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Cognitive Radio Based Spectrum Sharing: Evaluating
Channel Availability via Traffic Pattern Prediction

Xiukui Li and Seyed A. (Reza) Zekavat

Abstract: In this paper, a technique is proposed that enables sec-
ondary users to evaluate channel availability in cognitive radio
networks. Here, secondary users estimate the utilization of chan-
nels via predicting the traffic pattern of primary user, and select
a proper channel for radio transmission. The proposed technique
reduces the channel switching rate of secondary users (the rate of
switching from one channel to another) and the interference on pri-
mary users, while maintaining a reasonable call blocking rate of
secondary users.

Index Terms: Cognitive radio, opportunistic channel utilization,
spectrum sharing, traffic pattern prediction.

I. INTRODUCTION

Federal communications commission defines cognitive ra-
dio as a radio capable of changing its transmitter parameters
based on its interaction with the environment [1]. Cognitive ra-
dio addresses the underutilization problem of the spectrum li-
censed to different organizations, and it supports dynamic spec-
trum access. When cognitive and non-cognitive users coexist,
compared with secondary users (cognitive users), primary users
(non-cognitive users) have higher priority in using the licensed
channels. Therefore, whenever a primary user is detected [2]–
[5], secondary users must vacate the relevant channels or de-
crease their transmitted power to reduce the interference on pri-
mary users.

However, in some situations, due to the activities of primary
users, secondary users may need to vacate the current channel
and switch to other available channels or terminate communica-
tion frequently. This would lead to temporal connection loss of
secondary users. In addition, if a secondary user can not vacate
a channel in a timely manner, it would interfere with primary
users. To reduce the temporal connection loss and interference
on primary users, secondary users need to avoid using the chan-
nels that are only available for a short time period. Therefore,
secondary users should be able to evaluate the probability of
channel being available for a given time period.

In general, the traffic stochastic parameters vary slowly. Hence,
they can be estimated by using the historical data [6]. Various
traffic prediction techniques have been proposed for different
wireless systems [7]–[11]. However, the proposed methods or
models are only considered for the specific applications in dif-
ferent wireless systems.

In this paper, first, we present methods to evaluate the proba-
bility of channel being available for a given time period. Then,
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we propose a new algorithm which can be implemented in sec-
ondary users to predict primary user call arrivals, and compare it
with the well-known seasonal autoregressive integrated moving
average (SARIMA) model [12]. Finally, the impact of the pro-
posed technique on channel switching rate, call blocking rate of
secondary users and spectrum reuse efficiency is investigated.

Here, secondary users monitor the call arrivals of primary
users. The observed traffic information of primary users is stored
in secondary users. When a secondary user has a transmission
request, first, based on the historical traffic information of pri-
mary users, it estimates the number of call arrivals and/or the
call holding time of primary user within a time interval. Then,
according to the estimation results, the secondary user evaluates
the probability that a channel would be available (not occupied
by primary users) for a given time period. Comparing the evalu-
ated probability with a threshold, the secondary user determines
whether to use the channel. The probability threshold maintains
a trade-off between the channel switching rate and call blocking
rate of secondary users, the interference on primary users and
spectrum reuse efficiency.

Through this technique, secondary users can find a suitable
channel for radio transmission. Simulations confirm that the pro-
posed technique reduces the channel switching rate of secondary
users and, accordingly, the interference on primary users. This
work has been partially presented in [13]. Compared to [13],
this paper: 1) Details the call arrival process; 2) discusses the
resilience of the proposed algorithm when the traffic pattern
changes rapidly; 3) suggests a new method to estimate the call
holding time of primary users; 4) investigates the approach of
threshold determination and verifies it via simulation results;
and 5) includes more simulation results on the performance.

The rest of this paper is organized as follows. In Section II,
we present methods to evaluate the probability that a channel
would be available for a given time period. In Section III, we
introduce algorithms which are used to predict the call arrivals
of primary users. We describe the call holding time estimation
in Section IV. Channel availability determination and threshold
selection are analyzed in Section V. Finally, Section VI presents
the simulation results and Section VII concludes this paper.

II. PROBABILITY OF CHANNEL AVAILABILITY

In this analysis, we assume multiple channels are licensed to
primary users, and secondary users can select any idle channel
for communication. However, once a secondary user detects the
appearance of primary users, it should vacate the channel im-
mediately to allow primary users to continue using that channel.
Therefore, the activities of secondary users do not affect the traf-
fic distribution of primary users. Primary users keep their normal
activities regardless of the existence of secondary users. Here,
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Fig. 1. Call arrival process.

we assume the number of channels licensed to primary users is
constant. In addition, we consider, with a fair scheduling policy,
primary users utilize all licensed channel equally.

When secondary users coexist with primary users, if with-
out primary user traffic pattern prediction, secondary users can
transmit signals over any channel as long as it is not occupied.
However, in some scenarios, with high likelihood, the commu-
nication would be interrupted by primary users.

Traffic pattern prediction enables secondary users to estimate
the channel utilization in a near future. Generally, traffic pat-
tern of primary users varies with applications, such as voice and
data. Here, both primary and secondary users request channels
for voice. Two crucial factors in the traffic pattern of voice users
are call arrival rate and call holding time. Hence, to estimate
the utilization of one channel, secondary users can predict or
estimate the call arrival rate and call holding time of primary
users that use this channel. Then, according to the prediction
and/or estimation results, secondary users are able to evaluate
the probability that the channel would be available for a given
time period. By comparing the evaluated probability with some
threshold, secondary users can decide whether to use this chan-
nel.

In general, traffic process can be modeled as a non-stationary
stochastic process. For a given application, traffic mostly de-
monstrates a regular model in an area. For example, traffic can
be periodic with a specific period, and it follows similar pattern
in each period. Voice communication in traditional wireless net-
works usually possesses such traffic characteristics [14]. In the
following discussion, we assume the traffic for the network is
periodic with the period of T = 24 hours (one day) and the traf-
fic patterns of primary users in different periods are similar. An
example of the call arrival process is shown in Fig. 1.

The call arrivals of primary users can be considered to follow
non-homogeneous Poisson process {A(t), t ≥ 0} [15]. The rate
parameter for the process {A(t)} is λ(t). In general, λ(t) may
change over time. The expected call arrival rate between the time
t1 and t2 is:

λt1,t2 =
∫ t2

t1

λ(t)dt. (1)

Thus, the number of call arrivals within the time interval
(t, t + τ ] follows a Poisson distribution with the parameter
λt,t+τ , i.e.,

t1/t2 t t1 t2

^
Tidle

t t1 t2

^
primary users in progress

t0 t (time)
Case 1 (t1 = t2) Case 2 (t1 < t2) Case 3 (t0 < t1 < t2)

Fig. 2. Three cases for channel availability evaluation.

P {(A(t + τ) − A(t)) = k} =
e−λt,t+τ (λt,t+τ )k

k!
, k = 0, 1, · · ·.

(2)
We evenly divide one traffic period into 24 time intervals

(tn, tn+1] (n = 0, 1, · · ·, 23); thus, the time duration Td (Td =
tn+1 − tn) for one time interval is one hour. A common metric
employed in the telecommunication industry is the hourly num-
ber of calls [7]. Thus, we can assume the rate parameter λ(t)
maintains constant value λn/Td in each time interval (tn, tn+1],
i.e.,

λ(t) =
λn

Td
, t ∈ (tn, tn+1] (3)

where λn is the total number of call arrivals in the time inter-
val (tn, tn+1]. Note that, the granularity of the decomposition of
the daily traffic variations depends on the traffic characteristics
of primary users. Here, we consider the regular wireless voice
communication and divide one day into 24 time intervals. How-
ever, to make the traffic prediction more accurate, secondary
users can dynamically adjust the time duration of each time in-
terval and the number of time intervals divided of a day. This
does not affect the analysis conducted in this paper. The adap-
tive time interval control should depend on the field data of the
traffic of primary users.

Considering tn < t < t+τ ≤ tn+1, i.e., t and t+τ are within
the same time interval (tn, tn+1], the expected call arrival rate
within τ is:

λt,t+τ =
λn

Td
τ. (4)

Similarly, using (1) and (3), we can obtain λt,t+τ when t and
t + τ are within different time intervals or within different pe-
riods. In the following discussion, we consider t and t + τ are
within the same time interval.

When a secondary user finds an idle channel and intends to
start transmission over this channel, first, it predicts the num-
ber of primary user call arrivals in the current time interval
(tn, tn+1]. Using (4), the secondary user obtains the call arrival
rate of primary users, λn

Td
τch, within its oncoming call holding

time τch (the call holding time of its next call). Then, the sec-
ondary user evaluates the probability, Pna, that no primary user
would occupy the channel within the call holding time τch. Ac-
cording to (2), Pna corresponds to:

Pna =
e
−λn

Td
τch(λn

Td
τch)0

0!
= e

−λn
Td

τch . (5)

The oncoming call holding time τch for a secondary user is
a random variable and it is hard to predict. Therefore, we sub-
stitute the average call holding time T of the secondary user for
τch in (5). For a secondary user, T can be calculated based on
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the cumulative total call holding time Ta and the total number
of calls Nc within a time duration, i.e., T = Ta/Nc.

To evaluate the probability that a channel is available for a
given time period, secondary users should consider three sce-
narios discussed in the following.

Cases 1 and 2 (see Fig. 2): Primary users end transmission at
time t1, and a secondary user starts transmission at t2, t1 ≤ t2
(tn < t1 ≤ t2 ≤ tn+1).

In these two cases, the secondary user only needs to evaluate
the probability Pi that no primary user arrives within T , i = 1, 2.
According to (5), Pi corresponds to:

Pi = e
−λn

Td
T
, i = 1, 2. (6)

Case 3 (see Fig. 2): One primary user starts transmission over
a channel at time t0, and it ends transmission at t2. A secondary
user intends to start transmission at t1 over this channel (no other
channels are available), tn < t0 < t1 < t2 ≤ tn+1, i.e., at time
t1, the primary user call is still in progress.

In this case, we assume the secondary user is capable of sus-
pending its call for some time duration Tw (Tw > 0). Thus, it
can wait for the primary user to vacate the channel (otherwise, if
Tw = 0, the call would drop). To guarantee the secondary user’s
call does not drop, the call holding time of the primary user, th,
should satisfy: t1 − t0 < th ≤ Tw + t1 − t0 (if th = t1 − t0, it
would be the same as Case 1).

Let C denote the event that the current primary user vacates
the channel within Tw and E denote the event that no new pri-
mary user arrives within T . Then, the probability P3 that the
channel would be available to the secondary user corresponds
to:

P3 = P{C and E} = P{C}P{E}
= P{th ≤ Tw + t1 − t0|th > t1 − t0}P{E}

=

∫ Tw+t1−t0
t1−t0

fTh
(th)dth∫ ∞

t1−t0
fTh

(th)dth
e
−λn

Td
T

(7)

where fTh
(th) is the probability density function (PDF) of the

call holding time distribution of primary users in the time in-
terval (tn, tn+1]. Note that, the secondary user suspends its call
only when all channels are occupied. Otherwise, it should try to
find another available channel to use.

In summary, to evaluate the probability that the channel
would be available within T , secondary users should be able
to predict the number of primary user call arrivals in the corre-
sponding time interval. In addition, secondary users should ob-
tain the PDF of call holding time distribution of primary users
(for Case 3). The next two sections propose solutions to these
two problems, respectively.

III. CALL ARRIVAL PREDICTION

A. Call Arrival Prediction Based on Traffic Periodicity

Based on the observations on traditional wireless networks,
the traffic process is periodic with the period of T = 24
hours [14]. In different periods, generally, the factors that affect
the traffic do not change significantly. Therefore, the number

of call arrivals has similar increasing or decreasing inclination
from one time interval to the next following one in different pe-
riods. Namely, in one period, from the time interval (tn, tn+1]
to (tn+1, tn+2], the number of call arrivals increases or de-
creases from N1 to N2, and, in other periods, from (tn, tn+1]
to (tn+1, tn+2], the number of call arrivals also increases or de-
creases by the number around |N2 −N1|, where |a| denotes the
absolute value of a.

In Section II, we assume the rate parameter λ(t) for the pro-
cess {A(t)} maintains constant value, λn/Td, in the time inter-
val (tn, tn+1] (Td = tn+1 − tn, n = 0, 1, · · ·, 23), and λn is
the total number of call arrivals in the time interval (tn, tn+1].
Therefore, to estimate the call arrival rate in a given time period,
we need to predict the number of call arrivals in the correspond-
ing time interval. Denoting the time interval (tn, tn+1] in the
(m+1)th period as (tn +mT, tn+1 +mT ], and the correspond-
ing number of call arrivals in this time interval as λn+mT , the set
of observations of the number of call arrivals in different time in-
tervals of different periods can be considered as a discrete-time
series {λt} (t = 0, 1, · · ·). Thus, we can predict the call arrivals
of primary users using the known observations of the number of
primary user call arrivals in the past. Here, we discuss one-step
prediction of the number of call arrivals in one time interval.

Assuming the current time is within the (m + 1)th period,
according to (1), λn+mT in the time interval (tn + mT, tn+1 +
mT ] (0 ≤ n ≤ 23) would correspond to:

λn+mT = λtn+mT,tn+1+mT =
∫ tn+1+mT

tn+mT

λ(t)dt. (8)

Then, the difference of the number of call arrivals, ηn+mT ,
between two consecutive time intervals corresponds to:

ηn+mT = λn+1+mT − λn+mT . (9)

From one time interval to the next one, in different periods,
the number of call arrivals has similar increasing or decreasing
inclination with trivial changes. Therefore,

ηn+jT = ηn+mT + δ (10)

where |δ| is a small integer compared with ηn+mT . ηn+jT and
ηn+mT are the difference of call arrivals from the time interval
(tn, tn+1] to (tn+1, tn+2] in the (j +1)th and (m+1)th period,
respectively (j and m are nonnegative integers, j �= m).

Rearranging (9), λn+1+mT corresponds to:

λn+1+mT = λn+mT + ηn+mT . (11)

Given λn+mT and ηn+mT , we can use (11) to predict
λn+1+mT . However, ηn+mT is not obtained until we have the
observation data of λn+1+mT . This is contradictory.

Based on (10), there is only small difference between ηn’s in
different periods. Hence, we can calculate the average value of
ηn using the data in the recently past Np periods and substitute
the average value ηn for ηn+mT in (11) to predict λn+1+mT .
Therefore, one step prediction of λn+1 in the (m + 1)th period,
λ̂n+1+mT , corresponds to:

λ̂n+1+mT = λn+mT + ηn+NpT (12)
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Fig. 3. Call arrival prediction (traffic has no changing trend).

where λn+mT is the observation of the number of call arrivals
in the time interval (tn, tn+1] of the (m + 1)th period and
ηn+NpT is the average value of the difference of call arrivals
from (tn, tn+1] to (tn+1, tn+2] in the past Np periods, which
corresponds to (m > 0):

ηn+NpT =
1

Np

m−1∑
i=m−Np

ηn+iT

=
1

Np

m−1∑
i=m−Np

(λn+1+iT − λn+iT ) .

(13)

If m = 0, secondary users do not have the historical data of
primary user call arrivals. Therefore, we define:

{
ηn+NpT = λn, if m = 0 and n = 0,

ηn+NpT = λn − λn−1, if m = 0 and n > 0.
(14)

According to (14), the call arrival prediction in the first some
periods is not accurate due to the unavailability of enough data.
Practically, secondary users can consider the first some periods
as training phase. During the training phase, secondary users are
able to gradually obtain more observation data of the number of
call arrivals in each time interval. Then, the accuracy of ηn can
be improved.

Nonetheless, even if secondary users employ the training
phase, sometimes, due to the abrupt traffic variation, the obser-
vation value λn+mT might not be on the right track. Hence, to
reduce the prediction error caused by the abrupt variation in the
previous observation λn+mT , (12) can be modified as:

λ̂n+1+mT = λn+mT + ηn+NpT + en+mT (15)

where en+mT is used to reduce the error caused by λn+mT , and
corresponds to:

en+mT =
λ̂n+mT − λn+mT

2
. (16)

Substituting (16) into (15), λ̂n+1+mT corresponds to:

λ̂n+1+mT =

[
λn+mT + λ̂n+mT

2

]
+ ηn+NpT (17)

Fig. 4. Call arrival prediction (traffic has increasing trend).

Fig. 5. Call arrival prediction (traffic has decreasing trend).

where λn+mT is the observation of the number of call arrivals
in the time interval (tn, tn+1] of the (m + 1)th period, whereas
λ̂n+mT is the predicted number of call arrivals in (tn, tn+1]
of the (m + 1)th period based on the previous observation
λn−1+mT . Here, we assume λn−1+mT does not have abrupt
variation and the prediction result λ̂n+mT is accurate. To pre-
dict λn+1+mT , we take the value averaged over the observation
λn+mT and the predicted result λ̂n+mT as the number of call
arrivals in (tn, tn+1]. Thus, abrupt variation in the observation
λn+mT would not affect the prediction result λ̂n+1+mT signifi-
cantly.

This prediction algorithm can be applied to any similar pe-
riodic time series. We simulate the field data of primary user
call arrivals and use this algorithm to implement one-step pre-
diction. Considering the first 4 periods as the training phase,
Fig. 3 shows the comparison of forecasting call arrival series
with original one which does not have changing trend across pe-
riods. Figs. 4 and 5 show the comparison results when the traf-
fic has increasing and decreasing trend across periods, respec-
tively. The root mean square error for these three comparisons
are 29.4, 32.2, and 32.0, respectively. The prediction error in
Fig. 4 or Fig. 5 is greater than that in Fig. 3 due to the traffic
trend changing.
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Here, we discuss the effect of traffic trend changing on the
prediction. In a new period, if the traffic trend changes, λn in
the time interval (tn, tn+1] would change. For example, if the
traffic has an increasing trend, then, according to (8), λn in the
new period would increase. According to (9), ηn would change
if the next observation λn+1 increases faster than the previous
observation λn. Based on (13), the change of call arrivals is re-
flected in the updated ηn, which is used to predict call arrivals
λn+1 in the next period. However, if the traffic trend changes
exceptionally across periods, the updated ηn could not track the
change of call arrivals accurately and would lead to prediction
error in the next period. Generally, traffic trend changes slowly.
Therefore, this algorithm would have good performance.

In addition, we need to consider the effect of abrupt traffic
changes on the prediction. (17) can reduce the prediction error
when the observation of call arrivals in the previous time inter-
val has abrupt variation. However, when some factors that affect
the traffic, such as weather or special events, change abruptly, a
large number of call arrival observations might be affected sub-
stantially. Two scenarios are possible: 1) Call arrivals in the cur-
rent and all the following periods are impacted. In this case, call
arrivals would change with similar trend in those impacted pe-
riods. According to (13) and (17), the algorithm can still follow
the track of traffic change. However, in the first several peri-
ods after the factors change, the call arrival prediction would
involve error because ηn is updated slowly; 2) only limited
nk call arrivals (λi, · · ·, λi+nk−1) are impacted. According to
(17), the prediction for λi, · · ·, λi+nk

would generate error, and
this would lead to minor error in the prediction for λi+nk+1.
Generally, those abrupt changes only occur occasionally, and
the generated error would not propagate. Moreover, the impact
of abrupt traffic changes on ηi−1, · · ·, ηi+nk−1 would dimin-
ish when the number of periods increases and more data are
available. Therefore, prediction errors in such cases are accept-
able. The simulation results of call arrival prediction for these
two scenarios are shown in Figs. 6 and 7. They indicate the re-
siliency of the proposed algorithm with abrupt traffic changes.

In conclusion, the proposed algorithm is applicable when the
traffic is periodic, and the number of call arrivals in each time in-
terval does not change abruptly very often. However, the traffic
may change with slow increasing or decreasing trend.

B. Call Arrival Prediction Based on SARIMA Model

SARIMA is a classical model for a discrete time series [12],
and it can be applied to predict the traffic of wireless network
[14]. The set of observations of the number of call arrivals in
different time intervals of different periods can be considered as
a discrete-time series. Therefore, we can use SARIMA model
to fit the non-stationary call arrival process {λt} (t = 0, 1, · · ·),
and predict the number of call arrivals λl+1 given the known
observations of call arrivals λi, i ∈ {1, · · ·, l}.

{λt} is a SARIMA (p, d, q)× (P,D,Q)s process with period
s if the differenced series Yt = (1−B)d(1−Bs)Dλt is a causal
ARMA process defined by:

(1 − φ1B − · · · − φpB
p)

(
1 − Φ1B

s − · · · − ΦP (Bs)P
)
Yt

=(1 + θ1B + · · · + θqB
q)

(
1 + Θ1B

s + · · · + ΘQ(Bs)Q
)
Zt

(18)

Fig. 6. Call arrival prediction with abrupt traffic change (Scenario 1).

Fig. 7. Call arrival prediction with abrupt traffic change (Scenario 2).

where p and P are the non-seasonal and seasonal autoregres-
sive orders, respectively; q and Q are the non-seasonal and sea-
sonal moving average orders, respectively, and d and D are the
numbers of the regular and seasonal differences required, re-
spectively. In addition, φ1, · · ·, φp, Φ1, · · ·,ΦP , θ1, · · ·, θq , and
Θ1, · · ·,ΘQ are coefficient parameters. B is the backward oper-
ation, i.e., Bλt = λt−1, and Zt ∼ N (0, σ2) [12].

With the simulated field data of {λt}, we calculate the auto-
correlation of {Yt} with different d and D and find that d = 1
and D = 1 make the process {Yt} stationary. With period
s = 24, the differenced observation Yt corresponds to:

Yt = (1 − B)(1 − B24)λt = λt − λt−1 − λt−24 + λt−25.

(19)

Rearranging (19),

λt = Yt + λt−1 + λt−24 − λt−25. (20)

Considering h-step prediction, and setting t = l + h:

λl+h = Yl+h + λl+h−1 + λl+h−24 − λl+h−25. (21)

Using Pl to denote the best linear predictor, according to (21),
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Fig. 8. Call arrival prediction based on SARIMA model (traffic has no
changing trend).

we have:

Plλl+h = PlYl+h + Plλl+h−1 + Plλl+h−24 − Plλl+h−25.
(22)

After calculating PlYl+h of Yl+h, we can compute the predic-
tion Plλl+h of λl+h recursively by noting that Plλl+1−j =
λl+1−j for j ≥ 1. For one-step prediction (h = 1), according to
(22), Plλl+1 corresponds to:

Plλl+1 = PlYl+1 + λl + λl−23 − λl−24. (23)

The linear prediction for ARMA process {Yt} (PlYl+h) can
be implemented by the innovations algorithm [12]. We use the
software ITSM2000 [12] to predict λl+1 when traffic has no
changing trend or traffic has increasing/decreasing trend. The re-
sults are shown in Figs. 8–10 with root mean square error 70.0,
35.5, and 27.3, respectively.

Compared with the prediction algorithm proposed in Subsec-
tion III-A, SARIMA model is more flexible and can be applied
to different traffic processes. However, its implementation com-
plexity is relatively higher. The algorithm proposed in Subsec-
tion III-A is easy to be implemented and does not lose prediction
performance.

IV. ESTIMATION OF CALL HOLDING TIME

In general, in different time intervals of one day, different
types of calls dominate. For example, probably business calls
dominate from 9:00am to 10:00am in weekdays, whereas pri-
vate calls dominate from 5:00pm to 6:00pm. The average call
holding time of different types of calls is different. Therefore,
in different time intervals (the traffic process is periodic with
period T = 24 hours, and each period is divided into 24 time
intervals evenly), the average call holding time of primary users
is different. Accordingly, we assume the call holding time of
primary users in different time intervals follows exponential (or
gamma [16]) distribution with different parameters [17]. For ex-
ample, call holding time in the time interval (9:00am, 10:00am]
follows exponential distribution with parameter μ1, whereas call

Fig. 9. Call arrival prediction based on SARIMA model (traffic has in-
creasing trend).

Fig. 10. Call arrival prediction based on SARIMA model (traffic has de-
creasing trend).

holding time in the time interval (5:00pm to 6:00pm] follows ex-
ponential distribution with parameter μ2. In one channel, if sec-
ondary users can detect the arrival and completion of primary
user calls, then they are able to estimate the average call holding
time (μ̄) of primary users in each time interval. The estimated
μ̄ can be used as the parameter of the exponential distribution
for call holding time Th in the corresponding time interval, i.e.,
Th ∼ Exponential(μ̄). The probability density function for the
call holding time distribution can be denoted as fTh

(th; μ̄).
Thus, for Case 3 discussed in Section II, substituting

fTh
(th; μ̄) for fTh

(th) in (7), the probability P3 corresponds to:

P3 =

∫ Tw+t1−t0
t1−t0

fTh
(th; μ̄)dth∫ ∞

t1−t0
fTh

(th; μ̄)dth
e
−λn

Td
T
. (24)

To show the accuracy between P3 obtained from (24) and that
obtained from (7), we conducted simulations and generate the
results of P3 according to (7) and (24), respectively. We assume:
1) The number of primary user call arrivals in different time in-
tervals varies from 150 to 700, and the mean value of call hold-
ing time in different time intervals varies from 30 to 300 sec-
onds; 2) the call arrival rate of secondary users is 180 calls/hour,
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Fig. 11. Sample results of probability P3 obtained through (7) and (24).

and the mean value of call holding time is 60 seconds; 3) the
time duration Tw for which secondary users can suspend their
calls is 2 seconds. The simulation results are shown in Fig. 11.
When the observation time increases, the difference between the
probability P3 obtained from (7) and that obtained from (24) de-
creases, because secondary users can obtain more data on the
traffic of primary users and the estimation for the parameter of
call holding time distribution is more accurate.

V. DECISION OF CHANNEL AVAILABILITY AND
THRESHOLD DETERMINATION

A. Decision of Channel Availability

Based on our discussion on call arrival prediction and param-
eter estimation for call holding time distribution in Sections III
and IV, we can summarize how to evaluate the channel avail-
ability.

We divide one period (24 hours) into 24 time intervals. The
time duration for each time interval is: Td = 1 hours =
3600 seconds. If the current time is within the time interval
(tn+1, tn+2], secondary users can predict the number of primary
user call arrivals λn+1, and estimate the average call holding
time (μ̄) of primary users in this time interval.

For Cases 1 and 2 discussed in Section II, the probability Pi

that a channel would be available to the secondary user corre-
sponds to:

Pi = e−
λ̂n+1
3600 T , i = 1, 2 (25)

where λ̂n+1 is the predicted result of λn+1, and T is the average
call holding time of the secondary user.

For Case 3, according to (24), the probability P3 corresponds
to:

P3 =

∫ Tw+t1−t0
t1−t0

fTh
(th; μ̄)dth∫ ∞

t1−t0
fTh

(th; μ̄)dth
e−

λ̂n+1
3600 T . (26)

Introducing prediction technique to cognitive radio systems
would impact the communication performance of both primary

and secondary users. To maintain a trade-off between perfor-
mance measurements including channel switching rate and call
blocking rate of secondary users, interference on primary users
and spectrum reuse efficiency, secondary users can set a thresh-
old Pth (Pth ∈ [0, 1]) to determine whether to use a channel.
If the probability Pi (i = 1, 2, 3) is not less than this threshold,
i.e.,

Pi ≥ Pth (27)

then, a secondary user can proceed to use the channel. Other-
wise, it would abandon using the channel.

In summary, when a secondary user is in idle status (no trans-
mission request), it detects primary user call arrivals in a channel
and stores the relevant traffic information. Once it has transmis-
sion request, first, based on the recorded traffic information, the
secondary user predicts the number of primary user call arrivals
in the current time interval. Then, it checks the channel occupa-
tion status. If one channel is not occupied, the secondary user
evaluates the probability that this channel would be available
within its average call holding time T , and, then, compares the
evaluated probability with the threshold to decide whether to use
the channel. If all channels are occupied (Case 3), the secondary
user would drop the call if Tw = 0; if Tw > 0, the secondary
user would estimate the parameter of the call holding time distri-
bution of primary users and evaluates the channel availability by
incorporating the prediction and estimation results. The whole
process is summarized in the flow chart of Fig. 12.

Here, we assume secondary users have the capability of col-
lecting large amount of data on primary user calls. One appli-
cation of this scenario can be a sensor network deployed in a
given area to monitor the weather condition. Each sensor node is
equipped with cognitive radio and functions as a secondary user.
These static sensor nodes are not licensed any channel for com-
munication. After deployment, these sensor nodes monitor the
weather condition and analyze the measured data. Meanwhile,
they collect the traffic data of licensed users of primary networks
operating in the corresponding area. When sensor nodes need to
report the data on the weather condition to a center, they can
use the approach proposed in this paper to find available chan-
nels and communicate with other sensor nodes or the center over
these channels. These sensor nodes are static and are equipped
with necessary hardware, software, power supply (e.g., solar
power) and other resources to support collecting the traffic data
of primary users and analyzing weather condition. They use
the detected available channels to wirelessly communicate with
other sensor nodes or the data center.

B. Threshold Determination

The probability threshold Pth in (27) is determined by the
requirements on performance measurements, whereas perfor-
mance measurements are affected by the probabilities of false
alarm and missed detection. Here, false alarm refers to the con-
dition that a secondary user judges that primary users would
appear whereas, actually, no primary user appears; missed de-
tection refers to the condition that a secondary user judges that
no primary user would appear whereas, actually, primary users
appear.

According to (27), if Pi ≥ Pth, the secondary user would start
transmission over the corresponding channel. This means that
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Fig. 12. Flowchart for the channel availability evaluation.

the secondary user assumes the probability that primary users
would appear in this channel is 0. However, actually, primary
users would appear with probability 1 − Pi. Hence, in this case
(Pi ≥ Pth), the probability of missed detection is 1− Pi − 0 =
1 − Pi, i.e.,

Pmiss = P{decides no primary user would appear |
primary users appear} = 1 − Pi.

(28)

According to (27), if Pi < Pth, a secondary user would not
use the channel. In other words, the secondary user assumes that
primary users would appear in the channel with probability 1.
However, actually, the probability that primary users would ap-
pear is only 1 − Pi. Therefore, in this case (Pi < Pth), the
probability of false alarm is 1 − (1 − Pi) = Pi, i.e.,

Pfalse = P{decides primary users would appear |
no primary user appears} = Pi.

(29)

In summary,
{

Pmiss = 1 − Pi, if Pi ≥ Pth,
Pfalse = Pi, if Pi < Pth.

(30)

When the probability of false alarm increases, 1) the call
blocking rate of secondary users increases due to the in-
creased announcements on channel unavailability; 2) the chan-
nel switching rate of secondary users and the interference on
primary users decrease, and, 3) spectrum reuse efficiency de-
creases. On the other hand, when the probability of missed de-
tection increases, the call blocking rate of secondary users de-
creases, but, the interference on primary users increases defi-
nitely.

In channel availability decisions, the occurrence rate of false
alarm or missed detection is related to the probability thresh-
old Pth. If Pth increases, the occurrence rate of false alarm
increases whereas the occurrence rate of missed detection de-
creases; if Pth decreases, on the contrary, the occurrence rate
of false alarm decreases whereas the occurrence rate of missed
detection increases. If we only aim to reduce the interference of
secondary users on the primary users, we need to minimize the
occurrence rate of missed detection, and accordingly, we need to
increase the probability threshold Pth. However, this would lead

to a higher occurrence rate of false alarm, and, as a result, it in-
creases the call blocking rate of secondary users and decreases
the spectrum reuse efficiency (due to the increased announce-
ments that channels are not available, although they might be
available). Therefore, to balance the performance in terms of
the call blocking rate of secondary users, spectrum reuse effi-
ciency and interference on primary users, we consider equating
the occurrence rate of false alarm with that of missed detection
to find the probability threshold.

Therefore, within a time interval, if, for one channel, a sec-
ondary user makes N decisions on channel availability, out of
the N decision results, the occurrence times of missed detection
should be equal to the occurrence times of false alarm.

Let Nm denote the number of cases that Pi ≥ Pth in the
N decisions (0 ≤ Nm ≤ N), and Pi,k denote the evaluated
probability of channel availability for the kth Pi ≥ Pth case,
k ∈ {1, 2, · · ·, Nm}. According to (30), if N is large enough,
the occurrence times of missed detection, Nmiss, can be approx-
imated by:

Nmiss ≈
Nm∑
k=1

(1 − Pi,k) = Nm −
Nm∑
k=1

Pi,k. (31)

Similarly, the occurrence times of false alarm in the N decisions
is:

Nfalse ≈
N−Nm∑

j=1

Pi,j (32)

where Pi,j is the evaluated probability of channel availability
for the jth Pi < Pth case, j ∈ {1, 2, · · ·, N − Nm}.

Therefore, to maintain equal occurrence times of missed de-
tection and false alarm, according to (31) and (32), we have:

Nm −
Nm∑
k=1

Pi,k =
N−Nm∑

j=1

Pi,j . (33)

Rearranging (33), Nm corresponds to:

Nm =
Nm∑
k=1

Pi,k +
N−Nm∑

j=1

Pi,j . (34)

Dividing both sides of (34) by N , we have:

Nm

N
=

1
N

⎛
⎝Nm∑

k=1

Pi,k +
N−Nm∑

j=1

Pi,j

⎞
⎠ . (35)

The left hand side of (35) is the approximate probability of
Pi ≥ Pth when N is large enough, i.e., P{Pi ≥ Pth} ≈ Nm/N ,
whereas the right hand side of (35) is the average value of the
evaluated probability results, which is denoted as Pavg and cor-
responds to:

Pavg =
1
N

⎛
⎝Nm∑

k=1

Pi,k +
N−Nm∑

j=1

Pi,j

⎞
⎠ =

∑
Pi

N
(36)
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where
∑

Pi is the summation of the evaluated probabilities of
channel availability over all N decisions.

Hence, we have:

P{Pi ≥ Pth} = Pavg. (37)

In general, to find Pth in terms of Pavg , we need to know the
PDF of Pi. Within one time interval, the predicted number of
call arrivals would be around the mean number of call arrivals
in this time interval. According to (25) and (26), the evaluated
probability of channel availability would also be around the av-
erage value Pavg. These evaluated probability results are mostly
within the range of (1−α)Pavg to (1+α)Pavg (0 ≤ α ≤ 1, α is
used to vary the range). Considering Pi is uniformly distributed
between (1 − α)Pavg and (1 + α)Pavg , according to (37), we
have:

∫ (1+α)Pavg

Pth

1
2αPavg

dpi = Pavg. (38)

Applying some mathematical manipulations, Pth corresponds
to:

Pth = Pavg(1 + α − 2αPavg). (39)

Substituting (36) into (39), we have:

Pth =
(∑

Pi

N

)(
1 + α − 2α

(∑
Pi

N

))
, 0 ≤ α ≤ 1 (40)

where
∑

Pi is introduced in (36). According to (39), when
Pavg < 0.5, the probability threshold Pth monotonically in-
creases with α; when Pavg ≥ 0.5, Pth monotonically decreases
with α. Therefore, when Pavg < 0.5 and α increases, Pth in-
creases. Channels would be considered available if the evalu-
ated probability Pi of channel availability is greater than Pth.
Hence, when Pth increases, it is more likely that channels are
declared unavailable. Accordingly, the occurrence times of false
alarm increases and the occurrence times of missed detection
decreases. As a result, the call blocking rate of secondary users
increases and the spectrum reuse efficiency decreases. On the
contrary, when Pavg ≥ 0.5 and α increases, Pth decreases.
Thus, the occurrence times of false alarm decreases and the oc-
currence times of missed detection increases. Accordingly, the
call blocking rate of secondary users decreases and the spectrum
reuse efficiency increases.

Within a time interval, for one channel, the secondary user
can set the threshold Pth according to (40) using the past eval-
uated probability results. Note that, within a time interval, the
selection of Pth is impacted by the number of primary user call
arrivals. Therefore, in different time intervals, Pth should be set
dynamically.

VI. SIMULATION

In this section, we introduce performance measures, and an-
alyze the associated simulation results to investigate the impact
of the proposed prediction technique on communication perfor-
mance.

A. Performance Measures

1) Spectrum Loss is defined as:

SL =
∑

i W (i)T
(i)
e

Tob

(41)

where Tob is the observation time, and T
(i)
e is the total idle time

of channel i within Tob (the bandwidth of channel i is W (i)).
2) Call blocking rate of secondary users is defined as:

Rb =
Nb

NT
(42)

where Nb is the number of blocked secondary user calls within
the observation time Tob, and NT is the total number of call
attempts made by secondary users within Tob.

B. Simulation for Communication Performance Investigation

We conduct simulations to generate the results of perfor-
mance measures and study the impact of the proposed prediction
technique on communication performance. Here, we assume: 1)
The observation time is 4 periods (96 hours); 2) two frequency
bands licensed to two different service providers can be used by
secondary users, and, W (1) = W (2) = W , where W (i) is the
bandwidth of frequency band i; 3) the traffic patterns of primary
users for frequency band 1 and 2 are similar, and the traffic pe-
riod T is the same (T = 24 hours); 4) each traffic period is
divided into 24 time intervals evenly, and the duration for each
time interval is 1 hour; 5) call arrivals of primary users follow
non-homogeneous Poisson process (the number of call arrivals
in different time intervals varies from 200 to 950), and the mean
value of call holding time is 3 minutes; 6) call arrivals of sec-
ondary users follow homogeneous Poisson process (the call ar-
rival rate is 180 calls/hour), and the mean value of call holding
time is 2.5 minutes; and 7) the time duration Tw for which sec-
ondary users can suspend their calls is 0.

Before initiating a call, a secondary user first checks the avail-
ability of frequency band 1. If this frequency band is not avail-
able, then, it checks the availability of frequency band 2. If nei-
ther is available, the call would be blocked. If any frequency
band is available, the secondary user would start transmission
over the frequency band. Here, for a secondary user, a frequency
band would be considered available if 1) the frequency band is
currently not occupied and 2) the probability that the frequency
band would not be occupied by primary users within T is not
less than a threshold (T is the average call holding time of the
secondary user).

First, for each of the two frequency bands, the probability
threshold in each time interval is set according to (40). We vary
the parameter α in (40) to generate the performance measure
results, which are shown in Table 1. It is observed that, in both
situations (with and without prediction), the call blocking rate of
secondary users is high. When the prediction technique is em-
ployed, with α = 0.1, the channel switching times of secondary
users is 89.47% less than that of without prediction. However,
the call blocking rate of secondary users is 2.29% higher, and
total spectrum loss is 31.38% higher. This is due to the fact that,
with prediction, secondary users do not use the frequency band
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Table 1. SIMULATION RESULT COMPARISON (SU: Secondary User).

Measures No prediction With prediction (α = 0.1) With prediction (α = 1)
Switching times of SUs 57 6 (89.47% less) 0 (100% less)

Blocking rate of SUs 97.10% 99.32% (2.29% higher) 99.89% (2.87% higher)
Total spectrum loss 0.0545·W 0.0716·W (31.38% higher) 0.0771·W (41.47% higher)

which will be occupied by primary users with higher probabil-
ity. Comparing with the results for α = 0.1, when α = 1, the
channel switching times of secondary users decreases; however,
both call blocking rate and spectrum loss increase. Obviously,
with prediction, the channel switching times of secondary users
reduces significantly with slight loss of the call blocking rate
performance.

In addition, simulations are conducted to verify the threshold
determination according to (40). Here, within one specific time
interval, we assume: (a) The number of primary user call ar-
rivals is 310 for frequency band 1, and it is 320 for frequency
band 2; (b) the mean value of call holding time of primary
users is 3 minutes. First, to generate the false alarm and missed
detection results under different probability thresholds, we set
Pth = 10−6, 2 × 10−6, · · ·, 2 × 10−5 for both frequency bands.
The results of occurrence times of false alarm and missed detec-
tion are shown in Fig. 13. Then, we run the simulation with the
threshold Pth specified by (40). The final generated thresholds
for both frequency bands are sketched in Fig. 13. It is observed
that, for each frequency band, the threshold selected based on
(40) is close to the cross point of false alarm and missed detec-
tion curves, which is also the balance point of false alarm and
missed detection.

Moreover, in another scenario, for both frequency bands, we
set the same probability threshold (varying from 10−17 to 10−1)
in all time intervals. Simulation results of performance mea-
sures including call blocking rate, switching times of secondary
users and spectrum loss are shown in Fig. 14. Similarly, the call
blocking rate of secondary users is high in both situations (with
or without prediction). With prediction, the call blocking rate
is only slightly higher. When the probability threshold Pth in-
creases, both call blocking rate of secondary users and spectrum
loss increase; however, channel switching times of secondary
users decreases. When Pth increases from 10−10 to 10−3, the
channel switching times of secondary users reduces to zero (ac-
cordingly, the interference on primary users reduces), whereas
the call blocking rate of secondary users and spectrum loss only
increase by 1.52% and 26.51%, respectively.

In summary, mostly, secondary users can not find available
frequency bands (the call blocking rate of secondary users is
high), unless the frequency band utilization rate by primary
users is very low, or frequency bands are licensed to primary
users who have deterministic traffic patterns (such as TV trans-
mitters). In addition, when the prediction technique is employed,
the interference on primary users reduces significantly with only
slight loss of the secondary user’s call blocking rate perfor-
mance.

VII. CONCLUSIONS AND DISCUSSION

In this paper, we proposed algorithms that enable secondary
users to predict the call arrivals of primary users, and we pre-

Fig. 13. Trade-off of false alarm and missed detection.

Fig. 14. Performance vs. different probability thresholds.

sented methods to evaluate the probability that a channel would
be available for a given time period. Comparing the evaluated
probability with a threshold, secondary users can determine
whether to use a channel. In addition, we discussed the probabil-
ity threshold determination. The probability threshold maintains
a trade-off between the channel switching rate and call blocking
rate of secondary users, interference on primary users and spec-
trum reuse efficiency. Simulations were conducted to verify that
employing traffic pattern prediction technique reduces the chan-
nel switching rate of secondary users and the interference on
primary users.

It should be noted that, in heterogeneous networks, due to the
difference in the services, primary users might have different
traffic patterns. Therefore, the proposed technique in this paper
can not directly be applied to support multiple traffic types in
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heterogeneous networks. However, based on the collected his-
torical traffic data of primary users and taking advantage of the
intelligence of cognitive radios (observing, learning and acting
function, etc.), secondary users can analyze the traffic charac-
teristics of primary users, and generate the corresponding traffic
pattern (this is not discussed in this paper, and we consider it as
a future study). Then, secondary users can use the proposed ap-
proach to evaluate the probability of channel being available for
a given time period and find a suitable channel for communica-
tion. However, the algorithms used to predict the traffic pattern
of primary users may need to be developed or modified based
on those proposed in this paper.
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