal % value which satisfies the first
inequality in (10) and %max is the maximal % value which
satisfies the second inequality in (10). Algorithm 2 searches
for %min and %max by increasing %ω from 0 to 1 in a step
size % s . The smaller the % s , the higher the accuracy of %min
and %max values. However, the smaller the % s , the larger the
number of iterations required to get the results, leading to a
larger processing time. If the algorithm outcome is to admit
the call, it needs to choose a %ω value (%min ≤ %ω ≤ %max ) for
the transmissions of the new source node. The probability PS ,1
of the new source node and corresponding source nodes of its
neighboring receiver nodes will vary depending on the chosen
%ω value. Therefore, a particular β value should be selected for
the network to obtain a %ω (=%min + β(%max − %min )) value, such
that the network capacity is maximized. This can be carried
out by trial and error method off-line.
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A. Capacity of the fully-connected network
Consider homogeneous voice traffic flows of class c1 . While
keeping N constant during a simulation run, the probability Pe
is obtained for a particular channel access scheme and channel
statistics. Starting from N = 2, we increase N by one for each
simulation run and the resultant probability Pe is compared
with  to obtain Nmax which satisfies Pe ≤.
Figs. 7-8 show the variation of Nmax with n pk obtained
from numerical analysis and simulation with round-robin
channel access scheme and the slot-ALOHA channel access
scheme, respectively. It can be seen that the Nmax obtained
from simulation match well with the analytical results. Even
though the results show an exact match in the capacity, the
Pe values from the simulation and numerical analysis can be
different. Let Pes (n) and Pea (n) denote the Pe vales obtained
from the simulation and the numerical analysis, respectively,
having n calls in the system. When the system capacity is
Nmax , Pes (Nmax ) ≤ , Pes (Nmax + 1) > , Pea (Nmax ) ≤ ,
and Pea (Nmax + 1) > . This does not necessarily mean that
Pes (Nmax )=Pea (Nmax ). Therefore, the exact match shown in
Nmax indicates a close match in the resultant Pe , but not
necessarily an exact match in Pe . In both the round-robin
and slot-ALOHA channel access schemes, the system capacity
increases with n pk . Furthermore, it is observed that the system
capacity of the round-robin scheme is much higher than that
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npk

Fig. 8. Variation of Nmax with n pk for a fully-connected network with slotALOHA channel access.

of the slot-ALOHA scheme. Note that the overhead required
for the establishment of the round-robin scheme is much
higher than that of the slot-ALOHA scheme, as explained
in Subsection II-C, which is neglected in the simulation.
Furthermore, it is observed that the rate of increment of system
capacity with n pk in the slot-ALOHA scheme is lower than
that of the round-robin scheme. In the slot-ALOHA scheme,
the probability of transmission is irrespective of the buffer
occupancy of packets. However, in the round-robin scheme,
there is a higher probability to transmit when the waiting time
of the queue-head is larger (i.e., when there are more number
of packets in the buffer), which allows a node to transmit
a larger number of voice packets during a transmission than
in the slot-ALOHA scheme. Therefore, the mean number of
packets transmitted during a channel access opportunity is
larger in the round-robin scheme than that in the slot-ALOHA
scheme, which explains that the latter has a lower rate of
capacity improvement with n pk . The analytical model based
on the slot-ALOHA channel access can also be used for other
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B. CAC of the non-fully-connected network
For the performance comparison of the CAC procedure
(P1) and two CAC algorithms (A1 and A2), we consider a
CRN with homogeneous voice traffic. For the performance
comparison of algorithms A1 and A2, we consider a network
with both traffic classes, where new call arrivals are equally
likely to be of class c1 or c2 . The network coverage area of
each voice source/receiver node is a circle with a radius of unit
length. The inter-arrival time of voice calls is exponentially
distributed, and the location of source nodes is uniformly
distributed in a square network area. Ten different data sets
are generated, each containing 8000 samples of source and
receiver location and call inter arrival time. In order to compare
the two algorithms, 10 different simulation runs were carried
out for each algorithm using the generated data sets over a
constant network area. As the network is non-fully-connected,
the system capacity depends on the coverage area of the
network. We saturate the network with voice calls to obtain
the maximum number of voice calls that can be supported
by the system, and obtained the results for different network
coverage areas.
Fig.9 shows the comparison of the network capacity (with
the 95% confidence interval) of class c1 voice calls using
procedure P1 and algorithms A1 and A2. The CAC procedure

vary from %min to %max ). The lower the channel availability, the
higher the P∗S . The higher the P∗S , the lower the tolerance for
admitting a new call and vice versa. Therefore, lower channel
availability can lead to lower capacities when the % selection
is opportunistic as in A2. The performance of algorithm A1
always stays below A2 due to the conservative nature of the
theory of effective capacity. The required information from the
neighboring nodes and the calculation complexity of P1 is less
than those of A1 and A2. Therefore, the procedure P1 can be
a better choice over A1 and A2 at low channel availability,
and A2 can be a better choice over P1 and A1 for a network
with homogeneous voice traffic at high channel availability.
Fig.10 shows the variation of the average network capacity
with the network area, using algorithms A1 and A2 for the
two equally likely voice traffic classes. The results show that
90
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channel access schemes in which the probability of successful
transmission is independent of the queue-head waiting time
(e.g. mini-slot based contention schemes). Further, this work
can be extended to Markov modulated constant rate arrivals
(e.g. on-off voice) given the statistics of Markov process.

pa=0.80, A2
S1,0=0.44, S0,1=0.66, A1

60

S1,0=0.44, S0,1=0.66, A2
50
40
30
20
10
0

0

5

10

15

20

25

Network area (unit2)

80

Fig. 10. Variation of the network capacity versus the network area for
algorithms A1 and A2 for a network with two voice traffic classes.
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algorithm A2 is a better choice over A1. The average network
capacity with the mixture of two voice traffic classes is higher
than that for voice class c1 . The relaxed QoS requirement of
voice traffic class c2 allows more calls to be admitted. Clearly,
there is a trade-off between the number of calls in the systems
and the service quality, as expected. Algorithm A2 can be
extended to other contention based channel access schemes
(e.g. IEEE 802.11 RTS/CTS based) and traffic types, given
that Pe and ρ monotonically decrease with P s , and the channel
contention is independent over adjacent time-slots.
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Fig. 9.
Variation of the network capacity versus the network area for
procedure P1 and algorithms A1 and A2.

P1 outperforms the algorithms A1 and A2 when the average
channel availability is lower, and the algorithm A2 outperforms
the other two when the average channel availability is higher.
The algorithm A2 opportunistically chooses the probability %
at the instance of call admission whereas P1 has a fixed %
value. Therefore the opportunistic % selection may choose different % values for different calls leading to a probability PS ,1
which is just enough to satisfy the admission criterion (% can

VI. C ONCLUSION
In this paper, we study the constant-rate voice capacity of a
synchronized single-channel fully-connected CRN using slotALOHA and round-robin channel access schemes, based on
the delay requirement of the voice traffic. Different from the
analysis given in the literature, transmission of multiple voice
packets in a single time-slot is considered. A DTMC based
approach is used for the capacity analysis of the slot-ALOHA
scheme, and a new analytical model is introduced for the
capacity analysis of round-robin scheme. Further, a procedure
based on the capacity of the fully-connected networks and two
algorithms, A1 and A2, based on the effective capacity and the
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successful transmission probability, respectively, are proposed
for CAC in a non-fully-connected CRN with slot-ALOHA
channel access. It is shown that the procedure P1 performs
better than algorithms A1 and A2 at lower channel availabilities for homogeneous voice traffic, and the algorithm A2
outperforms A1 for both homogeneous and non-homogeneous
voice traffic. Simulation results demonstrate that voice traffic
flows with a relaxed delay requirement leads to an increases
of the network capacity.
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