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With all the developments and advances in wireless communications, we are faced with

the challenge of securing scarce resources including frequency spectrum and device battery

power. The objective of efficiently utilizing the scarce radio spectrum under acceptable

delay and limited battery power has become even more challenging especially after the

proliferation of smart phones. Scarce radio spectrum is utilized by radio resource control

(RRC) which is the part of protocol stack in advanced wireless systems which handles

signalling between user terminals and wireless networks. The configuration of RRC has

significant impact on both efficient utilization of the spectrum and battery life.

The radio resource control mechanisms in wireless networks include Automatic Repeat

Request (ARQ) and Discontinuous Reception (DRX) operations. In this dissertation, we

develop performance analysis techniques for ARQ over different channel conditions and

explore analytical models for DRX mechanism in advanced wireless networks.

ARQ is designed to improve the reliability of wireless networks under fading and collision

via retransmitting erroneous packets. We first investigate the fading issues and present the

vii



system model for collision free ARQ systems to optimize the number of retransmissions.

Statistical analysis of collision free ARQ systems rely on the product distributions of fading

channels. Existing methods to evaluate the statistical properties of product distributions

either use numerical approximation or special functions in the form of infinite series. We

propose a simple and efficient analytical approximation to the probability distribution

of product of independent random variables. We extend our analysis to ARQ collision

channels with a unified approach for throughput calculation for both single antenna and

multi antenna systems.

An important part of radio resource control is device battery power saving. Discontin-

uous reception (DRX) is one of the key mechanisms used by current wireless networks.

We present an analytical model for DRX mechanism as Semi-Markov process. Using this

analytical model, tradeoff between power saving and latency of DRX mechanism is inves-

tigated. Findings are verified with analytical and simulation results over LTE advanced

networks with mobile application traffic. Since the requirements of various mobile appli-

cations are getting more diverse, our analysis and corresponding algorithm development

need to be tested under a variety of channel and network conditions. Thus, we present a

common network simulation platform that implements realistic communication links and

data traffic for advanced wireless systems.
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CHAPTER 1

INTRODUCTION

The demand for wireless communication has been growing rapidly. Wireless communication

services grew from 11 million subscribers worldwide in 1990 to more than 2 billion in

2005. Moreover, The International Telecommunication Union (ITU) said the number of

mobile broadband subscriptions exceeded one billion in 2010 [1]. To meet the demands of

these increasing number of mobile broadband users, wireless communication systems need

to support reliable high data rate transmissions. Providing high data rates and reliable

communications are challenging problems due to harsh and time varying channel conditions

that the mobile users experience. In particular, mobility and multipath propagation add

more variety into the received signal which is called fading. Fading can be overcome with

increase in transmission power. Due to restrictions on maximum transmit power and also

limited battery capacity of the mobile devices, increasing transmission power may not be

a good solution.

Also the usage of smart phones, tablets etc. that offer internet applications like social

networking, email and web browsing is increasing drastically. As such mobile devices

become commonplace, user expectations also rise in terms of higher data rates and anytime-

anywhere connectivity. These new expectations create power consumption issues for the

mobile devices.

Wireless communication systems use multiple radio resource control (RRC) mechanisms to

overcome fading and power consumption issues. In the next section, we provide an overview

of these radio resource control mechanisms.

1
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1.1 Radio Resource Control

Radio resource control which is the part of protocol stack in advanced wireless systems

that handles signalling between user terminals and wireless network. The configuration of

RRC has a significant impact on battery life and efficient utilization of the spectrum. The

radio resource control mechanisms in wireless networks include Automatic Repeat Request

(ARQ) and Discontinuous Reception (DRX) operations. In this dissertation, we develop

performance analysis techniques for ARQ over different channel conditions and explore

analytical models for DRX mechanism in advanced wireless networks.

1.1.1 Automatic Repeat Request (ARQ)

Automatic repeat request (ARQ) is a feedback based communication over different layers

of the network stack. The general concept of ARQ is to detect packets with errors at

the receiver and then to request the transmitter to repeat those packets using a feedback

mechanism. Basic ACK (successful) or NACK (unsuccessful) signalling is used for feed-

back. The basic automatic repeat request for multi-access was developed around 1970 to

provide radio communication between the central computer and various data terminals at

the campuses of the University of Hawaii and called Aloha [2]. Aloha scheme is a simple

mechanism whose throughput depends on the arrival rate and failures due to collisions.

However, in wireless communication failure due to channel conditions are also important.

In order to resolve failures due to channel conditions, ARQ schemes can be combined with

the lower layer of the stack and called Hybrid-ARQ (H-ARQ). H-ARQ is a combination

of channel coding and ARQ. In H-ARQ schemes, retransmissions are designed according

to first transmission coding rate and success. Moreover, packets are stored even if they

are unsuccessfully received and used to increase the probability of correct decoding. Two

basic H-ARQ schemes are chase combining (CC) and incremental redundancy (INR). In

chase combining, a NACK leads to retransmission of the same packet in the second round
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of H-ARQ. In incremental redundancy, a NACK leads to a packet with more information

and redundancy bits instead of the same packet. Decoders are designed to decode each

round alone in simple ARQ, or using all rounds in CC and INR.

Aloha scheme exhibits fairly poor performance due to absence of centralized controller.

Whenever a user has a packet to transmit, user does so without considering other users.

Figure 1.1 shows the performance of the Aloha scheme vs. offered load. Offered load G

lower then one causes the system being under utilized and creates unused empty slots.

Offered load G bigger then one causes excessive collisions and performance degradation.

With Aloha, optimum capacity is achieved only when one user accesses to the medium.

However, in wireless communication systems, we have limited resources and multiple users
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to access the same medium. Our motivation is to improve the capacity of ARQ for wireless

communication systems over different channel conditions. The product of independent

random variables (RVs) has an important role in studying the capacity of ARQ systems

of modern wireless communication systems. The product of independent random variables

(RVs) are used to calculate outage probability and ϵ-outage capacity or rate offset under

various fading conditions. The capacity analysis is discussed in more detail in Chapter 2.

We also investigate the capacity of Aloha, chase combining and incremental redundancy

with the information theoretic approach and improve their throughput by adding threshold

and multiple antennas. Adding a predetermined threshold leads to selective access to

the medium which will decrease the collision as well as the level of interference. Adding

multiple antennas to the base station adds more degrees of freedom and improvements on

received signal strengths. Moreover, Aloha scheme assumes that a decoding failure occurs

whenever a collision happens. In wireless systems, user’s packets may be decoded even if

there is a collision. On the other hand, the packets may be dropped due to insufficient

received signal strength even if there is no collision. Received signal strength of a user may

change due to fading, shadowing, and path loss. Instead of focusing on collisions, adding

information theoretic capacity to Aloha, CC and INR schemes and designing medium access

control according to the achieved rate will be more effective for wireless systems. These

enhancements are discussed in more detail in Chapter 3.

1.1.2 Discontinues Reception (DRX)

Long Term Evolution Advanced (LTE-A) is designed to keep up with the today’s rapidly

growing data traffic, especially with the proliferation of smart phones and mobile applica-

tions. It has become a necessity to enhance LTE system in order to achieve higher data

rates with less power consumption. LTE-A is targeted to support 1Gbps peak data rate

in downlink (DL) in addition to the existing LTE capabilities. The increased data rate is
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Figure 1.2. A typical scenario of DRX mechanism in LTE-A

achieved by adopting higher transmission bandwidth with carrier aggregation, higher order

modulation, advanced coding techniques and multiple advanced antenna schemes [3][4][5].

Support of these features and diverse data traffic in LTE-A devices have resulted in battery

hungry devices.

Discontinuous Reception (DRX) has been adopted as an effective power saving mechanism,

which largely addresses the power saving and unnecessary state transition issues [5][6]. DRX

saves UE battery power by allowing UE to monitor downlink control channel less frequently

and go to sleep whenever there is no packet activity for the UE [7] [8]. Since power saving in

DRX usually comes at the expense of increased end-to-end delay, DRX may create serious

latency issues for active traffic where latency may be of prime focus. A typical scenario

of DRX mechanism is shown in Figure 1.2. DRX mechanism in LTE is discussed in more

detail in Chapter 4.
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1.2 Existing Work

ARQ and H-ARQ is widely used in wireless systems such as WiMAX [9], HSPA [10], LTE

[7]. Several types of H-ARQ protocols have been proposed in [11]. However, majority

of the research is focused on code design while relatively little research has focused on

performance analysis of H-ARQ. Also, most throughput analysis considers a symmetric

system and studies the behaviour of the ARQ schemes as a Markov chain instead of focus-

ing on information theoretic capacity. Such an analysis of Hybrid-ARQ protocols in terms

of throughput and delay can be found in [12] and [13]. Most relevant work in [14] has

established a relationship between H-ARQ throughput and mutual information in classi-

cal Shannon capacity sense. Moreover, in [14] a closed-form throughput formula under a

delay and code rate constraint has been provided. In [15], the performance of H-ARQ in

block fading channels has been investigated using a fixed outage transmission over a single

antenna system. For multiple antenna systems, the diversity-multiplexing-delay trade-off

of H-ARQ has been studied in [16]. Since adaptive DRX mechanism in LTE is relatively a

new research area, only a few work has been published in literature. A tradeoff relationship

between power saving and packet waiting delay has been investigated for LTE DRX mech-

anism with adjustable DRX cycles in [17]. The work in [17] has also shown that LTE DRX

achieves better power saving than that of Universal Mobile Telecommunications System

(UMTS) DRX at the cost of longer packet waiting delay in the former. Authors in [6] have

pointed out the fact that power saving by DRX comes at the cost of degraded system utility.

The authors proposed an adaptive DRX inactivity timer based on the channel condition

between UE and enhanced nodeB (eNB), so that UE with bad channel quality will go to

sleep for lesser time. In this way UE with bad channel condition can increase its transmis-

sion opportunity to increase average throughput at the cost of reduced power saving. Note

that inactivity timer defines the period during which UE must monitor downlink control

channel (PDCCH) after the previous successful decoding of PDCCH message. The effect
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of DRX functionality on the traditional LTE scheduling is discussed in [18]. Authors in

[18] have proposed a DRX-aware scheduling scheme to reduce the packet loss.

1.3 Contributions

In the dissertation, we first propose an analytical approximation to the probability den-

sity function of the product of independent random variables (RVs) based on moment

matching. The product distributions arise in studying the performance of modern wireless

communications systems. Existing methods to evaluate the statistical properties of product

distributions are limited to numerical approximations based on distribution fitting tools,

Gaussian approximation, or special functions in terms of infinite series. For more general

cases that involve the Rician distribution, the distribution function exists only for the prod-

uct of two RVs as the sum of infinite series of special functions [19]. The proposed method

is sufficiently general to approximate the probability distribution of the products of Rician

RVs. The accuracy of the new approximation is evaluated in computing the rate offset of

the automatic repeat request (ARQ) transmission. Performance of new approximation is

also compared with Gaussian approximation for both Rayleigh and Rician RVs.

Second, we develop a generalized throughput formula for multi-access schemes depending

on a predetermined threshold value to exploit the multi-user diversity. We also exploit the

multi antenna support for different H-ARQ schemes and derive the throughput expression

with respect to the number of users and the number of antennas at the base station.

Third, we focus on the power saving and latency impact of Discontinuous Reception (DRX)

on LTE-Advanced. We formulate an analytical model for power saving as well as latency

for a given DRX parameter set. We then solve a multi-objective optimization problem

which balance the trade off between power saving and latency. In order to validate the

proposed enhancements, we propose a common simulation framework which can model the
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proposed radio resource control mechanisms in advanced wireless communication systems.

1.4 Organization of Dissertation

The organization of the dissertation is as follows:

In Chapter 2, we present the system model and assumptions for collision free ARQ systems.

Statistical analysis of ARQ channels rely on the product distributions of fading channels.

In Chapter 2, we propose a simple and efficient analytical approximation to the probabil-

ity distribution of product of independent random variables. We apply the approximated

probability distribution to analyze and optimize ARQ protocols. In Chapter 3, we present a

unified approach for throughput calculation in H-ARQ collision channels. We also expand

our analysis of H-ARQ schemes to multi antenna systems. An important part of radio

resource control is device battery power saving. Discontinuous Reception (DRX) is one of

the key mechanisms which is used by current wireless networks. In Chapter 4, we present

analytical model for DRX mechanism in advanced wireless systems. More specifically, we

investigate the tradeoff between power saving and latency with both analytical and sim-

ulation results for LTE advanced networks. In the context of radio resource control, this

dissertation develops analytical performance analysis techniques and explores analytical

models to improve throughput and delay. Since the requirements of various mobile appli-

cations are getting more diverse, our analysis and corresponding algorithm development

need to be tested under a variety of channel and network conditions. Thus, in Chapter 5

we present a common network simulation framework that implements realistic communi-

cation links for advanced wireless systems. This part of dissertation serves the purpose of

validating the proposed models and algorithms in the presence of realistic physical layer

and mobile applications. In Chapter 6, we provide future research directions and conclude

the dissertation.



CHAPTER 2

COLLISION FREE ARQ SYSTEMS

Automatic repeat request (ARQ) is used to improve the data rate and reliability over the

cellular networks. For the optimization of the ARQ parameters, the distribution of the

product of independent random variables is needed. Besides ARQ, the product of indepen-

dent random variables (RVs) has an important role in studying the performance metrics of

modern wireless communication systems such as outage probability and ϵ-outage capacity

or rate offset under various fading conditions. For example, in a multiple input multiple

output keyhole system, signals propagate through multiple keyholes such that the overall

channel gain can be approximated as the product of the random variables [20]. This mod-

elling was applied to independent Rayleigh channels in [21] where the distribution of the

product of Rayleigh random variables was derived in terms of Meijer-G function. Also for

ARQ systems, the rate offset can be approximated as the logarithm of the product of the

channel gains [22]. Also in [22], expression for the rate offset is given for Rayleigh channels

using the Meijer G-function. All the aforementioned works result in either infinite series

or special functions. However, the special functions such as Meijer G-function are essen-

tially contour integrals which are not easy to compute. For the infinite series expressions,

truncation is needed for numerical calculations. But the number of terms truncated which

highly depends on the distribution parameters needs to be found. In [23], a numerical

approximation to the probability density function of the product of independent Rayleigh

random variables is proposed in terms of a more tractable distribution, i.e., the Nakagami-

m distribution. In [24], the same approximation is extended to several commonly used

distributions in wireless communication. In both [23] and [24], the Nakagami-m distribu-

tion parameters are heuristically found using MATLAB distribution fitting tool. However,

9
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applying numerical approximation in [24] to the product of RVs with multiple distribution

parameters such Rician RVs may be prohibitive due to extended search space. In this

chapter, we also explore approximating the distribution of the product of the independent

random variables as a Nakagami-m distribution. However, as an alternative approach we

obtain one-to-one mapping between the fractional moments of the original random variables

and the parameters of the Nakagami-m distribution to closely approximate the product of

both Rayleigh and Rician RVs [25]. In our approximation, the Nakagami-m parameters

are found as a function of the original distribution parameters to allow the use of the

closed-form expressions. Numerical results show that the proposed approximation based

on moment matching yields sufficient accuracy for the product distributions of Rayleigh

and Rician RVs, respectively. We also compare the performance of proposed approximation

with Gaussian approximation. Our results show that Nakagami-m approximation follows

the exact values closer than Gaussian approximation for the range of N values that we are

interested in for ARQ systems.

2.1 System Model

The system consists of a single user that accesses the network. We consider a block-fading

channel where the channel remains constant but various independently from one slot to

another. At slot n, the received signal is given by:

yn = hnxn + wn (2.1)

where hn, xn, wn are the channel conditions of the user in slot n, the transmitted signal of

the user in slot n and AWGN noise in slot n, respectively.
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2.2 Analytical Approximation to Distribution of Product of Rayleigh RVs

Using Moment Matching Method

Product of n independent Rayleigh variables can be expressed as

Y =
n∏

i=1

Xi (2.2)

where Xi, i = 1, 2, . . . , n follow the normalized Rayleigh distribution of

fXi
(x) = 2xe−x2

(2.3)

The pdf of Y is derived using Meijer G-function as [21]

fY (y) = 2Gn,0
0,n

(
y2|−1

2
,··· , 1

2

)
(2.4)

where Gp,q
m,n

(
z|a1,a2,··· ,apb1,b2,··· ,bq

)
is the Meijer G-function

Gp,q
m,n

(
z|a1,a2,··· ,apb1,b2,··· ,bq

)
=

1

2πi

∫ ∏m
j=1 Γ(bj − s)

∏n
j=1 Γ(1− aj + s)∏q

j=m+1 Γ(1− bj + s)
∏p

j=n+1 Γ(aj − s)
zsds (2.5)

where Γ(.) is the complete Gamma function. It can be seen from (2.4) that a numerical

integration is needed to solve the contour integral. For larger n values, the computational

complexity of the probability distribution in (2.4) is very high. An approximation which

does not have any special functions or infinite series would be helpful for applications in

wireless communication.

Let us define random variable W as

W = Y
1
n =

(
n∏

i=1

Xi

) 1
n

(2.6)

While the moment based techniques are widely used in literature, algebraic expression

obtained to match the first two moments of the candidate distribution lacks insights. The

raw moments of X
(1/n)
i can be written as

µh = E[X
h/n
i ] =

∫ ∞

0

2x1+h/ne−x2

dx = Γ

(
1 +

h

2n

)
(2.7)
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It was found that W can be well approximated as a Nakagami-m random variable with the

pdf [26]

fW (w) ≈ 2
(m
Ω

)m 1

Γ(m)
w2m−1e−

m
Ω
w2

, w ≥ 0 (2.8)

where fading parameter m = E[W 2]2

Var[W 2]
and Ω = E[W 2]. The parameters m and Ω of

Nakagami-m RV can be expressed as

Ω = E[W 2] = (E[X
2/n
i ])n = Γ

(
1 +

1

n

)n

(2.9)

and

m =
E[W 2]2

E[W 4]− E[W 2]2
=

Γ
(
1 + 1

n

)2n
Γ
(
1 + 2

n

)n − Γ
(
1 + 1

n

)2n (2.10)

Applying Taylor series expansion to Γ (1 + x)1/x, we obtain

Γ (1 + x)1/x = e−γE +
π2

12
e−γEx+O[x]2 (2.11)

where γE = 0.577215... is the Euler’s constant. With change of variable 1
n

= x and

substituting (2.11) into (2.9), we can approximate Ω as

Ω ≈ e−γE +
e−γEπ2

12
n−1

Ω ≈ 0.4617n−1 + 0.5614 (2.12)

Similarly, fading parameter of Nakagami-m

m ≈ 6

π2
n+ (−0.5− 36η2(1)

π4
)

m ≈ 0.6079n+ 0.3885 (2.13)

where η2(1) = −2.4041 and ηs(x) is polygamma function with order s which is the s+ 1th

derivative of logarithm of Gamma function

ηs(x) =
ds+1

dxs+1
log Γ(x) (2.14)
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In [23], the Nakagami-m parameters are found as Ω
′
= 0.8808n−0.9661 + 1.12 and m

′
=

0.6102n+ 0.4263 using MATLAB distribution fitting tool. Ω′ ≈ 2Ω (due to usual normal-

ization for the radio channel). Here, we analytically show that moment matching based

approximation can be used to find the same heuristic relationships found in [23]. In the

next section, we extend this analysis to Rician channel.

2.3 Moment Based Approximation to Distribution of Product of Rician RVs

Define random variable Z as

Z =

(
n∏

i=1

Yi

) 1
n

(2.15)

which is the geometric mean of Rician random variables Yi, i = 1, 2, . . . , n with σ2 = 1 and

Rician factor K.

fY (y) = 2(1 +K)ye−(1+K)y2−KI0(2
√
K(1 +K)y) (2.16)

In [19], the distribution of the product of two non-central chi-square random variable was

obtained. With change of variables and setting the non-central parameter of chi-square

random variable to K/(K+1), we can derive the probability distribution of product of two

Rician random variables as

fY (y) = e
− (K2

(K+1)2

∞∑
m=0

K2m

(K + 1)2m−12−2m

m∑
j=0

G2,0
0,2

(
−y2

4
|−−m+2j

2
,m−2j

2

)
y

2(j!(m− j)!)2
(2.17)

The probability distribution of the product of more than two Rician random variables are

not available in the literature best to our knowledge. Even for numerical calculation of the

distribution for product of two Rician random variables in (2.17), infinite sum needs to be

computed which requires high computational complexity.

Thus, we explore the potential of moment matching to approximate the product distribution
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of independent random variables. The raw moments of Y
(1/n)
i can be written as

µh = E[Y
h/n
i ] =

∫ ∞

0

xh/nfYi
(x)dx

= (
1

1 +K
)h/2nΓ

(
1 +

h

2n

)
Lh/2n[−K] (2.18)

where La[x] is the Laguerre’s L function defined in terms of hypergeometric function by

La[x] = 1F1(−a; 1;x) (2.19)

We match the parameter Ω of Nakagami-m RV as

Ω = (E[Y
2/n
i ])n =

1

1 +K
Γ

(
1 +

1

n

)n

L1/n[−K]n (2.20)

Using the first two terms of the Taylor series expansion of the (2.20), we express Ω in the

form of a1n
−1 + a0 where

a0 =
e−γE+L1,0[0,−K]

1 +K

With the help of (2.21)

L1,0[0,−K] = γE + log(K) + Γ[0, K] (2.21)

and (2.22)

eΓ[0,K] ≈ 1 +
e−Ke−γE

K
(2.22)

a0 and a1 of Ω become

a0 ≈
K2 + (1 +K)e−Ke−ΓE

K2 +K
(2.23)

and

a1 ≈
K − (1 +K)e−(K+ΓE)

K2 +K
(2.24)

Finally, we express Ω as

Ω =
K2 + (1 +K)e−(K+ΓE)

K2 +K
+
K − (1 +K)e−(K+ΓE)

K2 +K
n−1 (2.25)
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Figure 2.1. Comparison of the approximation and exact Ω values for different diversity
order n when Rician factor K = 10. Exact (2.20), Approximated (2.25)

Figure 2.1 shows Ω versus n and compares the exact expression in (2.20) with the approx-

imation in (2.25) for K = 10. The approximated result indicates that Ω converges to its

asymptotic value inversely proportional to both K and n.

Similarly, we can approximate the fading parameter m of Nakagami-m distribution as a

function of the original Rician parameter K and the number of fading blocks n.

m =
E[Z2]2

E[Z4]− E[Z2]2
(2.26)

where m becomes

m =
Γ
(
1 + 1

n

)2n
L1/n[−K]2n

Γ
(
1 + 2

n

)n
L2/n[−K]n − Γ

(
1 + 1

n

)2n
L1/n[−K]2n

(2.27)

Again, adopting the Taylor series expansion, we can approximately express (2.27) as

m ≈ K

2
n+

3K + 2

4K + 2
. (2.28)

The approximated expression above indicates that we can reduce the number transmissions

n approximately with the factor of K. Figure 2.2 shows m versus n and compares its
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Figure 2.2. Comparison of the approximation and exact m values for varying number of
transmissions n when Rician factor K = 10. Exact (2.26), Approximated (2.28)

approximation to the exact values at K = 10. It can be seen that our approximation of

m fits well with the actual values. In the next section, we will use our approximation in

calculating the rate offset experienced in ARQ transmissions.

2.4 Rate Offset

Rate offset is defined as the difference between the capacity of AWGN channel and the

ϵ-outage capacity. It can be expressed as [22]

Cϵ(SNR) = log2(SNR) + F−1
ϵ

(
1

N

N∑
n=1

log2(|hn|2)

)
+ o(1) (2.29)

where n is the number of blocks and ϵ is the outage constraint. log2(SNR) is the AWGN

capacity and F−1
ϵ is the solution y to the equation P [X ≤ y] = ϵ. F−1

ϵ gives the highest x

value that satisfy the ϵ outage probability. Thus, rate offset N∞ is given by

N∞ = −F−1
ϵ

(
1

N

N∑
n=1

log2(|hn|2)

)
(2.30)
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Figure 2.3. Comparison of approximation and exact rate offsets for different diversity
order n when Rician factor K = 10 and outage ϵ = 0.01. Rate offset converges to
− log2(

K
K+1

eΓ(0,K)) = 0.1375.

We investigate the limiting values of Ω as the diversity order n goes to infinity. As the

diversity order increases, the approximated Nakagami-m distribution converges to non-

fading AWGN channel with the SNR gain of

lim
m→∞

Ω = Ω0 (2.31)

where Ω0 = e−γE for the product of Rayleigh RVs and Ω0 =
K

K+1
eΓ(0,K) for the product of

Rician RVs. Thus, the rate offset converges to − log2(Ω0) in both cases. In Figure 2.3, we

plot for the rate offset vs. the number of transmission blocks n for Rician RVs. As n goes

to infinity, the rate offset converges to − log2(
K

K+1
eΓ(0,K)) = 0.1375 for K = 10. However,

the rate offset follows the same trend with diversity order n. For high K values even for

one or two rounds of ARQ transmission will be good enough to guarantee the ϵ-outage

constraint. In Figure 2.4, we limit the number of the transmissions n = 8 and investigate

the impact of K on the rate offset. As the K factor increases the rate offset decreases.

In Figure 2.5, we adjust the ϵ outage value and investigate the rate offset. Lower outage

requires higher rate offset to overcome the effect of the channel fading.
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K when diversity order n = 8 and outage ϵ = 0.01
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2.5 Performance Comparisons

In this section, we compare the performance of Gaussian approximation and proposed

Nakagami-m approximation. Define

Yn = log2(|hn|2) (2.32)

where hn is the channel coefficients. Motivated by Central Limit Theorem (CLT), 1
N

∑N
n=1 Yn

can be approximated by a Gaussian random variable with mean µ and variance σ2

N
. For

Rayleigh channel hn, µ is expressed as

µ =

∫ ∞

0

log2(y
2)2ye−y2dy

= log2(e
−γE) = −0.8327 (2.33)

and σ2 is expressed as

σ2 = E[Y 2
n ]− µ2 =

∫ ∞

0

log2(y
2)22ye−y2dy − µ2

=
π2

6 log(2)2
= 3.42371 (2.34)

In Figures 2.6, 2.7, and 2.8 CDF comparisons of exact, Gaussian and Nakagami-m ap-

proximations are shown for Rayleigh channel. As expected by the CLT, as N increases

the Gaussian approximation becomes more accurate. Nakagami-m approximation is closer

to the exact values compared to Gaussian approximation in the range of N and outage

probabilities that we are interested in.

We compare the different approximation’s performance on calculating rate offset for ϵ out-

age over Rayleigh channel in Figures 2.9 and 2.10. Match between Gaussian approximation

and exact values is less accurate for very small ϵ values because the tail distribution of Gaus-

sian and exact values do not precisely match. However, Nakagami-m approximation follows

the exact values very closely for rate offset even for low ϵ values.
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Figure 2.6. CDF comparisons of exact, Gaussian and Nakagami-m approximations of Y
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Figure 2.7. CDF comparisons of exact, Gaussian and Nakagami-m approximations of Y
for N = 8 over Rayleigh channel
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Figure 2.9. Rate offset comparisons of exact, Gaussian and Nakagami-m approximations
of Y for different N values with ϵ = 0.01 outage over Rayleigh channel
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Figure 2.10. Rate offset comparisons of exact, Gaussian and Nakagami-m approximations
of Y for different N values with ϵ = 0.001 outage over Rayleigh channel

For Rician channel hn,
1
N

∑N
n=1 Yn can be approximated by a Gaussian random variable

with mean µ and variance σ2

N
. For Rician channel, µ is expressed as

µ =

∫ ∞

0

2 log2(y
2)ye−(K+1)y2−KI0(2

√
K(1 +K)y)dy

= log2(
K

K + 1
) +

Γ(0, K)

log 2
(2.35)

and σ2 is expressed as

σ2 = E[Y 2
n ]− µ2 (2.36)

where K is the Rician factor. The second order moment of Yn can be calculated as

E[Y 2
n ] =

∫ ∞

0

2 log2(y
2)2ye−(K+1)y2−KI0(2

√
K(1 +K)y)dy (2.37)

In (2.37), I0(.) denotes the modified Bessel function of the first kind of order 0, i.e

I0(2
√
K(1 +K)y) ,

∞∑
m=0

(K(K + 1)y2)m

Γ(m+ 1)2
(2.38)
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Figure 2.11. CDF comparisons of exact, Gaussian and Nakagami-m approximations of Y
for N = 2 over Rician channel with K = 10

Substituting (2.38) into (2.37)

E[Y 2
n ] =

∞∑
m=0

2(K + 1)e−K Km

log(2)2Γ(m+ 1)

(
(γE −Hm + log(K + 1))2 + ψ1(m+ 1)

)
where Hm =

∑m
k=1

1
k
is the mth harmonic number and ψ1(z) = d2 log(Γ(z))

dz
is the trigamma

function.

In Figures 2.11, 2.12 and 2.13 CDF comparisons of exact, Gaussian and Nakagami-m

approximations are shown for Rician channel. For Rician channel, Nakagami-m approxi-

mation is closer to exact values compared to Gaussian approximation.

We compare the different approximation’s performance on calculating rate offset for ϵ

outage over Rician channel in Figures 2.14 and 2.15. Also for Rician channel, Nakagami-m

approximation follows the exact values very closely for rate offset even for low ϵ values.
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for N = 8 over Rician channel with K = 10
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2.6 Conclusion

In this chapter, we have proposed to approximate the distribution of products of inde-

pendent random variables by the widely applicable Nakagami-m distribution by means

of moment matching method. Existing methods to evaluate the statistical properties of

product distributions are limited to numerical approximations based on distribution fitting

tools, Gaussian approximation, or special functions in terms of infinite series. The ob-

tained results show that the moment matching method can be useful even approximating

the product distribution of Rician random variables as Nakagami-m distribution. Moment

matching also allows us to obtain the insightful results with analytical means. For example,

the parameters m and Ω of Nakagami-m random variable are analytically approximated

and compared to the results obtained from distribution fitting tools. The analytically

tractable Nakagami-m distribution can significantly simplify the performance analysis of

ARQ and Hybrid-ARQ transmission systems. We demonstrate the useful of the proposed

approximation in rate offset calculations for ARQ systems and also compare the perfor-

mance of proposed approximation with Gaussian approximation. The limiting behavior of

rate offset is also found easily using the new approximation. This work can be extended

with the inclusion of power control as in [27] and [28]. In the next chapter, we will focus

on the throughput of multi access multi antenna H-ARQ systems.



CHAPTER 3

THRESHOLD BASED HYBRID ARQ SCHEMES FOR MULTI-ACCESS

SYSTEMS

In this chapter, interference issues of multi access systems are investigated. Mechanisms

to avoid the interference are proposed to efficiently utilize over the air resources in multi

access H-ARQ systems.

3.1 System Model

Random multi-access system consists of a base station with multiple receive antennas and

multiple K subscriber stations (SSs) as shown in Figure 3.1. We assume that users have

continuous downlink transmission, which subscriber stations can use to estimate the channel

conditions. On the uplink side, subscriber stations are provided with a common time

reference to align their uplink transmissions. Time axis is divided into slots of duration

T . Subscriber stations transmit signals aligned with the slots. With these assumptions, a

discrete channel model is denoted for the received signal. The received signal yn, at the

base station at slot n, can be expressed as:

yn =
∑

kϵU(n)

hk,nxk,n + wn (3.1)

where hk,n, xk,n, wn are the channel conditions of user k in slot n, the transmitted signal

of user k in slot n and additive white Gaussian noise (AWGN) in slot n, respectively. The

active user set in slot n is denoted with U(n). Each user selects the slots for transmission

randomly with a probability of transmission independent of the other users. The optimal

distribution of transmission signal xk,n for interference channel systems in (3.1) is not

27
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Figure 3.1. System model with K = u+1 users, uplink collision channel (Ant = Antenna,
SS = Subscriber Station).

known. For the sake of mathematical tractability of our information theoretic results,

we rely on using random Gaussian codebooks for all users. The information theoretic

justification of this assumption is provided in [14]. Using Gaussian random codebooks, the

probability of decoding failure at slot n, which depends on the distribution of SINR µ and

the rate R can be expressed as in [14]

p(n) =


Pr (log2(1 + µ) ≤ R)n ALOHA
Pr (log2(1 +

∑n
i=1 µi) ≤ R) CC

Pr (
∑n

i=1 log2(1 + µi) ≤ R) INR
(3.2)

We consider the setting where the base station has perfect channel state information while

the transmitter has its own channel information. Each subscriber compares this knowledge

with a predetermined threshold to access the medium. This setting can be referred to

as open-loop and decentralized system. In order to come up with throughput of H-ARQ

schemes we use reward-renewal theorem in [14]. For a user, stopping a transmission is



29

recognized as a recurrent event with two different rewards X. If the transmission succeeds,

we will have reward X = R b/s/Hz and if the transmission fails we have X = 0. The

consecutive recurrent reward events happen every T seconds. If we apply reward-renewal

theorem to throughput of a user R1(t), the average throughput becomes:

lim
t→∞

1

t
R1(t) =

E[X]

E[T ]
(3.3)

where the numerator is the mean of the rewards and the denominator is the mean of time

between two recurrent events. Thus, the desired throughput expression is

η = K
E[X]

E[T ]
(3.4)

where K is the number of users in the system. We consider an optimized system with

respect to R and for a given load G, we operate at R values which satisfy sup
R
η. With these

assumptions, the throughput equation becomes

η =
RG

E[T ]
=

RG∑∞
n=0 p(n)

(3.5)

where p(n) is defined in (3.2). We assume a quasi-static Rayleigh fading channel with

probability and cumulative density functions with mean SNR γ̄ as:

fγk,n(x) =
1

γ̄
e−x/γ̄

Fγk,n(x) = 1− e−x/γ̄ (3.6)

We can define the received SINR µ with u interfering Rayleigh distributed users as:

µ =
γ

1 + γuMAI

(3.7)

We focus on information theoretic capacity and for Aloha transmission, instantaneous ca-

pacity for a given SINR value µ can be expressed as

R = log2(1 + µ) (3.8)
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If only the transmitter knows the channel, we can define the outage as

Cout = R Pr(log2(1 + µ) < R) (3.9)

For one-user access Aloha, outage happens if we have collision where more then one user

transmits in a time slot. With outage, the throughput of Aloha for infinite number of users

under fading channel becomes

ηAloha(R) = RGe−(2R−1)/γ̄ (3.10)

Without outage, if we assume we have infinite delay tolerance, the throughput of Aloha for

infinite number of users under fading channel becomes

ηAloha(R) = RGe−(2R−1)/γ̄−(1−2−R)G (3.11)

In Figure 3.2, we investigate the affect of the access to the network. We compare the

performance of multi-access and one user access. In the case of one user access, the outage

happens when there is a collision even if the received SINR is good enough to decode

the packet correctly. In multi-user access, outage happens when the information theoretic

capacity is not satisfied with the SINR. For low target rates R, letting one user to access

channel results in performance loss compared to multi-user access. However, for large

target rates both schemes behave the same. For high target rates, the information theoretic

capacity can be satisfied by the SINR, so most of the time when there is a collision the

packets are discarded. These results give us the motivation to design a rate dependent

threshold based scheme which we will be explained in the next section.

We compute the throughput of the multi-access schemes with some general assumptions

such as:

1. Full buffer traffic for all users: An infinite number of information messages are avail-

able for each user.
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Figure 3.2. Throughput vs. Rate (R) for infinite user system with offered load G = 1.

2. The ACK/NACK feedback channel is delay-free and error-free.

3. All users have the same average signal-to-noise ratio (SNR) γ̄. Pathloss and shadow-

ing are fully compensated by power control.

4. On each slot n, each user selects slot n for transmission with a probability of pt = G/K

where G and K are offered load and number of users, respectively.

5. Base station sends a predetermined threshold γT to all of the users.

6. After selecting slot n, user k compares its instantaneous SNR γk with the threshold

γT . In particular, if γk equals or exceeds γT , that user can transmit during slot n.

7. Channel is constant at each slot. The transmission continues till the aggregated

received signal can be decoded without any error.
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3.2 Unified Approach

We are proposing a unified approach where the throughput of different H-ARQ schemes

can be found, given the characteristic function of the SINR. In Section 3.1, we explain the

throughput expression using reward-renewal theorem. In throughput expression (3.3), the

denominator is hard to find due to infinite sum of probability of failures p(n) at each slot.

Using the characteristic function, we can specify the infinite sum of probability of failures

as
∞∑
n=0

p(n) =
∞∑
n=0

∫ 2R−1

0

∫ ∞

−∞
(Φµ(jv))

n ejvxdvdx (3.12)

Given that characteristic function is always smaller than zero, we can move the summation

inside the integral and come up with a simple calculation for the denominator of the

throughput.

∞∑
n=0

p(n) =

∫ 2R−1

0

∫ ∞

−∞

∞∑
n=0

(Φµ(jv))
n ejvxdvdx =

∫ 2R−1

0

∫ ∞

−∞

ejvx

1− ΦZ(jv)
dvdx (3.13)

As an example to justify the use of unified approach, we want to calculate the throughput

of Chase combining where the packets are combined at each transmission until aggregated

SNR yields a rate of R. We start with the CDF of instantaneous SINR µ which is given

in [14] as

fµ(x) =
Nu−1∑
u=0

Pr[K = u]
(1 + γ̄u+ x)e−x/γ̄

γ̄(1 + x)u+1
(3.14)

After some derivation using the CDF equation, the expression for p(n) which is defined in

(3.2) can be simplified as

p(n) =
β(n, 2R − 1)

Γ(n)
(3.15)

where β(n, x) is an incomplete gamma function. We need to take an integral of incomplete

gamma function to find the throughput. It is hard to find the throughput using this

approach. If we use the proposed unified approach, we can find average time for recurrent
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event E[T ] as

∞∑
n=1

p(n) =
∞∑
n=1

γ(n, 2R − 1/γ̄)

Γ(n)
=

∫ 2R−1/γ̄

0

∞∑
n=1

tn−1

Γ(n)︸ ︷︷ ︸
et

e−tdt =
2R − 1

γ̄
(3.16)

With the insertion of (3.16) into the throughput equation, throughput of Chase combining

for an infinite number of users under fading channel becomes

ηCC(R) =
E[X]

E[T ]
=

RG

1 + (2R − 1)/γ̄
(3.17)

3.3 Opportunistic Aloha

In a wireless communication system, a user may have periods of stronger as well as weaker

channel conditions than its average channel condition due to time variation of its channel.

When many users are present, different users may experience their best channel conditions

at different periods of time. By letting users transmit when they have their best chan-

nel conditions, we can exploit multi-user diversity. As shown in [29], the sum capacity is

maximized by multi-user diversity by allowing only the user with the best channel condi-

tions. However, a centralized scheduler is needed to exploit the multi-user diversity, which

is not feasible for random multi-access systems. Random multi-access systems are mostly

modelled on Aloha [30]. Exploiting multi-user diversity on Aloha systems has been stud-

ied by many researchers. A channel aware Aloha is proposed for the fast fading channel

in [31] to exploit multi-user diversity. In [32] and [33], the authors exploit the decentralized

channel state information and find the asymptotic stable throughput of random multi-

access channels. In [34], the authors investigate the opportunistic Aloha for Orthogonal

Frequency-Division Multiple Access (OFDMA) wireless networks. In [35], multi-user di-

versity is investigated for reservation random access where channel state information is not

available to users when they contend for channel access.
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We consider exploiting multi-user diversity gains in a distributed way over random multi-

access channels with a simple Aloha protocol. We call this new scheme opportunistic Aloha,

where the users wait to transmit until their channel conditions are above a predetermined

threshold value. We also analyze the performance of the new scheme in terms of throughput.

By applying information theoretic capacity and renewal-reward theorem [14], we obtain an

expression for throughput based on a predetermined threshold. Moreover, we find the

optimum threshold which asymptotically maximizes the throughput. In our scheme, the

feedback mechanism is removed by a broadcasted threshold which will be used by users

to decide to transmit or not. In [36], the amount of feedback is analyzed to exploit the

multi-user diversity. The authors in [36] optimize the throughput by limiting the amount of

feedback in the network. In [37], multi-user diversity is exploited by setting multiple levels

of thresholds for feedback transmission in order to reduce the feedback load to a minimum

level without sacrificing the throughput.

We use the system model specified in Section 3.1. The building block of the subscriber

station can be seen in Figure 3.3. A threshold value is broadcasted by the base station to

all of the users. The active user set depends on the transmission threshold broadcasted by

the base station. The receiver at the base station can estimate the presence of the users

who transmit in each slot. In our current analysis, we assume that the threshold is the same

for all of the users and denoted as γT . At the beginning of each slot, the subscriber station

calculates the DL SNR from the pilots or preambles to compare with the predetermined

threshold. We assume a TDD system where we can use DL SNR information for our UL

transmissions.

For Rayleigh fading channel, the probability and cumulative distribution functions of SNR

γ with mean γ̄ is given in Section 3.6. We define a new SNR distribution γ̂ where if γ equals

or exceeds threshold γT , γ equals to the effective SNR γ̂. The probability distribution of γ̂
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for user k and slot n can be expressed as:

fγ̂k,n(γ̂) = Fγk,n(γT )δ[γ̂] + fγk,n(γ̂)U [γ̂ − γT ] (3.18)

where δ[γ̂] and U [γ̂] are unit impulse and unit step functions, respectively. We assume all

the users have the same threshold γT and the same SNR distribution. Instantaneous multi-

access interference (MAI) of u users which have the same SNR distribution with threshold

γT , can be expressed as:

γ̂uMAI =
u∑

k=1

γ̂k (3.19)

After some manipulations and substitution of p where p = Fγk,n(γT ), the probability density

function of u interfering mobile station(s) was found as

fγ̂u
MAI

(γ̂) = Fγk,n(γT )
uδ(γ̂) +

u−1∑
k=0

(
u
k

)
pk(γ̂ − γT (u− k))u−k−1

γ̄u−k(u− k − 1)!
e−γ̂/γ̄U [γ̂ − (u− k)γT ]

(3.20)



36

Our main focus is to find the distribution of instantaneous received SINR µ due to u on-off

interferers based on threshold γT . The instantaneous SINR µ can be expressed as

µ =
γ̂

1 + γ̂uMAI

(3.21)

The derivation details of the cumulative distribution function (CDF) of µ can be found in

Appendix A.2. The throughput of the Aloha η is given by [14]

η = RG(1− pF ) (3.22)

where R, G and pF are the rate (bits/s/Hertz), offered load and the probability of decoding

failure at a slot, respectively. The probability of decoding failure at a slot is expressed as:

pF = Pr(log2(1 + µ) < R) (3.23)

where µ is the instantaneous SINR of the reference user. After some manipulation, the

probability of decoding failure can be expressed as

pF =
u∑

k=0

(
u
k

)
pkt (1− pt)u−kF k

µ (2
R − 1) (3.24)

where there are u interfering stations with probability of transmission pt. The derivation

of cumulative distribution function of µ with γT can be found in Appendix A.2. In order

to find the optimum threshold that maximizes throughput in (3.22), the probability of

decoding failure pF in (3.24) needs to be minimized. The minimization problem can be

formulated as

∂pF
∂γT

= 0 (3.25)

For 2-user case, we find the optimum threshold which satisfies the condition in (3.25) as

γT = 2R − 1. With threshold γT = 2R − 1, the throughput becomes a function of rate R

and offered load G. Maximum throughput is achieved by some finite rate R. Figures 3.5

and 3.6 show the rate values that maximize the throughput. However for more than 2-user
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case, the cumulative distribution function in (3.24) becomes so complex that we cannot

find a closed form solution to (3.25). We tackle this problem by focusing on the limiting

behaviour of the threshold when the offered load G goes to infinity. Asymptotically, the

maximum throughput is achieved when only one user transmits in the system [38]. For users

with independent, identically distributed (i.i.d) Rayleigh fading channels, the probability

of having U active users in a system with offered load G is:

Pr(G = U) =

(
G
U

)
(1− Fγ̂(γT ))

U(Fγ̂(γT ))
G−U (3.26)

where the average number of users becomes

U =
G∑
l=0

lP r(G = l) (3.27)

with an i.i.d channel U = G(1 − Fγ̂(γT )). Asymptotically, we expect on average one user

at each slot, thus the optimum threshold must satisfy

G(1− Fγ̂(γTopt)) = 1 (3.28)

yielding

γTopt = γ log(G) (3.29)

where γ and G are mean SNR and offered load, respectively. In Figure 3.8, we show that

asymptotic threshold γ log(G) and the threshold value 2R − 1 have similar throughput

performance for large G values which verifies our threshold selection. Moreover, we did

an exclusive search for the optimum threshold and in Figure 3.4, we plot the optimum

threshold which maximizes the throughput in (3.22) for different load G values. In the

same figure, we plot the asymptotic optimum threshold value (γ log(G)) as well. For large

G values, the optimum threshold merges with the asymptotic optimum threshold. For

opportunistic Aloha with large R, the average number of transmission grows faster than
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R, thus we expect that throughput will go to 0. For opportunistic Aloha with large R, the

probability of decoding failure in (3.24) becomes

lim
R→∞

pF =
u∑

k=0

(
u
k

)
pkt (1− pt)u−k = 1 (3.30)

where limR→∞ F k
µ (2

R − 1) = 1. Then the throughput in (3.22) becomes

lim
R→∞

η = RG(1− pF ) = 0 (3.31)

Figure 3.5 and Figure 3.6 show that throughput η goes to 0 for larger R values. For large

SNR values, pF will be always smaller than the probability of failure when there is only

one interfering user in the system as expressed in (3.32)

lim
γ→∞

pF < F 1(2R − 1)(1− pt) = (1− e−(2R−1)/γ)(1− pt) (3.32)

With (3.32), throughput in (3.22) becomes

lim
γ→∞

η ≥ G log(1 + γ)(1− pt) =∞ (3.33)
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With the increasing SNR, the throughput of the system also increases without a bound.

We compare analytical throughput results with and without a threshold for 2 users and

50 users systems with the same offered load G = 1 over Rayleigh fading channel. For

the opportunistic Aloha, the transmission threshold for all of the users is set to 2R − 1.

Moreover, the effect of increasing load G on throughput is investigated for both 2 and 50

user systems. In Figure 3.5, the average throughput of the 2 user system is compared with

the system with and without a threshold. We see performance improvements with proposed

threshold based scheme. The reason for the performance improvement is that the users

access the random access channel selectively. When their SNR estimates are lower than the

threshold, users delay the packet transmissions. By delaying the packet, they also decrease

the interference to other random access users. Adding threshold to the system creates

multi user diversity gains in the system. However, setting a high threshold will result in

a throughput degradation due to under utilization of the channel and unnecessary delays.

The results for 50 users with the same load G = 1 is shown in Figure 3.6. The results show

that increasing number of users from 2 to 50 with the same load will decrease maximum

throughput for both of the schemes due to high collision. However, the threshold based

opportunistic Aloha scheme has still better performance than that of Aloha. In Figure 3.7,

the maximum achievable throughput with respect to different load G is shown for 2-user

case. It can be seen that setting an appropriate threshold to the system will increase the

throughput for highly loaded system. In highly loaded systems, the collision probability

will increase leading to lower overall throughput. The performance gap will increase with

increasing load G. In Figure 3.8, we investigate the affect of load G in 50 users system.

The opportunistic Aloha schemes performance increases with an increase on load. However,

regular Aloha’s performance will degrade due to high number of collisions. The proposed

opportunistic Aloha scheme offers better throughput compared to the conventional Aloha

system, at the expense of delay. Using threshold-based random access will decrease the
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collision probability and increase the throughput of the random access channel. Moreover,

we found the asymptotic optimum threshold values which maximize the overall throughput

of the multi-access system. We extend this work to multi antenna systems in the next

section.

3.4 Multiple Antenna Systems

In this section , we consider Hybrid ARQ protocols with multi antennas. We focus on simple

Aloha, chase combining (CC) and incremental redundancy (INR) Hybrid-ARQ schemes.

Throughput of these Hybrid-ARQ schemes are analyzed for quasi static single input single

output (SISO) scheme in [14]. The multi antenna channel is constant during each slot but

changes independently from slot to slot. This scenario applies where the time between

consecutive active slots is larger than the channel coherence time or for frequency selective

fading where each user at each active slot picks different frequency according to a pseudo

random hopping scheme. In [39], performance of Hybrid ARQ in block fading multi antenna

channels is investigated.

We specify a multiple antenna discrete channel model by index s for the received signal.

We express the received signal ys at the base station in vector form during slot s with k

active users as:

ys = Hsxs + ns (3.34)

where we define the transmit signal

xs = [x1,s,x2,s, · · · ,xk,s]
T (3.35)

x1,s = [x1,1, x1,2, · · · , x1,L]T

and the channel matrix

Hs = [h1,s,h2,s, · · · ,hk,s]
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where each users channel vector consists of LM element

h1,s = [h1,1, h2,1, · · · , hL,1, · · · , h1,M , h2,M , · · · , hL,M ]T (3.36)

where ns,M , L are AWGN noise vector at slot s, number of receive antennas, and number of

bits in each slot, respectively. We assume that the fading of different users are independent

of each other with 1
LM

E[HH
s Hs] = I. Each user selects the slots for transmission randomly

with a probability of transmission independently of the other users. The receiver at the

base station can estimate the channels with high accuracy due to slowly varying nature of

the channel. We use receive beamforming on the received signal ys and the estimate for

the kth user d̂k,s becomes

d̂k,s = wH
k,sys (3.37)

where weight vectorwk,s for each user equals to complex conjugate of its normalized channel

response hk,s/∥hk,s∥ [40]. A similar mechanism to concatenate beamforming and space time

coding is presented in [41]. In the next section, we provide throughput analysis of Hybrid-

ARQ schemes.

3.5 Throughput of Multiple Antenna Hybrid-ARQ Systems

We start our analysis for Rayleigh fading channel. The instantaneous SINR µ with M

receive antennas can be expressed as follows

µ =
XM

1 + Y
(3.38)

where Y is multi-access interference (MAI) andXM is the sum of 2M independent Gaussian

random variables and distributed as chi-square with 2M degrees of freedom. With simple

beamforming, the projection of interference signals over a normalized unit vector has the

same distribution as the original signal so beamforming does not change the distribution of
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the MAI compared to single antenna MAI. Instantaneous multi-access interference (MAI)

of u users with same SNR distribution can be expressed as:

Y =
u∑

k=1

γk (3.39)

The derivation details of the cumulative distribution function (CDF) of µ can be found

in Appendix A.1. For the case of M = 2 antennas, the CDF of the instantaneous SINR

conditioned on u interfering user can be expressed as:

Fµ,2(x) = 1− e−x/γ

(1 + x)u

(
1 +

x

γ
+

xu

1 + x

)
(3.40)

The probability of decoding failure at slot n which depends on the SINR distribution and

the rate R expressed in Section 3.1 for different H-ARQ schemes. For Aloha, we have a

closed form throughput equation using reward-renewal theorem in [14].

ηALOHA =
RG

E[T ]
=

RG

1 +
∑∞

m=1 p(1)
m

= RG(1− p(1)) (3.41)

where p(1) = Pr(log2(1+µ) ≤ R), R andG are first slot decoding failure, rate (bits/s/Hertz)

and offered load, respectively. For CC and INR, we can use characteristic function for the

first m slots and models the remaining slots as Gaussian distributed random variables.

The average throughput is calculated for Aloha, CC and INR over Rayleigh fading channel.

The effect of increasing load G on throughput is also investigated for 50 users systems.

The throughput for multiple antenna configurations M = 1, 2, 3, 4 are calculated to see the

impact of antenna number on the throughput. In Figure 3.9, for M = 2 antenna case, the

throughput of the 50 users system is plotted with respect to load G for Aloha, CC and INR

respectively. For large G, large number of users transmit in every slot. The throughput of

Aloha, CC and INR merges to some specific values for largeG due to high interference levels.

In Figure 3.10, M number of antenna vs. throughput is plotted for highly load G = 10

systems. Increasing the number of antennas will increase the throughput of all Hybrid
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Figure 3.9. Load G vs. throughput η for M = 2 antennas, SNR = 10dB

ARQ systems on highly loaded systems. For highly loaded systems, throughput improves

linearly with the number of antennas. Similar results are found using an experimental

testbed in [42].
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3.6 Conclusion

Combining channel coding and retransmission protocols are simple and effective solutions

for reliable random multi-access communication. On top of that adding MIMO support to

random access schemes improves the reliability of the system by adding more degrees of

freedom. In this chapter, we have shown the affect of simple receive beamforming on Aloha,

Chase combining and INR Hybrid-ARQ schemes and came up with analytical throughput

expressions using reward renewal theorem. In the next chapter, we will focus on the power

saving mechanism in the radio resource control.



CHAPTER 4

OPTIMIZATION OF DRX FOR POWER SAVING AND LATENCY

In this chapter, we focus on the power consumption issues of 3GPP Long Term Evolution

Advanced (LTE-A) and present analytical models to LTE-A power saving mechanism called

Discontinuous reception (DRX). DRX saves battery power of user equipment (UE) usually

at the expense of potential increase in latency in the Long Term Evolution (LTE) networks.

Therefore, an optimization is needed to find the best tradeoff between latency and power

saving. We first develop an analytical model to estimate power saving achieved and latency

incurred by DRX mechanism for active and background mobile traffic. A tradeoff scheme

is then formulated to maintain a balance between these two performance parameters based

on operator’s preference for power saving and latency requirement of traffic. The analytical

model is validated using system level simulation results obtained from OPNET Modeler.

The results show that the proposed tradeoff scheme is efficient in keeping a balance between

power saving and latency [43]. The results also indicate that DRX short cycles are very

effective in reducing latency for active traffic, while shorter inactivity timer is desirable

for background traffic to enhance power saving. We also propose a mechanism to switch

DRX configuration based on traffic running at UE, using UE assistance procedure recently

adopted by 3GPP in Release 11. DRX configuration switching increases the power saving

significantly without any noticeable increase in latency of active traffic.

4.1 Introduction

Long Term Evolution Advanced (LTE-A) is designed to keep up with the today’s rapidly

growing data traffic, especially with the proliferation of smart phones and mobile applica-

47
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tions. It has become a necessity to enhance LTE system in order to achieve higher data

rates with less power consumption. LTE-A is targeted to support 1Gbps peak data rate

in downlink (DL) in addition to the existing LTE capabilities. The increased data rate is

achieved by adopting higher transmission bandwidth with carrier aggregation, higher order

modulation, advanced coding techniques and advanced multiple antenna schemes [3]-[46].

Support for these features and diverse data traffic in LTE-A devices have resulted in battery

hungry devices.

With the increased capacity over the air in LTE-A network, diverse data applications

(DDAs) such as Facebook, Skype, twitter, email exchange, and messengers have widely

become popular. Traffic characteristics of DDA are quite different than those of traditional

internet applications [47]. These applications generate short packets in network every few

seconds even when they are not being actively used by the users [47]. The short but

frequent packets from such applications create crucial challenges as UE keeps changing

states between Connected (RRC Connected) and Idle (RRC Idle), there by draining signif-

icant battery power continuously and causing excessive signalling overhead in the network

[47][48]. We have used DDA and background traffic interchangeably throughout the rest

of the section. Also, the terms Connected and Idle have been used for LTE device states

RRC Connected and RRC Idle, respectivelly throughout the rest of the section.

Discontinuous Reception (DRX) has been adopted as an effective power saving mechanism,

which largely addresses the power saving and unnecessary state transition issues [49][6].

DRX saves UE battery power by allowing UE to monitor DL control channel less frequently

and go to sleep whenever there is no packet activity for the UE [7] [8]. Since power saving in

DRX usually comes at the expense of increased end-to-end delay, DRX may create serious

latency issues with active traffic where latency may be of prime focus. DRX mechanism in

LTE is discussed in more detail in Section 4.2.

DRX configuration adaptation based on power saving and other performance parameters
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in LTE is a relatively new research area. Authors in [50] have showed that power saving by

DRX mechanism comes at the expense of degraded system utility. The authors proposed an

adaptive DRX inactivity timer based on the channel condition, so that UE with bad channel

quality will go to sleep for lesser time to increase its transmission opportunity (hence average

throughput) at the cost of reduced power saving. Effect of DRX functionality on the

traditional LTE scheduling has been presented in [18]. It proposes a DRX-aware scheduling

scheme to reduce the packet loss rate due to DRX sleep. Authors in [51] have investigated

algorithms to optimize DRX parameters to find a balance between power savings and the

experienced throughput for a single user web-browsing session. Power saving achieved by

DRX and its impact on QoS of Voice over IP (VoIP) traffic have been studied in [52] for

dynamic and semi persistent packet scheduling strategies. The authors have shown that

a tradeoff between power saving and spectral efficiency exists. For example, the power

savings are larger for semi persistent scheduling than for dynamic packet scheduling at

the cost of a lower spectral efficiency. In spite of these works, investigation of a complete

framework to enable DRX Configuration adaptation with the help of UE assistance in order

to find a tradeoff between power saving and other performance parameters such as latency

based on traffic running at UE has not received much attention in the literature.

In this chapter, we first develop an analytical model to estimate the power saving and

delay incurred by DRX operation for the cases of active and background traffic. These

derived performance parameters are then used to formulate a multi-objective optimization

problem through DRX configuration. This problem explores tradeoff between power saving

and latency requirements. The tradeoff is customized based on latency requirements of

active traffic and operator’s preference for power saving. We show that DRX configuration

optimization is crucial to leverage the power saving by DRX while maintaining a reasonable

latency for active traffic. Since, latency requirements vary widely with applications, a single

DRX configuration cannot be optimal for a UE as applications running on the UE change
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over time. Therefore, a DRX configuration switching mechanism has been discussed to

adapt the DRX setting based on most recent applications running at the UE. The proposed

DRX switching mechanism uses UE assistance indication recently adopted in 3GPP Release

11. We have shown that DRX configuration switching, which adapts DRX parameters based

on ongoing traffic at UE, can improve the power saving significantly without degrading the

delay performance of active traffic.

The rest of the chapter is organized as follows. Section 4.2 describes DRX mechanism in

LTE. Active and background traffic models are explained in Section 4.3. An analytical

model has been proposed to evaluate performance parameters of DRX in Section 4.4 both

for active and background traffic. Power consumption and delay formulations are given

in 4.5. A tradeoff between power saving and latency has been explored in Section 4.6

by formulating a multi-objective optimization problem. A DRX configuration switching

scheme has been proposed in Section 4.7. Then, in Section 4.8, simulation and analytical

results are presented and discussed. The chapter is concluded in Section 4.9.

4.2 DRX Mechanism in LTE

An LTE device can be either in RRC Connected or RRC Idle after the power on of the

device. As shown in Figure 4.1, the transition from one state to another depends on the

traffic activity. Network runs an inactivity timer called RRC Inactivity timer to push the

device to Idle state. When there is no packet activity for a long duration (equal to RRC

Inactivity Timer), UE is moved to Idle state from Connected state. RRC Inactivity timer

is reset with any uplink or downlink data activity.

In LTE, UE may be configured with a DRX mechanism by radio resource control (RRC) in

both Connected and Idle states. However, the functionality and configuration parameters of

DRX are different in these LTE states. Since data traffic mainly takes place in Connected
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state, we focus on DRX in Connected state in this thesis. DRX can be configured by

RRC on per UE basis to control UE’s Physical DL Control Channel (PDCCH) monitoring

activity in order to save UE’s battery power [7][5]. Network runs an inactivity timer called

DRX Inactivity timer for the connected UEs to push them to DRX mode. When there

is no packet activity for a duration of DRX Inactivity timer, UE moves to DRX mode.

DRX inactivity timer is also reset with any uplink or downlink data activity. DRX is

configured by parameters such as On Duration Timer (TON), DRX Inactivity Timer (TI),

Long DRX Cycle (TLC), and optionally the drxShortCycleTimer (NSC) and Short DRX

Cycle (TSC) [7]. Figure 4.2 depicts a typical scenario of DRX mechanism considered in

this chapter. UE with DRX configuration continuously monitors PDCCH for possible DL

packet transmission when TI is running. If TI is running, TI is restarted on any DL packet

indication in PDCCH or UL packet transmission. Upon expiry of TI , UE enters short DRX

cycle as described in [7]. After NSC consecutive short cycles, UE enters long DRX cycle.

If short DRX cycle is not configured, UE enters long DRX cycle upon the expiry of TI .

Short DRX cycle is desirable for delay sensitive active traffic as it reduces overall latency

[53], while it is not configured for background traffic where power saving is of prime focus.

During each DRX cycle, UE remains awake monitoring PDCCH for TON period and remains

asleep for rest of the cycle called sleep period (TSS = TSC − TON for short cycles and

TLS = TLC − TON for long cycles). DL packet indication in PDCCH or arrival of higher

layer data packets for uplink (UL) transmission during TON terminates the DRX operation

immediately and starts TI . On the other hand, UL packet arrival during DRX sleep at

UE may terminate DRX operation immediately or UE may wait for next TON period to

terminate it. In this chapter, we have assumed latter case so that the UL packet arrived

during DRX sleep is delayed until next TON period. For the sake of clarity and simplicity,

Idle state is not shown in Figure 4.2. UE states Si ∈ {1, 2, 3, 4} are discussed in more detail

in Section 4.4.
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4.3 Traffic Models

In this section, we consider two different traffic types which are active traffic and background

traffic. Active traffic is valid when the user is actively using the device. On the other hand,

background traffic is valid when the device is unattended but the still the applications are

running.

4.3.1 Active Traffic

The active data traffic model usually consists of several sessions with exponentially dis-

tributed session inter-arrival time (ts) as shown in Figure 4.3a. Each session of active

traffic consists of multiple packet calls with exponentially distributed packet call inter-
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arrival time (tpc). The distribution parameters for active data traffic model considered in

this chapter have been summarized in Table 4.1. At any time, the next packet call may

either belong to the ongoing session or be the first packet call of a new session with proba-

bilities Pos and Pns, respectively. Since ηs has a geometric distribution, we have Pns = 1/η̄s

and Pos = 1− Pns.

4.3.2 Background Traffic

Due to the increasing popularity of internet access over LTE network from smart devices,

several new applications (such as social networking applications, weather update apps, IM

apps, online gaming and so on) have recently emerged [54][55]. It has been found that

these applications generate short packets frequently even when UE device is in unattended

mode [47]. This traffic is known as background traffic. To simplify the traffic model,

we assume that these applications generate background traffic which consists of multiple

sessions and each session has a single packet call compared to multiple packet calls in

active traffic. Based on real traffic traces collected in [47], each packet call usually consists

of one or two short packets. Assuming that the inter-arrival time between packets of a

packet call being less than TI , the traffic model for these applications can be simplified

as shown in Figure 4.3b. For the further analysis, we can safely assume that each packet

call effectively has a single packet. We further assume that inter-arrival time between

sessions (which is effectively inter-arrival time between packets in our simplified model)

is exponentially distributed with mean inter-arrival time (tBpc). In the following section,

we derive analytical expressions for performance parameters of LTE-A network with DRX

mechanism in operation for both active and background traffic.
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Table 4.1. Distribution Parameters of Traffic Model Under Consideration
Model Parameters Distribution Mean

Session inter-arrival time (ts) Exponential 1/λs
Number of Packet Calls per Session (ηs) Geometric η̄s
Packet call inter-arrival time (tpc) Exponential 1/λpc
Number of Packets per Packet Call (ηpc) Geometric η̄pc
Packet inter-arrival time (tp) Exponential 1/λp
Packet call inter-arrival time (tBpc) Exponential 1/λBpc

4.4 DRX Mechanism as Semi-Markov Process

We model DRX mechanim as a Semi-Markov process because times between state transi-

tions (holding times) are random variables and also these random variables depend on the

two states between the move is made [56][57].

4.4.1 Active Traffic

The Semi-Markov process representing DRX operation is shown in Figure 4.4a. Note that

short and long DRX sleep states are shown for active traffic, while only long DRX sleep

has been considered in case of background traffic. Based on the DRX operation described

in Section 4.2, UE can be in one of the following four states:

• S1 (Active State with TI running): This is the highest power consuming state with

UE being most active in transmitting/receiving data and/or monitoring PDCCH.

Any new data activity restarts TI . If there is no data activity for a period of TI , than

TI expires and UE moves to state S2.

• S2 (DRX ON State with TON running): The expiry of TI moves UE into S2. Also,

the end of DRX sleep moves UE in S2 if there is no packet activity during the sleep

period. Any packet arrival (DL or UL) during S2 starts TI and pushes UE back to S1

immediately. Otherwise, expiry of TON moves UE to either short DRX sleep (state

S3) or long DRX sleep (state S4). UE moves to S4 only if it has been in S3 for NSC
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times, consecutively. During DRX ON, UE does not receive/transmit data, however,

it monitors PDCCH. It is a moderate power consuming state with power consumption

being lower than that in S1 and higher than that in S3 and S4.

• S3 (Short DRX Sleep State): If there is any packet activity during S3, UE moves to

S1 at the end of short DRX sleep, otherwise moves to S2 at the end of sleep period.

UE neither transmits/receives data nor monitors PDCCH in S3.

• S4 (Long DRX Sleep State): If there is any packet activity during S4, UE moves to

S1 at the end of long DRX sleep, otherwise it moves to the S2 at the end of the long

sleep period. UE neither transmits/receives data nor monitors PDCCH in S4.

4.4.2 Background Traffic

The Semi-Markov process representing DRX operation is shown in Figure 4.4b. Back-

ground traffic applications are usually delay tolerant; therefore, the short DRX cycle is

not configured in practice. We assume that for background traffic, device directly enters

long DRX after the DRX inactivity timer expiry. With this simplification, the UE running

background traffic can be in one of the following three states:

• SB
1 (Active State with TI running): This is the highest power consuming state with

UE being most active in transmitting/receiving data and/or monitoring PDCCH.

Any new data activity restarts TI . If there is no data activity for a period of TI , the

TI then expires and UE moves to state SB
2 . UE remains in this state for at least one

TI .

• SB
2 (DRX ON State with TON running): The expiry of TI moves UE into SB

2 . Also,

end of DRX sleep moves UE in SB
2 if there was no packet activity during the sleep

period. Any packet arrival (DL or UL) during SB
2 starts TI and pushes UE back

to S1 immediately. Otherwise, expiry of TON moves UE to DRX sleep (state SB
3 ).
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During DRX ON, UE does not receive/transmit data, however, it monitors PDCCH.

It is moderate power consuming state with power consumption being lower than that

in SB
1 and higher than that in SB

3 .

• SB
3 (DRX Sleep State): If there is any packet activity during SB

3 , UE moves to SB
1

at the end of DRX sleep, otherwise moves to the SB
2 at the end of sleep period. UE

neither transmits/receives data nor monitors PDCCH in SB
3 .

4.5 Power Saving and Delay Analysis

In this section, we analytically compute power saving and delay of DRX mechanism for

both active traffic and background traffic.

4.5.1 Active Traffic

We have assumed that once a packet call starts, UE does not move to the DRX until all

packets of that packet call are transmitted. Since packet inter-arrival time of packets of

a packet call is relatively smaller than TI , this assumption should not be unreasonable.

With this assumption, the transition probabilities for Markov chain is shown in Figure 4.4a

where Pkl ∀k, l ∈ {1, 2, 3, 4} represent the transition probability from state k to l. When

UE is in state S1, UE restarts TI if next packet call starts before expiry of TI , otherwise

moves to S2. Therefore, P11 and P12 can be computed as

P11 = Pr [tpc < TI ]Pos + Pr [ts < TI ]Pns

= Pos(1− e−λpcTI ) + Pns(1− e−λsTI ), (4.1)

P12 = 1− Pos(1− e−λpcTI )− Pns(1− e−λsTI ), (4.2)

where Pr[.] is the probability of occurrence. When UE is in state S2, UE moves to S1 if

packet arrives before TON expiry, otherwise it goes to either S3 or S4. First NSC expiry of
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TON , moves UE to S3 and then after any expiry of TON moves UE to S4. Therefore, P21,

P23 and P24 can be computed as

P21 = Pr [tpc < TON ]Pos + Pr [ts < TON ]Pns

= Pos(1− e−λpcTON ) + Pns(1− e−λsTON ), (4.3)

P23 = Pose
−λpcTON (1− e−λpcNSCTSC )

+Pnse
−λsTON (1− e−λsNSCTSC ), (4.4)

and,

P24 = Pose
−λpcTON e−λpcNSCTSC

+ Pnse
−λsTON e−λsNSCTSC . (4.5)

Similarly, we can compute P31, P32, P41 and P42 as

P31 = Pos(1− e−λpcTSS) + Pns(1− e−λsTSS), (4.6)

P32 = Pos(e
−λpcTSS) + Pns(e

−λsTSS), (4.7)

P41 = Pos(1− e−λpcTLS) + Pns(1− e−λsTLS), (4.8)

P42 = Pos(e
−λpcTLS) + Pns(e

−λsTLS). (4.9)

Then, we construct the transition probability matrix of the Markov chain as

PT =


P11 P12 0 0
P21 0 P23 P24

P31 P32 0 0
P41 P42 0 0

 (4.10)

Let φk ∀k ∈ {1, 2, 3, 4} denote the steady state probability of staying at state Sk of the

Markov chain, respectively. Using
∑4

k=1 φk = 1 and balance equations φk =
∑4

l=1 φlPlk,
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we can obtain the expressions for steady state probabilities as

φ1=
1− P23P32 − P24P42

1− P23P32 − P24P42 + P12(1 + P23 + P24)

φ2=
P12

1− P23P32 − P24P42 + P12(1 + P23 + P24)

φ3=
P12P23

1− P23P32 − P24P42 + P12(1 + P23 + P24)

φ4=
P12P24

1− P23P32 − P24P42 + P12(1 + P23 + P24)

In the following, we obtain the expected value E[.] of the holding time of different states

of the DRX Semi-Markov process. Let us assume Θi for i ∈ {1, 2, 3, 4} denotes the holding

time of the state Si.

Holding time of state S1: UE enters state S1 after getting a packet call. We have

assumed that once UE is active it transmits all packets of the ongoing packet call, before

entering further DRX operation. After serving packets of ongoing packet call, UE leaves

this state if there is no new packet call start within a duration of TI . Otherwise, any new

packet call arrival before TI expiry restarts TI and moves UE back to S1. E[Θ1] can be

given as

E[Θ1] = tservice + t̄TI
(4.11)

where tservice is the average service time for transmitting all packets of a packet call and

t̄TI
is the average time duration for TI restarts or expiry after serving an ongoing packet

call. If tRTT is the service time of a packet which consists of duration from transmission of

a packet from UE (or eNB) to getting ACK from eNB (or UE), tservice can be given as

tservice =
E[ηpc − 1]tRTT

ρ
=
η̄pc − 1

λp
, (4.12)

where ρ = tRTTλp is the packet-level offered load.
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Also, t̄TI
can be calculated as

t̄TI
= Pos

(∫ TI

0

tPr[tpc = t]dt+

∫ ∞

TI

TIPr[tpc = t]dt

)
+ Pns

(∫ TI

0

tPr[ts = t]dt+

∫ ∞

TI

TIPr[ts = t]dt

)
=Pos

(
1− eλpcTI

λpc

)
+ Pns

(
1− eλsTI

λs

)
. (4.13)

Holding time of state S2: When UE is in state S2, there can be two cases: (I) UE

moves to state S1 due to a packet arrival before expiry of TON . (II) No packet arrives

during TON and UE moves to states S3 or S4. Therefore, the holding time of state S2 can

be calculated as

E[Θ2]=Pos

(∫ TON

0

tPr[tpc = t]dt+

∫ ∞

TON

TONPr[tpc = t]

)
+Pns

(∫ TON

0

tPr[ts = t]dt+

∫ ∞

TON

TONPr[ts = t]

)
=Pos

(
1− eλpcTON

λpc

)
+ Pns

(
1− eλsTON

λs

)
.

Holding times of states S3 and S4. Since any packet (UL or DL) arriving during

DRX sleep period will be buffered until the next TON , E[Θ3] and E[Θ4] can be computed

as

E[Θ3] = TSS = TSC − TON . (4.14)

E[Θ4] = TLS = TLC − TON . (4.15)

After knowing E[Θm] and φm ∀m ∈ {1, 2, 3, 4}, we can now derive the expression for

performance parameters such as the percentage of time spent by UE in sleep time (ΓSLEEP)

and buffering delay incurred by DRX. Since DRX sleep is the minimum power consuming

state of LTE-A in Connected state, ΓSLEEP can be a good metric to predict the power
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saving by DRX. ΓSLEEP can be obtained as

ΓSLEEP =
φ3E[Θ3] + φ4E[Θ4]

φ1E[Θ1] + φ2E[Θ2] + φ3E[Θ3] + +φ4E[Θ4]
. (4.16)

Overall delay expression can be given by

δDRX =
4∑

l=1

PSl
δl (4.17)

where PSl
is the probability of a packet call arriving during state Sl and δl is the average

delay during state Sl. Since we have assumed that any UL/DL packets arrived at UE/eNB

for a sleeping UE are buffered until UE comes out of DRX sleep, there should be a delay only

for the state S3 and S4. For simplicity, we assume that wireless systems is lightly loaded so

that during active and ON duration (i.e. states S1 and S2) delays are δ1 = δ2 ≈ 0. When

a packet or a packet call arrives during a short sleep time, it suffers from a delay which

can vary from 0 to TSS. Similarly, a buffering delay of 0 to TLS is imposed to a packet or

a packet call arriving during the long sleep. We can compute δ3 as

δ3 = Pos

∫ TSS

0

(TSS − t)Pr[tpc = t]dt

+ Pns

∫ TSS

0

(TSS − t)Pr[ts = t]dt

= TSS −
Pos

λpc

(
1− e−λpcTSS

)
− Pns

λs

(
1− e−λsTSS

)
(4.18)

and similarly δ4 as

δ4 = TLS −
Pos

λpc

(
1− e−λpcTLS

)
− Pns

λs

(
1− e−λsTLS

)
where TSS = TSC − TON and TLS = TLC − TON . Now, the average buffering delay due to

DRX mechanism can be estimated as

δDRX = PS3δ3 + PS4δ4. (4.19)
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where PS3 can be computed as

PS3 = αpc

NSC∑
i=1

e−iλpcTSC + αs

NSC∑
i=1

e−iλsTSC

= αpce
−λpcTSC

(
1−e−NSCλpcTSC

1−e−λpcTSC

)
+ αse

−λsTSC

(
1−e−NSCλsTSC

1−e−λsTSC

)
. (4.20)

where αpc = Pos(1− e−λpcTSS)e−λpc(TI−TSC+TON ), αs = Pns(1− e−λsTSS)e−λs(TI−TSC+TON ).

And similarly PS4 can be computed as

PS4 = βpc

∞∑
k=1

e−kλpcTLC + βs

∞∑
k=1

e−kλsTLC , (4.21)

where βpc = Pos(1− e−λpcTLS)e−λpc(TI+NSCTSC−TLC+TON ) and

βs = Pns(1 − e−λsTLS)e−λs(TI+NSCTSC−TLC+TON ). Note that both summations in (4.21) are

geometric series with common ratios e−λpcTLC and e−λsTLC . Since, λpc ≥ 0, λs ≥ 0 and

TLC ≥ 0, we have |e−λpcTLC | ≤ 1 and |e−λsTLC | ≤ 1. Therefore, both summations in (4.21)

converge and PS4 can be simplified as

PS4 = βpc

(
e−λpcTLC

1− e−λpcTLC

)
+ βs

(
e−λsTLC

1− e−λsTLC

)
. (4.22)

4.5.2 Background Traffic

In this section, we focus on background traffic and simplified analytical model proposed in

Section 4.5.1. Generally, short DRX cycle is not configured in case of background traffic

as it is delay tolerant traffic [51]. Therefore, the DRX mechanism in this case is simplified

having only three states as shown in Figure 4.4b.

Let PB
kl ∀k, l ∈ {1, 2, 3} represent the transition probability from state k to l of the Markov

chain for background traffic case as seen in Figure 4.4b.



64

Then the transition probability matrix of the Markov chain for background case can be

given as

PB
T =

PB
11 PB

12 PB
13

PB
21 PB

22 PB
23

PB
31 PB

32 PB
33

 =

 1− e−λpcTI e−λpcTI 0
1− e−λpcTON 0 e−λpcTON

1− e−λpcTLS e−λpcTLS 0

 (4.23)

Let φB
m, ∀m ∈ {1, 2, 3} denote the steady state probability of staying at states SB

m of the

embedded Markov chain for background traffic, respectively. Then using
∑3

m=1 φ
B
m = 1

and balance equations φB
m =

∑3
n=1 φ

B
nP

B
nm, we can obtain the expressions for stationary

distribution for background traffic case as

φB =



φB
1 =

1− PB
23P

B
32

1 + PB
12 + PB

12P
B
23 − PB

23P
B
32

φB
2 =

PB
12

1 + PB
12 + PB

12P
B
23 − PB

23P
B
32

φB
3 =

PB
12P

B
23

1 + PB
12 + PB

12P
B
23 − PB

23P
B
32

(4.24)

ΘB
m, ∀m ∈ {1, 2, 3} denote the holding times of states SB

m for background traffic

case, then ΘB
m, ∀m ∈ {1, 2, 3} can be calculated as

E[ΘB
1 ] =

1− eλpcTI

λpc
, (4.25)

E[ΘB
2 ] =

1− eλpcTON

λpc
, (4.26)

E[ΘB
3 ] = TLS = TLC − TON . (4.27)

The percentage of time spent by UE in sleep time in case of background traffic (ΓB
SLEEP)

can be given as

ΓB
SLEEP =

φB
3 E[Θ

B
3 ]

φB
1 E[Θ

B
1 ] + φB

2 E[Θ
B
2 ] + φB

3 E[Θ
B
3 ]

(4.28)
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Proceeding similar to the case of active traffic in Section 4.5.1, the buffering delay in case

of background traffic can be calculated as

δBDRX =
∞∑
i=1

[
e−λpc(TI+TON+(i−1)TLC)(1− e−λpcTLS)

]
δB3

= βB

(
e−λpcTLC

1− e−λpcTLC

)
δB3 , (4.29)

where βB = (1 − e−λpcTLS)e−λpc(TI+TON−TLC) and δB3 is the average delay during long sleep

in case of background traffic which is given by

δB3 =

∫ TLS

0

(TLS − t)Pr[tpc = t]dt

= TLS −
1

λpc

(
1− e−λpcTLS

)
. (4.30)

4.6 Optimization Formulation for Power Saving and Latency

Usually power saving in DRX comes at the expense of degraded delay performance [52].

A trade-off between delay and power saving may be required in a practical network. In

this section, we propose a scheme to optimize DRX parameters in order to minimize DRX

buffering delay and maximize power saving jointly. This can be achieved by using a concept

of multi-objective optimization in the problem formulation. In multi-objective optimiza-

tion, we may introduce preferences of objectives by introducing apriori weights to the

objective functions [58][59]. These weights can be correlated with the LTE-A operator’s

preference for power saving over latency.

Since maximizing DRX sleep (which reflects power saving) is equivalent to minimizing

active time γACT, we can select γACT as one of the objectives. γACT is (1 − γSLEEP) and

(1−γBSLEEP) for the cases of active and background traffic, respectively. The other objective

can be taken as minimizing DRX buffering delay, say δNORM. Note that buffering delay

is the main component contributed by DRX to increase the end-to-end latency. To get

a single objective function by combining these two objectives, we first need to normalize
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the individual objectives to transfer them to dimensionless normalized objectives. γACT is

dimensionless and already normalized as 0 ≤ γACT ≤ 1. Second normalized objective can

be taken as δNORM = PS3δ3/TSS + PS4δ4/TLS for active traffic or δNORM = δBDRX/TLS for

background traffic. Then, the multi-objective optimization problem can be formulated as

P1:

min
TSC,NSC,TLC

wΓACT + (1− w)δNORM (4.31)

subject to TSC ∈ TSC, NSC ∈ NSC, TLC ∈ TLC (4.32)

0 ≤ w ≤ 1,

where w defines the operator’s preference for power saving over DRX induced la-

tency. w = 1 represents power minimized DRX configuration while w = 0 represents

latency minimized DRX configuration [60]. TSC, NSC and TLC are sets of possible values of

TSC , NSC and TLC , respectively as provided in 3GPP standard [8]. In case of background

traffic, TSC and NSC are null sets. TI usually has less impact on γACT and δNORM compared

to DRX parameters considered for optimization in P1. Therefore, we may select a suitable

value of TI and then optimize the problem to simplify the calculation. Since DRX parame-

ters are sets of small number of known values, even exhaustive search is feasible to get the

solution of the optimization problem P1 in real time.

The weight w may depend on ongoing applications at UE and therefore can vary over time.

In the following, we present a DRX switching mechanism to adapt DRX to the ongoing

traffic.

4.7 DRX Configuration Switching with UE Assistance Mechanism

Recently, 3GPP Release 11 has adopted a UE assistance mechanism which enables UE to

send its power preference to the LTE-A network [8]. For this purpose, a single bit UE
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assistance information called power preference indication (PPI) can be sent by UE to the

network. PPI = 1 indicates UE’s preference to go to the low power consumption state

while PPI = 0 represents UE’s intention to be in a normal state which is preferable for

delay sensitive traffic. PPI triggering has been left to UE vendors, while how to configure

low power or low delay state has been left to network vendor. In this section, we present a

use case of DRX configuration switching using PPI. We assume that UE has some level of

intelligence to identify the active versus background traffic and trigger sending PPI (PPI=0

for active traffic and PPI = 1 background). eNB optimized the DRX configuration based

on traffic information (i.e. PPI) from UE.

For active traffic, eNB can solve P1 either with w = 0 or the preference defined by operator

for active traffic such as lower w [61]. Alternately, the tradeoff between power saving and

delay can also be optimized based on QoS requirement of the active traffic running at UE.

For example, active traffic may have a delay constraint which must be satisfied by the

network. For such a traffic, P1 can be formulated as problem P2 to maximize the power

saving as follows.

min
TSC,NSC,TLC

ΓACT (4.33)

subject to TSC ∈ TSC, NSC ∈ NSC, TLC ∈ TLC,

δDRX ≤ δMAX, (4.34)

where δMAX is the upper bound on buffering delay defined by operator for active traffic. On

the other hand, for background traffic which practically does not have delay requirement,

eNB can find the DRX parameters by solving P1 with w = 1 or higher w ≤ 1. Alternately,

the operator can set a target for power saving in case of background traffic as given in

problem P3.
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min
TLC

δBDRX (4.35)

subject to TLC ∈ TLC,

ΓACT ≤ ΓMAX, (4.36)

where ΓMAX ensures minimum power saving set by operator. DRX switching mechanism

has been summarized in Algorithm 1.

Algorithm 1 DRX Configuration Switching

1: ppi ← PPI from UE
2: if ppi == 0 then
3: Solve P1 with w = 0 or Solve P2
4: OptimalDRXConfiguration ← {TLC,optimal, TSC,optimal, NSC,optimal}
5: else
6: Solve P1 with w = 1 or Solve P3
7: OptimalDRXConfiguration ← {TLC,optimal}
8: end if
9: return OptimalDRXConfiguration

4.8 Performance Evaluation

We have used OPNET Modeler 17.1 [62] to obtain the system level simulation results

while MATLAB has been used to obtain the analytical results based on the analytical

model proposed in Section 4.4. We used OPNET build in application and TCP/IP stacks,

however we adjusted traffic characteristics in OPNET application layer to align with the

traffic parameters used in analytical results. In Figure 4.5, protocol stack of both UE

and eNB are shown. LTE protocol stack consists of LTE Non-access stratum (NAS) and

LTE Access stratum (AS). Non-access stratum (NAS) is a functional layer between a core

network and user equipment and supports signalling and traffic between those two elements.

On the other hand, access stratum (AS) is a functional layer between radio network and
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Figure 4.5. LTE Protocol stacks in OPNET implementation and the protocol layers im-
pacted by DRX mechanism

user equipment. In this chapter, we focus on access stratum and modify some of the

functionalities of the access stratum to enable our proposed algorithms.

Radio Resource Control (RRC) handles the control plane signalling which includes func-

tions for connection establishment and release, broadcast of system information, radio

bearer establishment/reconfiguration and release, RRC connection mobility procedures,

DRX configuration, and paging notification. Packet Data Convergence Protocol (PDCP)

layer is responsible for IP header compression and decompression and also for the transfer of

user data to RLC. Radio Link Control (RLC) layer functionality consists of error correction
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through ARQ, concatenation, segmentation, reordering, and duplicate detection. Medium

Access Control (MAC) layer is responsible of creating the frames that will be send over

physical layer. Medium access layer is also responsible of link adaptation, downlink/uplink

scheduling, random access, and user data rate control.

In our simulations, we modify the RRC layer to dynamically change the DRX configuration

and also we changed the MAC layer to support both short and long DRX cycles. Details

of simulation parameters are provided in Table 4.2.

Table 4.2. OPNET Simulation Parameters for DRX Optimization
Parameter Value

LTE Bandwidth/Duplexing 10MHz/FDD
Sub-carrier spacing 15 KHz
Sub-frame length (TTI) 1 ms
Number of symbols per TTI 14
Number of data/control symbols per TTI 11/3
DRX ON Duration (ms) 4
DRX Inactiviy Timer (ms) 30
Short DRX Cycle (ms) 20, 40, 80, 160, 320, 640
Long DRX Cycle 4 times Short DRX Cycle
1/λs (s) 60
1/λpc (s) 0.5
1/λp (s) 0.01
η̄s 6
η̄pc 20
λBpc (s) 10

We have considered UE’s battery power saving and added latency due to DRX operation

as two major performance metrics in order to evaluate the performance of DRX operation.

Since DRX sleep is the minimum power consuming state of UE in Connected state, the

percentage of time spent in DRX sleep has been chosen to estimate the UE’s battery power

saving.

Figure 4.6 and Figure 4.7 show the variation of sleep time and delay with various long

DRX cycles, respectively. Both Figure 4.6 and Figure 4.7 depict results obtained from the
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Figure 4.6. Time spent in DRX sleep versus DRX cycles for active traffic. TON = 4ms, TI =
30ms, TLC = 4 ∗ TSC and NSC = 2.
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Figure 4.7. Buffering delay due to DRX sleep and its effect on end-to-end delay versus
DRX cycles for active traffic. TON = 4ms, TI = 30ms, TLC = 4 ∗ TSC and NSC = 2.
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Figure 4.8. Time spent in DRX sleep versus DRX cycles for various NSC for active traffic.
TON = 4ms, TLC = 4 ∗ TSC and TI = 30ms.

analytical model developed in this chapter and those obtained from system level simulation

using OPNET simulator. Since analytical and simulation results of sleep time are closely

matched, these results verify the accuracy of analytical model to represent DRX operation.

Also, as seen from Figure 4.7, the variation of added end-to-end packet delay (obtained from

simulation results) due to DRX has similar characteristics as that of DRX buffering delay

obtained from the analytical model. It is obvious from Figure 4.6 that longer DRX cycles

are preferable to maximize power saving. The reason is that for given TON and NSC , longer

DRX cycles increase the sleep time in each cycle. However, latency also increases with

longer DRX cycles due to longer buffering in each cycle as depicted in Figure 4.7. Shorter

DRX cycles are preferable for delay sensitive active traffic at the cost of lowered sleep time.

From Figure 4.7, added end-to-end delay is always higher than analytical buffering delay.

As analytical model establishes a lower bound for the end-to-end delay.

Figures 4.6 and 4.7 clarify the need for optimizing DRX configuration for a tradeoff between
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Figure 4.9. Buffering delay due to DRX sleep versus DRX cycles for various NSC for active
traffic. TON = 4ms, TLC = 4 ∗ TSC and TI = 30ms

power saving and latency for active traffic. The tradeoff between power saving and latency

is also quite dependent on the number of short cycles (NSC) as shown in Figures 4.8 and 4.9.

Higher NSC decreases the probability of entering the long DRX cycle and hence decreases

the buffering delay. Therefore, higher NSC decreases the latency as seen in Figure 4.9 and

should be preferable for delay-sensitive applications particularly when long DRX cycle is

very large. For example for TLC = 2560ms, a buffering delay improvement of about 29%

can be achieved by changing NSC from 2 to 16 as seen in Figure 4.9, while the power saving

reduces by less than 2% for the same configuration change as seen in Figure 4.8. The use

of short cycle is therefore recommended for active traffic where latency is crucial.

Figure 4.10 shows the variation of sleep time with various long DRX cycles for background

traffic. Figure 4.10 depicts results obtained from the analytical model and system level

simulation using OPNET simulator. Analytical and simulation results of sleep time are

closely matched for background traffic as well. Background traffic activity is very light
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Figure 4.10. Time spent in DRX sleep versus DRX cycles for background traffic. TON =
4ms, TI = 30ms and NSC = 0.
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Figure 4.11. Time spent in DRX sleep versus DRX cycles for various TI for background
traffic. TON = 4ms, NSC = 0.
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Figure 4.12. Buffering delay due to DRX sleep versus DRX cycles for various TI for back-
ground traffic. TON = 4ms and NSC = 0.

compared to active traffic, so even for smaller DRX long cycles we can have very high sleep

percentages compared to active traffic.

For background traffic, DRX inactivity timer (TI) becomes an important DRX parameter

to optimize power saving as shown in Figure 4.11. Larger values of inactivity timer keeps

the UE in active longer there by adversely affecting the potential power saving. On the

other hand, DRX Inactivity timer has minimal impact on end to end delay for background

traffic as seen in Figure 4.12. For background traffic, longer DRX cycles with short DRX

inactivity timer will be optimum. If the device figures out that it is running background

traffic, it would be beneficial to send a PPI and ask for lower DRX inactivity timer settings.

Table 4.3 depicts an example of DRX configuration optimization for active traffic for various

latency requirement (i.e., δMAX) of the traffic by solving P2. It is evident that stringent

latency constraint (i.e., lower δMAX) requires DRX configuration with smaller TSC and

higher NSC so that UE does not enter long DRX frequently. TLC is also smaller so that
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Table 4.3. Optimal DRX Configuration for Various Maximum Delay Bounds Set by Oper-
ator for Active Traffic. (TI = 30ms, TON = 4ms, 1/λp = 10ms, 1/λpc = 500ms, 1/λs =
60s.)

δMAX(ms) 25 50 100 200 400

TSC(ms) 80 128 160 256 512
NSC 10 8 4 3 3
TLC(ms) 320 512 640 1024 2048
ΓSLEEP(%) 74.3 76.6 79.1 82.0 85.2
δDRX(ms) 24.4 49.2 97.6 189.2 374.7

Table 4.4. Optimal DRX Configuration for Various Minimum Power Saving Requirements
Set by Operator for Background Traffic. (TON = 4ms, 1/λpc = 10s.)

ΓMAX(%) 0.5 1 2 4 8 16

TLC(ms) 1024 512 256 128 64 32
TI(ms) 10 20 40 80 100 300
ΓSLEEP(%) 99.5 99.0 98.0 96.1 92.8 84.9
δDRX(ms) 50.03 12.56 3.08 0.73 0.16 0.03

even the UE enters long DRX, the long sleep does not effect the latency. For the same

reasons, power saving decreases with the stringent latency requirement.

Optimization of DRX parameters in case of background traffic for various operator’s min-

imum power saving targets (i.e., γMAX) are presented in Table 4.4 based on P3. When

higher power saving is required, UE must use longer TLC with smaller TI so that UE enters

the long DRX as soon as possible.

Table 4.5 illustrates the benefits of DRX switching based on traffic characteristics in en-

hancing the power savings while satisfying the delay constraint set by operator for active

traffic. Table 4.5 also presents power saving improvements during active traffic sessions

using DRX configuration optimized for active traffic (obtained from P2) compared to that

in case of using DRX configuration optimized for background traffic (obtained from P3).

Increase in power saving by 10.7% to 48.8% can be achieved depending on the delay re-

quirements as can be seen from Table 4.5.
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Table 4.5. Example Showing Benefits of DRX Switching during Active Traffic Session.

With DRX Parameters
Optimized for Background Traffic

ΓMAX(%) 4 8 16

ΓSLEEP(%) 66.8 61.4 41.2
δDRX(ms) 10.0 2.3 0.3

ΓSLEEP(%) Increment With DRX
Parameters Optimized for Active Traffic

δMAX = 25ms 10.7 16.1 36.3
δMAX = 50ms 13.2 18.6 38.8
δMAX = 100ms 16.5 21.9 42.1
δMAX = 200ms 20.3 25.7 45.8
δMAX = 400ms 23.2 28.6 48.8

4.9 Conclusion

In this chapter, we have demonstrated the necessity of optimizing DRX configuration in

order to maintain a tradeoff between power saving and latency. We have developed an

analytical model for the DRX operation and derived expressions for performance param-

eters such as power saving and buffering delay due to DRX in context of both active and

background traffic. An optimization problem was then formulated to find tradeoff between

power saving and latency based on operator’s preference for power saving and latency

requirement of traffic. A DRX switching mechanism was explored to adapt DRX configu-

ration based on most recent traffic running at UE. We have validated the analytical model

through system level simulations. Results showed that the proposed tradeoff scheme is

highly efficient in tuning DRX configuration to achieve required power saving while ensur-

ing reasonably low latency. It is also observed that higher number of short DRX cycles

is preferable for active traffic and shorter values of inactivity timer is preferable for back-

ground traffic. Results have revealed the necessity of DRX switching based on the traffic

running at UE to maximize the benefits of DRX functionality. In the next chapter, we will

focus modeling and simulation of 3G/4G cellular networks.



CHAPTER 5

ADVANCED WIRELESS COMMUNICATION CASE STUDIES

We present a common network simulation environment which models realistic communica-

tion link and data traffic for advanced wireless systems [63]. This chapter of dissertation

validates the proposed models and algorithms in the presence of realistic physical layer

and data traffic. Most of simulation studies to date make excessive simplifications of the

parameters at the different layers. Typically either physical layer parameters or data traffic

are strongly simplified to study the network layer. Although this provides useful insights

to the small-scale interactions between layers, it may not provide an accurate view of the

large-scale effects and performance of the network. In order to accurately simulate data

traffic, the legacy traffic such as HTTP, VoIP and FTP are analyzed then new traffic models

are investigated.

Figure 5.1 shows a HTTP traffic pattern for a typical web browsing session. Characteristics

of HTTP traffic mainly depends on structure of web page as well as human interaction.

Usually, each session of a HTTP traffic consists of ON and OFF periods because of require-

ment of the human interaction. The ON period also called packet call represents user’s

request for information and the sequence of packets to download a web page from HTTP

server. The OFF period also called reading time when the user reads the information before

moving to another web page. The reading time depends on amount of web page content

and the user behaviour. A web page consists of a main object followed by zero or more

embedded objects. Each packet call also has ON and OFF durations similar to those of a

session. However, the ON and OFF periods of packet call are depends on machine interac-

tion between user and server. The ON time represents periods of downloading main object

78
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Figure 5.1. Typical HTTP traffic session

or embedded object, while OFF time represents parsing time of user request. Reading time

and parsing times are usually modelled as exponentially distributed variable with mean

values of 30s and 0.13s, respectively.

A session of an FTP application consists of multiple file transfers as shown in Figure 5.2a.

The time between end of previous file transfer and user request for next file transfer is called

reading time and is exponentially distributed with a mean value of 180s. The duration of

packet call in an FTP session depends on the throughput of the user and FTP file size.

A typical VoIP session is depicted in Figure 5.2b. A VoIP session lasts for the entire

user call duration which consists of multiple active and silence (inactive) periods. Packets

are generated every frame duration + network packet delay jitter during the active state.

Frame duration varies from 10ms to 30ms depending on the voice coder and value of

network packet delay jitter varies from 0 to 120ms. Note that silence period should not be

considered as UE being inactive because UE is listening to other side called/calling party.

Overall, all of these legacy traffic has ON/OFF nature. If the activity starts, it continues

for a specific time and when the activity stops there will be no activity for a specific time.

However, current social networking and emerging traffic characteristics are not suitable
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for this kind of ON/OFF modeling. In the next section, we focus on the emerging traffic

characteristics.

5.1 Explosive Growth of Mobile Internet Traffic

It is shown in [64] that eightfold increase in global IP traffic has been observed over the

period of past 5 years, and threefold increase is predicted over the next 5 years. IP traffic

is expected to grow at annual growth rate of 29% from 2011 to 2016 which will result in

expected annual IP Traffic surpassing 1.3 Zettabytes per year (109.5 exabytes per month)

by 2016. Global internet data trend is summarised based on [64] in Table 5.1.

In terms of number of connected devices, it will increase from 1 connected device per capita

in 2011 to 3 connected devices per capita in 2016 [64]. Furthermore, non-PC IP traffic is

increasing significantly due to recent explosion in the popularity of use of smart phones and

tablets. The consumer IP traffic originated from these devices will grow at a rate higher

than 119%, while that originated from PC will grow at a rate of 26%. As a result, IP traffic

from wireless devices will account for majority (about 61%) of IP traffic by 2016 [64].
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Table 5.1. Global Internet Data Trend from 2011 to 2016 (AGR = Annual Growth Rate,
PB = Petabytes).

2011 2012 2013 2014 2015 2016 AGR (2011-2016)

Consumer IP Traffic, 2011-2016 (PB/Month)
Fixed Internet 20121 29155 40132 53319 64024 73463 30%
Managed IP 5,269 7,270 9,482 11,202 12,953 14592 23%
Mobile data 402 879 1717 3116 5213 8313 83%

Total 25792 37304 51332 67637 82189 96367 30%
Consumer Mobile IP Traffic , 2011-2016 (PB/Month)

File Sharing 77 115 155 205 261 362 36%
Internet Video 308 737 1546 2918 4882 7615 90%

Web, email, data 159 297 482 732 1125 1775 62%
Online Gaming 7 14 24 41 78 118 76%

VoIP 8 10 12 15 23 36 36%
Total 402 879 1717 3116 5213 8313 83%

Mobile data traffic is expected to grow 3 times faster than that of fixed IP traffic during

the period 2011 to 2016 at a predicted annual growth rate of 78%. This will result in a

mobile IP traffic of 10.8 exabytes per month by 2016 which will be 10% of total IP traffic

in 2016. Note that mobile data traffic was only 2% of total IP traffic in 2011 [64].

Along with increase in mobile traffic share of total IP traffic, the nature of emerging mobile

traffic is also diversified in the sense that their characteristics are significantly different

than those of traditional applications. Some of the examples of applications which are

gaining popularity over wireless networks are weather update, news update, VoIP (such as

Skype and Google talk), social networking services (such as Facebook, twitter, FindMe),

Geo services (such as Google places, location targeted advertisement), messaging (SMS

and instant messaging) and online games. These applications create frequent idle to con-

nected transitions, due to frequent live updates, periodic keep-alive, frequent start or stop

of services, frequent push to talk services. Note that the state transition also includes

series of actions such as wake-up from idle, connection reestablishment, network attach-

ment for bearer establishment, send and/or receive background traffic (such as update/live
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messages), go back to idle and so on [47][48]. Note that these applications continue the

above mentioned activities even when the user device is unattended. The packet gener-

ated by these activities are termed as background traffic in [47]. Background traffic does

not have any ON/OFF nature. Traffic generated during background mode is usually very

small packets around every few seconds [47]. Based on real traces collected in [47], each

background traffic usually consists of one or two small packets. Background traffic model

is depicted in Figure 5.3.

In the next section, we will investigate different wireless technologies and show how a com-

mon network simulation environment can simulate different radio resource control mecha-

nisms. The wireless technologies are explained in a chronological order starting with CDMA

2000 networks.
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5.2 CDMA2000 Case Study

The CDMA2000 standard provides the opportunity for IP applications over wireless links.

Serious difficulties stand in the way because the Transfer Control Protocol (TCP) which

was designed for wireline links does not perform well over wireless links. TCP assumes that

packet loss is mostly due to queue overflows and network congestion, but packet losses over

wireless channels have a very different characteristic, leading to severe degradation of TCP

performance. In this section, we investigate and model the interactions of TCP with the

Radio Link Protocol (RLP) in CDMA 2000. Radio Link Protocol (RLP) is an automatic

repeat request (ARQ) fragmentation protocol used over CDMA 2000 air interface. An

OPNET module was developed to investigate the impact of reverse link data rate selection

on 1xEV DO forward link data rates. Similar analysis of performance of CDMA systems

can be found in [65] over a satellite communication network. A new receiver is also proposed

in [66] for CDMA devices.

5.2.1 Optimization of TCP/IP Parameters

The OPNET simulation model consists of multiple point-to-point links. The mobile nodes

are connected to the base station by a static wire that represents the physical medium of

transmission. Although the current simulation environment is set up without Radio Link

Protocol (RLP) and assumes BER= 0, both forward and reverse link scheduler are built

to segment TCP/IP packets according the payload sizes of 1xEV DO.

Figure 5.4 shows the OPNET simulation scenario used in this section. The OPNET sim-

ulator developed for the project can simulate up to 16 high-rate data users served with

a single base station. Each mobile is defined as a workstation node, which is connected

to a server node through the base station, as shown in Figure 5.4. The simulation model

includes workstation nodes as mobile users and a base station node which is connected to

server. Workstations can communicate with the base station via two point-to-point links
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Figure 5.4. Simulation setup in OPNET

(forward and reverse link). Data rates and multiple access are emulated according to 1xEV

DO forward and reverse link data rates. These models are integrated with the built-in

OPNET models (applications, TCP/IP, etc). Figure 5.5 depicts the protocol stack used in

the simulation. Similar protocol stack implementation is used in [67].

In this work, we analyze the required reverse link rates to achieve the forward link data

rates depending on the number of users in the system. As expected, in order to achieve

higher throughput in the forward link, devices need to be allocated higher speed data links

in the reverse link to send ACK/NACKs on time. In Table 5.2.1, the results are shown for

1 user and 2 users. If the number of users increases, the users need to share the available

reverse link rates where the minimum reverse link rate is 9600kbps (1x).

5.3 WIMAX Case Study

Based on IEEE 802.16 [68] air interface standard, the WiMAX is deployed in many countries

as broadband wireless metropolitan network and millions of people benefit from it. The
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Figure 5.5. Protocol stack model for TCP/IP/RLP/1xEV simulation

Peak Forward Rate 1 User 2 Users

614400 1x 1x
1288000 2x 1x
1843200 2x 2x
2457600 4x 2x

Table 5.2. Best Reverse Link Rates for 1xEV DO Peak Forward Link Rates

WiMAX technology has advantages in high data rates, quality of service, security and

scalability, all which attract tremendous investment from all around the world. With

using high data rates of WiMAX, operators can support multiple Voice over IP (VoIP)

mobile stations. VoIP is a technology that allows you to make real-time voice calls using a

broadband Internet connection instead of regular (or analog) phone lines [69]. In order to

differentiate VoIP and other services, WIMAX defines five different Quality of Service (QoS)

classes. These classes are Unsolicited Grant Service (UGS), real-time Polling Service (rtPS),

extended real-time Polling Service (ertPS), non-real-time Polling Service (nrtPS) and Best

Effort (BE) Service [68]. With these QoS classes, WIMAX became more flexible and robust

for different kind of applications. However most of the current WIMAX deployments in the

market only provides BE services for all kinds of Internet applications. In best effort QoS,
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there is no minimum bandwidth grant for any connection and no differentiation between

real-time traffic and non-real-time traffic. Therefore real-time voice traffic may suffer packet

losses and long delays when there is a heavy load on non-real time applications such as ftp

uploading.

In this section, we first analyze voice capacity over WIMAX Best effort QoS class and pro-

vide methods to improve voice performance using OPNET WIMAX module. We evaluate

the VoIP capacity over both error free channel and additive white gaussian noise (AWGN)

channel. The performance of well known header compression methods to solve the overhead

problem of VoIP packets is also investigated [70].

In our simulations, we are using 5ms Time Division Duplex (TDD) OFDMA over 10MHz

bandwidth. WIMAX supports smaller bandwidths such as 5 MHz; however 10 MHz deploy-

ment is the most common deployment among operators. The other simulation parameters

can be found in Table 5.3.

In Figure 5.6, we depict a sample WIMAX deployment where a BS is located in the center.

All the mobile users are paired. Each mobile station belongs to either calling party or

called party. In each pair, one mobile station can only call the other mobile station. This

pairing is used to have same uplink and downlink load in the WIMAX simulations.

In our simulations, our aim is to mimic a realistic modulation and coding scheme (MCS)

distribution as shown in Table 5.4. Usually in a network, mobile stations will use different

modulation and coding schemes based on their Signal-Noise Ratio (SNR). In the simulation

platform, we define exit and entry SNR thresholds for each MCS, as shown in Table 5.4. For

example, if the current SNR is 15dB, then device will use 16QAM1/2; if SNR changes to

9dB, 9dB is less than exit threshold of 16QAM1/2 and in region of exit and entry threshold

of QPSK3/4, so MCS will be changed to QPSK3/4. We did exclusive search to find the

distance requirements for each device where they can support different MCSs like 64QAM,

16QAM or QPSK. Finally, we came up with a set of circles. Each region with different
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Table 5.3. Parameters of OPNET Simulation for WiMAX Network
Parameters Value

—Network Parameters—

PHY Profile OFDMA/10MHz
Frame/Symbol Duration 5ms/102.86µs
Number of subcarriers 1024
Frame Preamble(symbols) 1
TTG/RTG 106 µs
UL Subframe size(symbols) 21
DL/UL-MAP Repetition Count No

—Base Station Parameters—

Maximum number of SS nodes 400
Maximum Transmission Power 0.5w
Transmit/Receive Antennas 1
Altitude (m) 160

—Mobile Station Parameters—

Modulation and Coding Adaptive
Average SDU Size 1500bytes
Buffer Size 64Kbytes
ARQ Enable
Window Size(ARQ blocks) 512
Block Size(bytes) 8
Retransmission Time Interval 0.1s
Block Lifetime Interval 3s
ACK Type Selective
Feedback Time Interval 0.01s
HARQ Parameters Enable
Maximum Retransmissions 4
Explicit ACK Delay(frames) 1
Number of Channels(UL/DL) 8/16
Buffer Size Constant(K) 20
Transmit/Receive Antennas 1
Maximum Transmission Power 0.5w

—Voice Application Parameters—

Frame Size 20 ms
Coding Rate 6.3Kbps
Silence Length(in/out) exp(1.25s)
Talk Spurt Length (in/out) exp(1.25s)
Type of Service Best Effort(0)
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Figure 5.6. Example of a WiMAX network deployment

Table 5.4. MCS Distribution and Threshold Definition
MCS % distribution Exit-Entry Threshold(dB)

QPSK1/2 39% 0.1− 4
QPSK3/4 14% 5.0− 10
16QAM1/2 22% 12− 18
16QAM3/4 16% 19− 22
64QAM2/3 5% 23− 24
64QAM3/4 3% 25− 26
64QAM5/6 1% 29− 30

color stands for a certain type of MCS. Figure 5.6 shows an example network layout with

one base station and multiple mobile stations.

5.3.1 Optimization of Control Overhead for VoIP

We investigate voice capacity in both error free channel and AWGN channel with multipath

using ITU Pedestrian B model and Vehicle A model. We use Mean Opinion Score (MOS)

as a metric to evaluate quality of voice communication. Instead of using bad or good, MOS

defines a numerical indication of the perceived quality of the voice received after being
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Table 5.5. MOS Value for VoIP
MOS Value Quality Description

5 Excellent Perfect, like face to face talk
4 Good Fair, sound very clear but little annoying can be detected
3 Fair Annoying, but still good enough to communicate
2 Poor Very annoying, nearly impossible to communicate
1 Bad Very bad, impossible to communicate

Table 5.6. Simulation Results for Error Free and AWGN Channels.
Scenarios number of DL UL Control Average

users Usage Usage Overhead MOS

Error free channel
150 58.7% 84.9% 24% 3.7
160 62.7% 85.2% 17% 2.1

AWGN Pedestrian B
130 60.1% 82.1% 25.2% 3.2
140 69.4% 85.2% 20.2% 2.5

AWGN Vehicle A
100 47.3% 69.8% 23.1% 3.1
110 58.2% 81.1% 23.3% 2.8

compressed, transmitted and decompressed. MOS is expressed in number from 1 to 5 as

expressed in Table 5.5. Our constraint is to satisfy the average MOS score of all of the users

3 and higher. We are using OPNET’s default MOS calculation method which depends on

the end to end delay. In order to find the capacity, we increase the number of users one by

one till the average MOS score requirement can not be satisfied for a user due to scheduling

delay and latency.

Table 5.6 shows results for error free and AWGN with Pedestrian B and Vehicle A channel

models. It can be seen from the results that we can support about 150-160 VoIP user

over error free channel, on a Pedestrian B channel capacity is about 130-140 users and

on a Vehicle A channel capacity is about 100-110 users. As expected, due to errors and

retransmission, the number of users that can be supported are less in AWGN channels

compared to error free channel. Our results show that the uplink is the bottleneck to

support more VoIP users. Also from these results, we found that VoIP control overhead is

very high and around 20-25%.
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In traditional IP networks, application data is encapsulated with headers before it is trans-

mitted to link layer. The header overhead is not a big problem when data payload is

large. But in VoIP, voice data payload is usually very small so that header part of the data

becomes proportionally big. Generally in voice applications, voice data is encapsulated

with Real-time Transport Protocol (RTP) packet, which is then encapsulated into UDP

packets. In a voice packet, IP header size is 160 bits; UDP header size is 64 bits; and

RTP header size is 96 bits. Total header size becomes around 320 bits for a single VoIP

packet. OPNET voice encoder creates VoIP packets which have payload size of 128 bits.

So in order to send 128 bits, 320 bits of overhead needs to be added. Header compression

is a technique to reduce this overhead. In our simulation, we apply header compression

at MAC layer of OPNET WIMAX module. Because voice data has been wrapped with

RTP and UDP header, we have to identify first whether the packet is a voice packet or

not. When an IP packet comes from higher layers, we abstract its data field and check its

packet format. After identifying the VoIP packets, we compress the overall 320 bits header

into 32 bits. Performance of header compression is investigated in multiple scenarios where

we adjust the active number of users in the network. These scenarios consist of one base

station and 50 − 100 − 150 − 200 mobile stations. Table 5.7 shows the impact of header

compression on both uplink and downlink burst usage as well as the MOS score. Table 5.7

shows that with header compression, downlink and uplink burst usage can be decreased

by 50%. Moreover, the header compression becomes crucial when we hit the capacity of

the network. For 50, 100, 150 users, we may not need header compression to satisfy MOS

requirement. However, for 200 users without header compression, we can not satisfy MOS

requirement.
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Table 5.7. Simulation Results for Different Number of Users.
number of Compression DL Burst UL Burst MAP Average

users Usage Usage Usage MOS

50
Off 13.3% 30.5% 10.1% 3.9
On 6.5% 14.8% 10.2% 3.9

100
Off 28.1% 54.9% 16.6% 3.9
On 14.9% 26.5% 16.7% 3.9

150
Off 40.1% 80.7% 16.7% 3.8
On 22.2% 39.3% 18.5% 3.9

200
Off 48.8% 85.2% 16.3% 1.1
On 31.3% 52.1% 24.7% 3.9

5.4 LTE Case Study

3GPP Long Term Evolution Advanced (LTE-A) has been established as a promising next

generation 4G wireless communication system which is capable of offering higher data rate

over the air. The higher data rate is achieved by the use of higher order modulation, ad-

vanced coding techniques, higher transmission bandwidth, and multiple advanced antenna

schemes [3][5]. As a result, user equipment (UE) needs computationally complex circuitry

draining battery more rapidly than ever to support the 4G features. The increased capac-

ity over the air in LTE-A network and development of smart phones, tablet and e-readers

have changed the internet usage paradigm drastically attracting more users to access in-

ternet over the LTE-A network frequently [54]. These smart devices have also given birth

to several new mobile internet applications called diverse data application (DDA). The

characteristics of traffic generated by of DDA are quite different than those of traditional

internet applications [47]. For example, access of applications like facebook, twitter, skype,

gtalk, IM, and gaming over LTE-A network is increasing rapidly. These applications send

small packets to network every few seconds even when these applications are not being

used by the user actively [47]. In general, DDA generates a short burst of one or more

small sized packets frequently even when UE is in unattended state. As a result, UE keeps

changing states between connected and idle draining a lot of battery power and causing sig-
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Figure 5.7. Various UE states in LTE-A

nificant signalling overhead. Discontinuous Reception (DRX) can be configured in LTE-A

network as an effective power saving mechanism, which largely addresses the power saving

and unnecessary state transition issues of DDA [71].

In LTE-A, UE can stay in RRC Connected and RRC Idle states as shown in Figure 5.7. UE

is registered to network in RRC Connected state and has established radio bearers (signaling

and data radio bearers) with a serving eNB in order to transmit/receive uplink/downlink

data and control messages. UE in RRC Connected state is known to the network at cell

level. This is the state where UE is most active and all data packet transmission related to

the UE takes place. When there is no data activity for a long duration, UE releases radio

bearers and enters RRC Idle state. In Idle state UE is known to the network at tracking

area level and can be reached by the network through paging message [72].

LTE-A network support always connected feature during the RRC CONNECTED state in
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which UE continuously monitors the downlink (DL) control channel called Physical Down-

link Control Channel (PDCCH) in order to check for possible DL data. DRX saves UE

power by allowing UE to monitor PDCCH less frequently and go for sleep whenever there

is no traffic activity [7] [8]. If DRX is configured, UE sleeps whenever there is no data

activity and wakes up only for a short duration called DRX ON duration. The durations

of UE sleep state and UE active state vary based on the DRX parameters setting. Longer

and frequent DRX sleep improves the power saving at the cost of probable increased end-

to-end latency. Obviously shorter and less frequent DRX sleep should improve the latency

performance of the applications running at UE. In real life a tradeoff between power saving

and latency is required based on the application’s latency requirement. Therefore, appli-

cation specific DRX configuration should improve the benefits of DRX in LTE-A network.

A single set of DRX configuration may not be optimal for all applications with various

latency requirements. In this section, we analyze and investigate the benefits of DRX

switching which enables adjusting DRX configuration based on the characteristics of cur-

rent applications running at UE. We defined different sets of DRX configurations some of

which are low power consumption DRX configurations while some are low latency DRX

configurations. We consider latency as a crucial user experience parameter and therefore

use performance-optimized DRX configuration and low-latency DRX configuration inter-

changeably throughout the section. We considered two kinds of traffic for our analysis; a

background traffic without latency requirement and an active traffic with stringent latency

requirement. When background traffic is running with non-continuous active traffic ses-

sions, we showed that DRX switching can improve the latency performance of active traffic

while maintaining similar level of power saving during background traffic only sessions. We

also discussed the mechanism to enable DRX switching based on the traffic characteristics.

DRX mechanism can be configured in both RRC Idle and RRC Connected states. How-

ever, the functionality and configuration parameters are different in each state. In RRC
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Connected state, DRX mechanism may be configured by the radio resource control (RRC)

on per UE basis. DRX controls PDCCH monitoring activity of a UE in the LTE-A sys-

tem [7]. In RRC Idle mode, the UE monitors a paging channel periodically as configured

by DRX cycle, for incoming traffic. In this section, we focus on the RRC Connected

state DRX mechanism, which is configured by the RRC using the timers/parameters:

on Duration T imer (TON), DRX Inactivity T imer (TI), Long DRX Cycle (TLDC),

drxStartOffset, and optionally the drxShortCycleT imer and short DRX Cycle (TSDC)

[7]. Figure 5.8 shows the DRX functionality we have considered in this section. RRC

Idle state is not shown in the Figure 5.8 for simplicity. Generally when there is no packet

activity during the RRC Connected state for a time duration called idle inactivity timer,

UE moves to RRC Idle.

If DRX is configured, UE continuously monitors PDCCH for possible DL packet transmis-

sion when TI is running. Upon DL packet indication in PDCCH or UL packet arrival at

UE, the TI is reset. When TI expires, UE enters DRX cycles by starting the timer TLDC

as we have not considered short DRX cycles. After expiration of TI , DRX cycle may not
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start immediately. Next subframe where DRX cycle shall start after the expiration of TI is

determined by drxStartOffset as described in [7]. During each DRX cycle, UE monitors

PDCCH for TON period and remains asleep for rest of the cycle. DL packet indication in

PDCCH during TON terminates the DRX operation and starts TI . Also, arrival of higher

layer data packets for uplink transmission during TON terminates the DRX cycle and starts

TI . The UL packet arrival during DRX sleep at UE may terminate DRX operation imme-

diately or waits for next TON period to abort the DRX operation. We have assumed latter

case so that UL packet arrived during DRX sleep is delayed until the next TON period.

5.4.1 Optimization of DRX Parameters

DRX in RRC Connected state is defined to help reduce UE power consumption. In TR

36.822 [47], UE power consumption and latency (a user visible metric) are classified as

some of the output metrics of interest. Latency requirements may vary widely among ap-

plications. For example, applications such as social networking, background traffic and IM

traffic usually do not have low latency requirements and hence may need DRX parameters

setting to maximize the UE power saving, while real time applications like video streaming

and gaming may require DRX parameters setting to meet stringent latency constraints.

Since a UE can run various kinds of applications over time, use of a single set of DRX pa-

rameters all the time does not seem to be reasonable to achieve maximum benefit from the

DRX functionality. Therefore, we should define multiple DRX sets of different categories

such as low power DRX category and low latency DRX category. In case of multiple DRX

parameters sets, most favourable DRX parameters set at any time can be selected based

on the current information such as characteristic of applications running at UE, network

conditions and UE battery power remaining.

In this section, we focus on investigating the importance of DRX switching in context of

UEs running different applications over the time. We assume that the user always remains
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in RRC Connected mode (no RRC Idle mode) and will directly enter long DRX after the

DRX inactivity timer expiry as shown in Figure 5.8. We refer to DRX opportunity as

mentioned in [7] as DRX sleep [72]. We assume that different sets of DRX parameters

are available at the E-UTRAN for every UE. In addition, we assume that there exists an

efficient mechanism by which the UE and eNB negotiate and select one of the available DRX

parameter sets at the E-UTRAN. The negotiation mechanism may allow UE to request a

DRX configuration which may not be in the predefined DRX parameter sets at E-UTRAN.

We have used OPNET MODELER 17.1 [62] to implement multiple DRX configuration sets

and required DRX switching mechanism to enable UE and eNB to select most suitable DRX

configuration based on the characteristics of current traffic. Multiple sets of DRX settings

can be configured by user as UE attribute ‘DRX Parameters’. Note that DRX switching

must select one of the DRX settings from this user-configured DRX list. Similarly, multiple

DRX settings can be defined as ‘DRX Parameters’ attribute at eNB. These DRX setting are

exchanged between UE and eNB during the network attach procedure [73]. In real network,

these DRX sets can be exchanged by including these sets as an information element (IE)

in the RRC messages.

The DRX switching mechanism is depicted in Figure 5.10. Initially, UE and eNB select

one of the DRX parameter sets during the UE attach process. For this purpose, one of

the DRX sets can be declared as default set. Alternately, UE may request for a specific

DRX setting based on expected traffic characteristics. However, final decision of DRX

selection is always made by eNB. After initial DRX parameters selection, UE continues

DRX operation with the selected DRX setting unless there is a need for DRX parameters

change. DRX parameters change may be triggered by new applications with different

traffic characteristics than that of current application(s). In our implementation, we focus

on delay-tolerant background traffic sessions and delay sensitive active traffic sessions for

DRX switching. Furthermore, for now DRX Switching is implemented in such a way that
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Example DRX Configuration Sets

Cell1

Figure 5.9. A typical scenario showing implementation of multiple sets of DRX configura-
tions in OPNET Modeler.

it is aligned with start/end of different applications at UE. DRX switching triggered by

change in traffic characteristic in real-time is a topic for our future work. Whenever UE

finds change in traffic (active versus background and vice versa in our implementation),

it requests eNB for its preferred new DRX set. eNB may or may not grant switching to

new DRX set. If granted, UE adopts new DRX parameters. Otherwise, it continues with

current DRX setting [74].

In all of our analysis, we used background traffic based on the background traces included

in TR 36.822 [47]. Background traffic is running at UE throughout the simulation duration.

Active traffic session represents data with frequent packet arrival and larger size of packets

compared to that of background traffic. The simulation parameters and assumptions are

provided in the Appendix. For simulation evaluation, we have considered the percentage of

time spent in DRX sleep duration which can be correlated to the power savings achieved in

UE power consumption and end to end user latency as the output metrics. It is better to

choose higher DRX cycle value for maximal power savings for a given inactivity timer. The
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Figure 5.10. Trigger mechanism for DRX switching
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Table 5.8. Active Time Percentage

Background Traffic

DRX Cyle
Inactivity Timer

10ms 30ms 300ms 500ms 1280ms
40ms 25.1 25.2 26.8 27.8 29.2
80ms 12.6 12.8 14.7 15.8 17.7
160ms 6.3 6.5 8.6 9.9 11.4
320ms 3.2 3.5 5.6 7.5 10.2
640ms 1.7 1.8 3.9 5.4 8.1
1024ms 1.1 1.2 2.6 3.5 5.7
1280ms 0.9 1.0 2.4 3.3 6.5

Active Traffic

DRX Cyle
Inactivity Timer

10ms 30ms 300ms 500ms 1280ms
40ms 28.4 28.6 33.1 35.8 41.0
80ms 16.3 16.8 22.0 25.3 31.9
160ms 10.4 11.1 17.0 20.2 28.2
320ms 7.7 8.2 14.9 18.6 28.1
640ms 5.6 6.0 12.8 15.5 26.2
1024ms 4.5 4.8 8.6 11.4 22.0
1280ms 4.3 4.6 8.7 11.7 25.5

reason is that longer DRX cycle for a given DRX ON duration keeps UE in sleep for longer

duration in each cycle. However, this may not be suitable in terms of delay performance

for active traffic as longer sleep causes higher latency.

Tables 5.8 provides the active time percentage (defined as (100− DRX Sleep Percentage))

for the selected DRX cycles and inactivity timers for UE with background and active traffic

respectively. For example, in Table 5.8 (UE with background traffic), for an inactivity timer

of 500ms, when the DRX cycle is changed from 160ms to 640 ms, there is 4.5% improvement

(in terms of power saving). Similarly, there is 11% improvement in sleep percentage time

between DRX cycle of 80ms to that of 640ms for an inactivity timer of 30ms as shown

marked in the figure (12.8%, 1.8% respectively). Even as the inactivity timer is changed

from 30ms to 500ms, for a DRX cycle of 160ms, the active time % increases by 3.4% to
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Table 5.9. Delay for Background and Active Traffic (s)

Background Traffic

DRX Cyle
Inactivity Timer

10ms 30ms 300ms 500ms 1280ms
40ms 0.02 0.01 0.02 0.02 0.01
80ms 0.03 0.03 0.04 0.02 0.02
160ms 0.07 0.07 0.08 0.06 0.03
320ms 0.15 0.15 0.16 0.14 0.04
640ms 0.31 0.31 0.29 0.26 0.12
1024ms 0.51 0.49 0.48 0.49 0.36
1280ms 0.63 0.62 0.60 0.46 0.32

Active Traffic

DRX Cyle
Inactivity Timer

10ms 30ms 300ms 500ms 1280ms
40ms 0.18 0.18 0.18 0.18 0.18
80ms 0.20 0.20 0.20 0.20 0.19
160ms 0.24 0.24 0.24 0.23 0.22
320ms 0.32 0.32 0.31 0.30 0.28
640ms 0.48 0.47 0.45 0.44 0.40
1024ms 0.66 0.67 0.63 0.61 0.54
1280ms 0.79 0.80 0.75 0.74 0.63

show that there is an effect of change in DRX inactivity timer as well. As is expected, the

active time % for active traffic decreases with increasing DRX cycle length. For example,

for an inactivity timer of 30ms, there is a 10.8% difference between DRX cycle length of

80ms versus that of 640ms.

While power consumption constraints are more important for UE when running only back-

ground traffic; when active traffic is introduced, depending on the type of application,

different delay performance can be achieved as shown in Table 5.9. As is expected the

delay difference generally increases as the DRX cycle is increased. In order to meet tight

latency requirements for active traffic, for example, to ensure that it is less than 200ms,

the UE needs to have DRX cycle length of 80ms or lower (i.e. 40ms). Referring to Table

5.9, depending on the type of active application, the need in terms of latency varies widely
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based on the long DRX cycle chosen. If a value of 640ms is chosen to be nominal for power

savings, it will introduce an average of 450ms delay that may be unacceptable for some

active applications.

For background traffic, we assume that the delay is not a constraint and that power con-

straint is more important condition to be met. As for active traffic, for the same DRX

inactivity timer and DRX cycle length of 30 ms and 80 ms respectively, the delay is within

200ms requirement, but there is a trade-off in the power savings in that it is almost 11%

less power efficient than that of 640ms of DRX cycle length for the same DRX inactivity

timer. Thus, DRX switching can be beneficial to optimize between power and performance

for a UE running different kinds of applications at different times.

UE assistance may help to choose the appropriate DRX parameters in order to improve

the quality of user experience. For delay tolerant application users, power optimized DRX

parameters will provide high power saving with longer battery life. On the other hand, for

active traffic users delay optimized DRX parameters will satisfy their delay requirement at

the expense of more power consumption.

5.5 Conclusion

In this chapter, we have presented a common platform for wireless communication systems.

First, we have investigated mechanisms to optimize TCP/IP throughput over CDMA2000

network. Secondly, we have optimized the VoIP capacity of WIMAX systems with header

compression. Finally, we have shown the trade off between power saving and latency of

DRX mechanism in LTE-Advanced.



CHAPTER 6

FUTURE DIRECTIONS AND CONCLUSIONS

With the increase of the usage of mobile devices such as smart phones, tablets etc. that

offer internet applications like social networking, email and web browsing, user expectations

rise in terms of higher data rates and minimum power consumption. In this dissertation,

we have proposed radio resource control mechanisms to tackle these two problems.

ARQ is used to improve the data rate and reliability over the cellular networks. For the op-

timization of the ARQ parameters, the distribution of the product of independent random

variables is needed. In this dissertation, we have proposed an approximation to the distri-

bution of products of independent random variables by the widely applicable Nakagami-m

distribution by means of moment matching method. Existing methods to evaluate the sta-

tistical properties of product distributions are limited to numerical approximations based

on distribution fitting tools, Gaussian approximation, or special functions in terms of in-

finite series. The obtained results show that the moment matching method can be useful

even approximating the product distribution of Rician random variables as Nakagami-m

distribution. Moment matching also allows us to obtain the insightful results with analyt-

ical means. The analytically tractable Nakagami-m distribution can significantly simplify

the performance analysis of ARQ and Hybrid-ARQ transmission systems. We have demon-

strated the usefulness of the proposed approximation in rate offset calculations for ARQ

systems and compared the performance of proposed approximation with Gaussian approx-

imation. This work can be extended to analyse performance of ARQ systems as a function

of average SNR and outage probability.

Combining channel coding and retransmission protocols are simple and effective solution
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for high data rate and reliable random multi-access communication. On top of that adding

MIMO support to random access schemes improve the reliability of the system by adding

more degrees of freedom. We have proposed a threshold based multi-access system then

we have extended analysis to multi antenna systems. We have showed the affect of simple

receive beamforming on Aloha, Chase combining and INR Hybrid-ARQ schemes and came

up with analytical throughput expressions using reward renewal theorem. In our analysis,

we have assumed that the power of each user is fixed. However, in real networks power

control is another way to combat the channel error. This work can be extended with the

inclusion of power control.

For power consumption issues, we have demonstrated the necessity of optimizing DRX

configuration. With DRX configuration optimization, networks can maintain a tradeoff

between power saving and latency. We have developed an analytical model for the DRX

operation in context of both active traffic and background traffic. We have derived ex-

pressions for performance parameters such as power saving and buffering delay. We then

formulated an optimization problem to find tradeoff between power saving and delay based

on operator’s preference for power saving and latency. We have validated the analytical

model through system level simulations. Results showed that proposed tradeoff scheme is

highly efficient in tuning DRX configuration to achieve required power saving while ensuring

reasonably low latency. This work can be extended to find the optimum DRX parameters

for VoIP application.

Broadband wireless access has gained traction during the past few years by deployment

of OFDMA based LTE and WIMAX systems around the world. Network modeling and

simulation of these cellular technologies are crucial to improve the performance and to

evaluate new features. Our unified simulation environment has provided unique ways to

simulate and enhance these cellular technologies.



APPENDIX

A.1 Instantaneous SINR Conditioned on the Number of Interfering Users for

Single Antenna Systems

The CDF of instantaneous SINR µ (3.21) with u on-off interferers based on threshold

γT

F u
µ (z) = Pr{µ ≤ z} = Pr{γ̂ ≤ (1 + γ̂uMAI)z}

=

∫ ∞

0

dy

∫ z(1+y)

0

dxfγ̂(x)fγ̂u
MAI

(y)

=

∫ ∞

0

Fγ̂(z(1 + y))fγ̂MAI
(y)dy

After some manipulations the CDF becomes

F u
µ (z) = pU [z] + pu

(
e−γT /γ − e−z/γ

)
U [z − γT ]

+
u−1∑
K=0

(
u
K

)
pK
{(

e−γT /γFu−K

[
γT/z − 1

γ

]
− e−z/γG(

γT/z − 1

γ
, u,K)

)
× (U [z]− U [z − γT/((u−K)γT + 1)])

+

(
e−γT (u−K+1)/γ − e−z/γ e

−(u−K)γT (z+1)/γ

(z + 1)u−K

)
U [z − γT/((u−K)γT + 1)]}

where

p = 1− e−γT /γ

G(v1, u,K) =

∫ ∞

v1−γT (u−K)

e−γT (u−K)(z+1)/γtu−K−1

γu−K(u−K − 1)!
e−t(z+1)/γdt v = v1/γ

FN(v) = e−NγT /γ

N−1∑
k=0

vk

k!
e−v
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The CDF of the instantaneous SINR for K = 2 users (u = 1 interfering user) can be

expressed as:

F 1
µ(z) = (1− e−γT /γ)U [z] +

ze−(zγT+γT−z)/(zγ)

z + 1
(U [z]− U [z − γT

γT + 1
])

+ (e−2γT /γ − e−(γT+(γT+1)z)/γ

z + 1
)U [z − γT

γT + 1
]

+ (1− e−γT /γ)(e−γT /γ − e−z/γ)U [z − γT ]

A.2 Instantaneous SINR Conditioned on the Number of Interfering Users for

Multiple Antenna Systems

As it is shown in [14], the cumulative distribution function of instantaneous SINR

µ with u on-off interferers with M receive antennas

Fµ,M(x) = Pr{µ ≤ x} = Pr{XM ≤ (1 + Y )x}

=

∫ ∞

0

dy

∫ x(1+y)

0

dxfXM
(x)fY (y)

=

∫ ∞

0

FXM
(x(y + 1))fY (y)dy

After some manipulations the CDF becomes

Fµ,M(x) = 1− e−x/γ

(1 + x)u[
M−1∑
k=0

k∑
l=0

(x/γ)k−l

(k − l)!
(

x

x+ 1
)l
(
u− 1 + l
u− 1

)]

where u is the number of interfering users.
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He received the Bachelor of Science degree in Electrical & Electronics Engineering from

Bilkent University in June, 2001 in Ankara, Turkey. He then joined the graduate school at

The University of Texas at Dallas in August, 2001. He received the Master of Science degree

in Electrical Engineering from The University of Texas at Dallas in December, 2005. He

has been working at Intel Corporation since January 2006 as a network software engineer.

He has worked on power control, interference mitigation and power saving mechanisms

for IEEE 802.16e and IEEE 802.16m networks in the past. His current research interests

include device power saving and user experience enhancement mechanisms in 3GPP LTE-A

networks.

Permanent address: 2356 NW Edinburg Drive
Hillsboro, Oregon 97124

This dissertation was typeset with LATEX
† by the author.

†LATEX is a document preparation system developed by Leslie Lamport as a special version of Donald
Knuth’s TEX Program.


