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Abstract 

Since modem telecommunication systems are nearly all digital systems, the use of 

discrete-time queueing models is investigated for the performance analysis of some of 

these systems. Several discrete-time single server queues are studied and the relationships 

among the discrete-time queues and the continuous-time queues are also discussed. 

To analyze modern multiple traffic wireless systems. the speech interpolation 

systems are first analyzed. Queueing models are developed for the speech interpolation 

system with loss. the speech interpolation system with delay and the speech interpolation 

system with delay and loss. Then the voice/data TDMA system are studied by the use of 

the developed modeling techniques. The queueing model for this system can be obtained 

by integrating the data traffic into the speech interpolation system with loss. Finally, the 

video traffic in wireless mobile systems and the multimedia TDMA system with voice 

traffic, data traffic and video traffic are investigated. The mean system deiays are 

presented as measures of performance. 
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CHAPTER ONE 

Introduction 

1.1 Mathematical Modeling 

In the performance analysis of a physical system, the first step is to derive a 

reasonable mathematical model. The model of a system is a mathematical expression that 

accurately represents the behavior of the system under consideration. A physical system 

may be represented in many different ways and therefore may have many models, 

depending on the perspective of the investigation. 

The probability distribution of a random variable is a mathematical expression 

that describes the probabilistic properties of that variable. The traffic flow and the service 

times of calls or messages in many telecommunication systems, such as telephone 

systems, data processing systems and computer communication networks, may be 

described in terms of probability distributions. 

A queueing model is the mathematical description of a queueing system, which 

may be characterized by its input process, service mechanism and queue discipline [I]. 

Queueing models are widely used to simulate the operation of telecommunication 

systems. 



1.2 Queueing Systems 

Queueing systems can be categorized by the number of servers. When there is 

only one server in a system, it is called a single-server queue. If there is more than one 

server in a system. it is called a multiple-server queue. Also, queueing models can be 

divided into two groups: continuous-time queues and discrete-time queues. 

The major continuous-time single-server queues include the M/M/I queue, the 

M/G/I queue. the bl/D/ 1 queue and the GI/M/ 1 queue. All these queues have been 

studied extensively and presented in [2.3]. The major continuous-time multiple-server 

queues are the well-known Erlang loss system. the Erlang delay system and the combined 

deiay and loss system. These three Erlang systems have been widely used in modeling 

telecommunication systems and computer nehvorks. 

Since modem telecommunication systems are nearly all digital systems, discrete- 

time queueing models are more appropriate for them than continuous-time queueing 

models. With regard to the discrete-time single-server queues, some models have been 

proposed and studied such as the Geo/Geo/l queue, the GVGeo/l queue, the Geo/D/l 

queue and the PB/Geo/l queue [J]. However, they have not yet been extensively 

explored. Regarding the discrete-time multi-server queues, no closed form solutions have 

been obtained for their state probability distribution. As a result, they are not very useful 

for performance analysis. 
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For some systems, the arrival process is a continuous-time Poisson process while 

the service time is a discrete-time process. In this case, the discrete-time MIGIl queue is 

appropriate to model these systems. 

1.3 Telecommunication System Modeling 

Human conversation in telecommunication systems has traditionally been treated 

as a continuous source. However. in 1969 P. T. Brady [j] found that a single voice source 

can be represented by a two-state process: human speech consists of an alternating 

sequence of talk intervals. typically with mean length from 0.4 to 1.2 seconds, followed 

by silence intervals with mean length from 0.6 to 1.8 seconds. These two sequences may 

be approximated by exponential distributions. 

This phenomenon has been used in analog telephony to pack multiple calls into a 

smaller number of telephone circuits (trunks). The system employing this technique is 

known as the Time-Assigned Speech Interpolation (TASI) system. For the digital 

telephony. it is called the Digital Speech Interpolation (DSI) system. 

In order to evaluate the performance of speech interpolation systems. suitable 

mathematical models must be found. Queueing models are first developed for the speech 

interpolation system with loss. the speech interpolation system with delay and the speech 

interpolation system with delay and loss. Using these models, the Grade of Service (GoS) 

for speech interpolations systems are determined in terms of the probability of call 



blocking, the probability of call waiting, mean call waiting time and the probability of 

voice packet loss. 

In traditional systems, the TASI and DSI systems provide only voice service. In 

modem mobile systems, more and more data services are provided, such as paging, 

personal e-mil, interactive data, the Internet and so on. In addition, the present 

technologies make video services possible over broad band channels. Consequently, 

cordless videophones. movies, videoconferencing and other Videosn-Demand services 

could be supported by a multimedia mobile system in the future. 

Some research has been done for the voice/data mobile system [6 - 101. Different 

methods have been presented to integrate voice traffic and data traffic and the results 

have been compared. Many mathematical models [ I  1 - 151 have been developed to 

investigate video traffic and to evaluate the performance of multimedia systems with 

voice. data and video traffic. However, most of them are for computer networks 

especially the ATM networks. 

In our studies, the voice/data TDMA system with speech interpolation and the 

multiple traffic TDMA system with speech interpolation are based on the speech 

interpolation system with loss. These two systems integrate the data traffic with the voice 

traffic and the video traffic. The transmission time distributions and the total delay time 

of the data packet will be presented for these systems. 



1.4 Thesis Overview 

Chapter Two introduces the basic probability distributions. These distributions are 

used to describe the arrival processes, the service time and the system state for the 

queueing models. Some relationships among these distributions are also presented. 

Chapter Three investigates some discrete-time single-server queues, such as the 

Gro/Geo/l queue, the GI/Geo/ 1 queue, the Gro/D/ 1 queue. the PB/Geo/ 1 queue and the 

discrete-time M/D/I queue. As a general model, the GI/G/l queue is studied and 

compared with other queues. The relationship between discrete-time queues and 

continuous-time queues is also studied. 

Chapter Four reviews the major multiple-server queues. Some important 

properties of the Erlang loss system. the Erlang delay system and the combined delay and 

loss system are presented. 

Chapter Five investigates speech interpolation systems. The properties of human 

speech and the speech interpolation techniques are studied to improve the capacities of 

the Erlang systems. Then the call traffic and the voice packet traffic for these speech 

interpolation systems are discussed and their grade of service are presented. 

Chapter Six investigates applications for multimedia mobile system modeling. 

The voiceldata TDMA system integrates the data t ra f f~c with the voice traffic of the 

speech interpolation system with loss. In the case of the multiple traffic TDMA system, 

the data traffic is integrated with the video traffic as well. The protocol of integration and 

video traffic modeling are also presented. 
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CHAPTER TWO 

Probability Distributions 

In this chapter. we will give a brief review for some basic probability 

distributions. The probability distribution of a random variable is a description of the 

probabilistic properties of that random variable. such as the interarrival times or service 

times of the customers in a queueing system. In continuous-time queueing theory. the 

Poisson distribution and the exponential distribution are extensively used. while in 

discrete-time queueing theory. the Bernoulli trail. the geometric distribution and the 

binomial distribution are the most important distributions. For funher reading, one may 

refer to [2 - 41. 

2.1 The Exponential Distribution 

A random variable X is said to be exponentially distributed with a mean of 1/X, 

DO, if its c~rmulative distribution function (cdf) takes the form 

F ( x ) = P { x x } = I - e - k ,  x 2 0  (2.1) 

where P{X -< x) is the probability that X is smaller than or equal to x. 
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The corresponding probabilify densityfiinclion (pdf) is simply the derivative of F( x ) 

with respect to x , and takes the form 

f ( x )  = ~ e - ' ~  , x 2 0  (2.2) 

The mean value of X is equal to 

and the variance ofX is given by 

1 var [XI = - 
h2 

The most important feature of the exponential distribution is its property of 

independence of past history. which is called the Markov property or the Memoryless 

property. It appears that the exponential distribution is the only known continuous 

distribution that has this property [ 2 ] .  

According to the measurement made by the American Telephone and Telegraph 

Company. the holding time distribution of telephone voice calls in the Public Switched 

Telephone Network is very close to an exponential distribution [2]. The assumption of 

exponentially distributed call holding time is an approximation for wireless mobile 

systems. Therefore, in telephone system modeling, the exponential distribution is usually 

used to describe the holding time distribution of telephone voice calls. 



2.2 The Poisson Distribution 

A discrete random variable X is said to have a Poisson distribution with a mean of 

a, a>O, if X takes on one of the values 0, I. 2, . . . with the probability 

where u = h t, t is a fixed time interval. 

And the probability generating function of X is defined by 

from which the mean and the variance can be calculated and are given by 

E[X] = Var [XI = a  (2.7) 

In telephone system performance evaluation, the incoming traffic flow of most 

systems can be described by the Poisson input process. and the distribution of the number 

of call arrivals is considered to be a Poisson distribution. Further. for a Poisson input 

process. inter-event times are exponentially distributed [ 2 ] .  

2.3 The Bernoulli Trial 

A discrete random variable X is said to be a Bernoulli random variable if, in a 

single trial it has only two possible outcomes, say X=l and X=O (often called success and 
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failure, respectively), and they occur with probabilities P {X= I } =p and P {X=O J = 1 -p, 

respectively. 

The probability generating function, the mean value and the variance can be 

easily obtained as 

912) = I -  p + pz (2.8) 

E[Xl= P (2.9) 

Var[XI = ~ ( 1  -P) (2.10) 

A typical example for the Bernoulli trial is the experiment of coin tossing. In 

discrete-time queueing theory. the Bernoulli trial is one of the most important 

distributions and usually used to describe the arrival process in a digital communication 

system. 

2.4 The Binomial Distribution 

A discrete random variable X is said to have a binomial distribution if, with n 

Bernoulli trials, it takes one of the values 0, 1,2, . . . , n with probability 

The binomial distribution describes the number of successes in n Bernoulli trials without 

regard to order. where in each trial the probability of success is p. 

The probability generating function is given by 



s(z) = (1 - P + p a n  

The mean value is given by 

El71  = nP 

and the variance is 

Var[X] = np(1 -p) (2.14) 

The binomial distribution has found some applications in discrete-time modeling. 

Some distributions. like the Bernoulli trial, the Poisson distribution and the Normal (or 

Gaussian) distribution, may be approximated by the binomial distribution as limiting 

cases. 

The binomial distribution can be derived as the sum of n independent BemoulIi 

random variables. Meanwhile, the Bernoulli trials can be regarded as a special case of the 

binomial distribution with n= I .  

2.5 The Geometric Distribution 

Consider a sequence of Bernoulli trials. Let p be the probability of success in any 

particular trial. Define the discrete random variable X as the number of trials required up 

to and including the first success. Then X is said to be geometrically distributed with 

probabilities 

P{X = x) = (1 - p)'-' p , x = I ,? ,  ..* 

The probability generating function is given by 



The mean value of X, or its first moment is 

while the variance of X is given by 

The geometric distribution is the discrete counterpart of the exponential 

distribution. Like the exponential distribution, the geometric distribution is the only 

discrete distribution that has the Markov property and is extensively used in discrete-time 

stochastic modeling. In computer network and digital telephone system modeling, the 

geometric distribution is usually used to describe the length distributions of the messages 

and voice calls. 

2.6 Summary 

In this chapter, some basic probability distributions are presented. These 

probability distributions will be used to describe the arrival processes and service times - 
of the customers in queueing systems. 

The probability distributions and their generating functions are the most important 

characterizations needed to describe the probabilistic properties of a random variable. In 
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addition, statistical properties such as the variances, the mean values and other moments 

can be calculated from the probability distribution and generating functions. 

The Markov property of a random variable plays an important role in the analysis 

of queueing systems. The exponential distribution is the only known continuous 

distribution that has the Markov property and the geometric distribution is the only 

known discrete distribution. 



CHAPTER THREE 

Discrete-Time Single-Server Queues 

Many of the problems encountered in performance analysis of communication 

systems can be approached using queueing theory. It should be noted that deriving a 

reasonable mathematical model for the traffic tlow, the service time. and the system is the 

most important part of the performance analysis. Once a mathematical model of the 

system is obtained. various analytical and computational tools can be used to analyze that 

system and its statistical behavior. 

In this chapter. the fundamental concepts of discrete-time queues and Little's 

formula with regard to discrete-time are first presented. Then several queueing models 

are developed. and some results are obtained for elementary discrete-time single-server 

queues. To obtain the performance measure of a queueing system. two parameters are the 

most important: the mean waiting time and the blocking probability. The results of these 

queues are also compared with the continuous models. 



3.1 Introduction 

3.1.1Queueing Models 

The tint step in the analysis of a telecommunication system is to derive its 

mathematical model. The principal characteristics of queueing processes are (a) the input 

process, (b) the service mechanism, and (c) the queue discipline. The input traffic flow 

and the service times may be described in terms of probability distributions. The queue 

discipline describes the operation of the queueing system, for which the waiting capacity 

and the order for servicing waiting customers are specified. 

To represent the queueing models. Kendall's notations are used [2]. Ir. general. 

these notations can be represented as A/BIC/n. where A and B specify the arrival process 

and service time distribution respectively. C denotes the number of servers. and n 

represents the size of the waiting room. The letters, which describe the arrival and service 

processes. are chosen from a sma!l set of descriptors. We use the following notations in 

this thesis. 

D - Deterministic or constant interarrival or service times 

M - Markovian (memoryless) process 

Geo - Geometric distribution, which can be used to represent the interarrival 

times or the service times for queueing systems in discrete-time 

GI - General, independently distributed interarrival times 

G - General (arbitrary) service times 



PB - Poisson bulk arrival process 

In discrete-time queues, the time axis is divided into equal intervals, called slots. 

Servicing of customers is synchronized to begin and finish at slot boundaries. Without 

loss of generality, we normalize the length of a slot to unit time. Slots are sequentially 

numbered in nonnegative integers so that the kth slot is the time interval [k- 1, k), where k 

- - 1.2, ... . In all discrete-time queueing systems, we shall assume that arrivals only occur 

just aher the beginning of a slot, while all depmures occur just before the end of a slot. 

The number of amvals in slot k is denoted by ak and the number of departures in slot k is 

denoted by dk, with do = 0. 

Xk 

time 

d k  
4- S10tk -b 

Figure 3- 1. Discrete-time queueing model. 

A discrete-time model is shown in Figure 3- 1, where yk denotes the number of 

customers in the system at the slot boundaries and xk denotes the number of customers in 

the system just after the arrivals have taken place. In this case, the following equations 

can be written [4] 

yk = yk-1 + ak - dk 

Xk = yk-1 + ak 

Substituting (3 2) into (3.1) yields 



3.1.2 Little's Formula 

Little's formula is an important mean value result of queueing theory [2]. It 

specifies the relationship between the mean system time, W, the mean arrival rate of 

customers into the system, k ,  and the mean number of the customers in the system, L, as 

L = ?L W. A simple proof of Little's fonnula can be given below [4]. 

Consider a general queueing system with a service facility. The arrival and the 

service processes are completely arbitrary and independent of each other. The queue 

discipline and the number of servers are also arbitrary. Suppose L and W exist and that 

the queueing system is stable and in equilibrium. Consider a long time interval of k slots 

and Irt the mean arrival rate be h customers per slot. Then, during the k slots. the mean 

number of arriving customers is Ak. If each customer spends, on average, W slots in the 

system. the mean mount of time spent by the customers in the k slots would be XkW. 

Since L is the mean number of customers present during the k slots, then Lk is the mean 

number of slots spent during the k slots. If we let k+m. we expect that at that point the 

above two quantities A k W  and Lk will be equal. Thus, we have 

ARW 
lim- = f 
k + ~  Lk 

and hence 

L= hW 
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Note that this proof did not require special assumptions concerning the arrival and 

the service processes or the queue discipline. Thus, Little's formula is extensively used in 

the analysis of queueing systems. 

3.1.3 Traffic Flow Models 

There are two models which represent the input traffic flow: the probability 

distribution of the number of arrivals in a fixed time interval and the interanivd time 

distribution. In a continuous-time queueing system. the Poisson input process has the 

exponential interarrival time distribution, while in the discrete-time case. there is a 

similar relationship between the Bernoulli input process and the geometric interarrival 

time distribution. 

Consider a Bernoulli input process with the probability of an arrival in a slot. p. 

The interarrival time is distributed with probability 

P ( X  = x) = (1 - /7)"" p , x = l , 2 ,  ... 

This is the same as (2.15). Therefore, the Bernoulli input process has a geometric 

interarrival time distribution. 



3.2 The GeoIGeoll Queue 

The Geo/Geo/l queue represents a queueing model with a Bernoulli input 

process, geometrically distributed service times and one server. It is assumed that there is 

unlimited waiting room and the queue discipline is first-come first-served. Note that the 

Bernoulli input process can also be modeled by the geometrically distributed interarrival 

time. 

Let u be the probability of an arrival in a slot. P be the probability of a departure 

in a slot, where a < p, and p, be the probability of j customers in the system observed just 

after an arrival has occurred (xr of Figure 3-1). In this case, the following one-step 

transition probabilities in a slot can be obtained [4]: 

a) The probability of no transition in state 0 is equal to the probability of no arrival in a 

slot. pw = I -a. 

b) The probability of no transition in state j, j >O. is pi, = ap + (I-a)(l-P). where ap is 

the probability that there is 1 arrival and 1 departure in a slot and (1-a)(l-P) is the 

probability that there is no arrival and no departure in a slot. 

c) The transition probability from state 0 to state I is equal to the probability of 1 arrival 

in a slot, poi = a. 

d) The transition probability from state j+ l to state j is pj+l. j = P(1 -a), where P(1-a) is 

the probability that there is no arrival and 1 departure in a slot. 
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e) The transition probability from state j, j>O, to state j+l is pj, j+l = a(l -P), where a(1- 

p) is the probability that there is 1 arrival and no departure in a slot. 

According to these transition probabilities, a state transition probability diagram is 

shown in Figure 3-2, where the numbered circles denote the number of customers in the 

system (the states). 

Figure 3-2. State transition probability diagram for the Geo/Geo/ l queue. 

The stationary probabilities are given by 

po = Po (1-a) + PI P(1-a) (3.5) 

where po (1-a) is the probability that the system remains in state 0 and p, P( 1-a) is the 

probability that the system transfers from state 1 to state 0. 

PI = Po a + P I  [up + (1- a)(I-P)l + P l  (l-a)P (3 -6) 

where poa is the probability that the system transfers from state 0 to state 1, pl [ap + (1  - 

a)([ -P)] is the probability that the system remains in state 1 and p2(l -a)P is the 

probability that the system transfers from state 2 to state 1. 

pr = PI ~((1-P)  + pz [aP + (1- a)(l-P)lf ~3 (1-a)P (3.7) 



where pl a(1-p) is the probability that the system transfers fiom state 1 to state 2, 

p?[ap+(l- a)( 1-P)] is the probability that the system remains in state 2 and p3(l-a)P is 

the probability that the system transfers fiom state 3 to state 2. 

In seneral. we have 

where pj.1 a(l -p) is the probability that the system transfers from state j- I to state j, 

pj[ap+(l - a)( 1 -P)] is the probability that the system remains in state j and pj-[(l-a)P is 

the probability that the system transfers from state j+I to state j. 

Solving these equations yields 

The general form is given by 

Let 



then 

Using the normalization condition 

it is found that 

Thus the stationary probability distribution is obtained 

The probability of waiting, which is defined by the probability that an arbitrary customer 

finds the server busy. is given by 

where ?r, is the probability of j customers in the system observed by an arriving customer, 

which may be approximated by pj, the probability of j customers in the system observed 

by an outside customer. One can refer to [2] for more details. 

E[N], the mean value of the number of customers in the system N is given by 

The behavior of E M  is plotted in Figure 3-3. 



Figure 3-3. Average number of customers Em] versus a. 

The variance Varp] is given by 

By means of Little's formula (3.4) and (3.19), the average time delay T in the system is 

given by 

E [ N ]  1-a T=-=- slots 
a P-a 

The dependence of  the average time delay T on the probability a is shown in 

Figure 3-4. 



Figure 3-4. Average time delay T versus arrival probability a. 

Note that if At. the length of a slot. becomes sufficiently small so that a + 0 and 

p + 0 in such a way that cc/P -+ p. the GeolGeoIl queue should approach the 

continuous-time M / W l  queue. where p is the offered traffic. 

Let h be the mean arrival rate, p be the mean departure rate and Alp = p. where 

u = h . A t  (3 2 2 )  

p=pat  (3 2 3 )  

Then (3.1 7) can be written as 

As At + 0, (3.24) becomes 



Also from (3.2 1 ), the mean delay time becomes 

1-a T =  - I -a 
slots = - At 

P -a P -a 

As At + 0. the mean delay timr becomes 

Note that (3.24), (3.25) and (3.26) are exactly the same as the equivalent results of 

the continuous-time M/M/ 1 queue. The Gro/Geo/ 1 queue will approach the continuous- 

timr bl/'M/l queue when At + 0. 

3.3 The GIIGeoll Queue 

The GI/Geo/l queue denotes a queueing model with general, independently 

distributed interarrival times. geornevically distributed service times and one server. In 

addition, infinite waiting room is assumed. 

Let u, be the probability o f j  arrivals in an arbitrary slot, defined by 

For stability of the system, the condition is 



Then the Markov chain will have a unique stationary probability distribution. The 

transition probabilities can be specified as [4] 

The balance equations for this Markov chain are 

where poao is the probability that the system remains in state 0 and plaoP is the 

probability that the system transfers from state 1 to state 0. 

where po a1 is the probability that the system transfers From state 0 to state 1. pl [a1 P+ 

ao(l-P)] is the probability that the system remains in state 1 and plaoP is the probability 

that the system transfers from state 2 to state I .  

where poa2 is the probability that the system transfers from state 0 to state 2, 

pl [a2P+al(l-P)] is the probability that the system transfers from state 1 to state 2. 

p2[alP+ ao(I-P)] is the probability that the system remains in state 2 and p3aaP is the 

probability that the system transfers from state 3 to state 2. 

The general form is given by 



where aj =O if j < 0, poaj is the probability that the system transfers fiom state 0 to state j 

and ~ ~ [ a ~ . ~ + ~ P + a , - ~ ( l - P ) ]  is the probability that the system transfers fiom state i to state j. 

To solve the equation in (3.3 l), we introduce the generating functions of the 

arrival, the senrice time and the queue length processes, denoted respectively by A@), 

B(z) and G(z). A(z) is defined by 

Since the service times are geometrically distributed. B(z) is the generating function of a 

Bernoulli process. Recall from Chapter two 

And the generating bnction of the queue length process is defined by 

Multiplying (3.3 I )  by r' and summing for j from 0 to oo yields 

Solving (3.3 5) gives 



r - B(z) 
G(z) = po A(z) 

-T - ( z )  B(z)  

From the normalization condition 

Substituting z = I into (3.36) and using I'Hospital's rule yields 

Since At(I) = ja, = a 

From this generating function, the mean queue length can be calculated by using 

E[N] = Gf(l) (3.43) 

Since Gt(z) is of the form 010 at z =I .  applying I'Hospital's rule twice yields 

Using Little's formula, the mean delay time is equal to 



The Geo/Geo/l can be regarded as a special case of the GUGeo/l queue with a 

Bernoulli input process. From (2.10) 

Substituting (3.46) in (3.45) yields the mean delay time 

This is exactly the same result of (3.2 1). as expected. 

If the arrival process has a Poisson distributed bulk size, it becomes a PBIGeoll 

queue. From (2.7) 

Then A"(1) = a' and the mean delay time is 

It is interesting to note that if At becomes sufficiently small so that a + 0 and P 

+ 0 in such a way that a/p + p, (3.48) will approach the same result as (3.26). 

Comparing (3.21) and (3.48), it can be seen that the mean delay time, T. of the PB/Geo/l 

queue is always greater than that of the GeolGeoll queue. These two results tend to the 

same value as At approaches zero. 

The PBIDII is a special case of the GVGeoll with Poisson bulk arrivals and P = 1. 

In this case. the mean delay time is 



3.4 The GUG11 Queue 

The GIIGI I queue is a general queueing model with general independent input, 

one server and infinite waiting room. Both the single and bulk arrival processes are 

considered. To find the generating function. a two-dimensional Markov chain is 

introduced to describe the behavior of the system. Then. an expression is obtained for the 

joint generating function of the equilibrium state vector. For further reading, one can 

refer to [16 - 171. Consider the time points at arbitrary slot boundaries to study the system 

occupancy, the generating functions is given by: 

Since po = G(O), A'(1) = a and B'(1) = I l p ,  po is given by 
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It is interesting to note that these results are the same as those of the continuous-time 

M/G/1 queue. 

For PBIDI1, m? = I .  the mean delay time is 

This result agrees with (3.49). 

2 - p  
For the PB/Geo/ 1. m2 = - , the mean delay time becomes 

P 2  

which is the same resuit as (3.48). 

3.5 The Discrete-Time M/G/l Queue 

A digital communication system, such as a TDMA system. is characterized by its 

time-slotted and synchronous services. Suppose that the arrival process of customers is 

assumed to follow a continuous-time Poisson process. Customers that arrive during a 

time slot will wait in the queue for the next available slot. 

To model this kind of system, the discrete-time WG/l queue is introduced. In this 

queueing system, the interarrival times are assumed to be identical and exponentially 



distributed with mean i/a slots. The servicing of customers is synchronized to begin and 

finish only at slot boundaries. Customers that arrive during a slot have to wait in the 

queue for the next available slot even if the server is free. Also, unlimited waiting room 

and first-come first-senred discipline are assumed. 

Since the pdf of the interarrival time is 

j[.r) = a e-". x > 0 

equivalently the number of arrivals in a slot has the same Poisson distribution as that of 

the PB input process. which has a Poisson distributed size of bulk arrivals. However, 

customers in a discrete-time M/G/ 1 queue have to wait, on average. an additional half slot 

more than that of customers in a PB/G/l queue. Therefore. from (3.58) the mean waiting 

time and the mean system delay are obtained for a discrete-time M/G/l queue. 

respectively, 

and 

For the discrete-time M/Geo/l queue, customers have to wait. on the average, an 

additional half slot more than that of customers in a PBIGeoil queue. From (3.48), the 

mean delay time in the system of the discrete-time M/Geo/l queue is given by 



For the discrete-time M/D/I queue, we substitute P = I  into (3.6 1). Then the mean 

delay time in the system is given by 

3.6 Summary 

This chapter began with a general introduction to the discrete-time queueing 

theory. Kendall's notations were used to represent the queueing models. It  was shown 

that Little's formula applies to any anival and service process or queue discipline. In 

addition. we presented two input traffic tlow models: the probability distribution of the 

number ofarrivafs in a fixed time interval and the interarrival time distribution. 

Using the state transition probability diagram Figure. 3-2. the system state 

probability distribution was derived for the Geo/Geo/l queue. Then the waiting 

probability. the average number of customers in the system and the mean delay time were 

presented. Also. it was shown that the Geo/Geo/l queue approaches the M/M/l queue 

when At + 0. 

Using the generating functions. the mean delay time can be obtained for the 

GVGeoIl queue. the PB/Geo/l queue, the PB/D/I queue, the GVGIl queue, the GIIGeoll 

queue and the PBIGll queue. In addition, the relationships among these queueing systems 

were discussed. 
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For the discrete-time M/G/1 queue, the customers have to wait, on average, an 

additional half slot more than the PB/G/I queue. Using this fact, the mean delay time for 

the discrete-time M/G/l queue, the discrete-time M/Geo/l queue and the discrete-time 

M/D/l queue are also obtained with little effort. 



CHAPTER FOUR 

Multiple-Server Queues 

Having studied the single-server queues in Chapter 3. this chapter will investigate 

the multiple-server queues in continuous time. Some important features of the multiple- 

server queues are presented. including the Erlang loss system, the Erlang delay system 

and the combined delay and loss system [ 2 ] .  

4.1 Introduction 

In continuous-time queueing theories, the Erlang systems may be defined by the 

following specifications: 

1. The arrival process of calls is assumed to be Poisson with a rate of h calls per second. 

2. The holding times are assumed to be mutually independent and identically distributed 

random variables following an exponential distribution with a mean of 1/p seconds. 

3. The system has s lines serving the calls. 

4. Calls are served in order of arrival. 



This chapter will investigate several Cundamental questions concerning the service 

of incoming calls by a number of lines. These incoming calls follow a Poisson process 

with a constant arrival rate. The process of service operates in such a way that each 

incoming call occupies a free line for a period of time, called the holding time or service 

time. While a line is seized by a call, it is inaccessible to other calls. 

If. upon arrival, an incoming call finds all lines busy, the call is said to be 

blocked. In problems of telephone system design, there are two ways to handle blocked 

calls: (a) A blocked call is simply refused and is lost as though it had not occurred at all. 

This type of systrm is called a loss system; (b) A blocked call remains in the systrm and 

waits for a free line. This type of system is called a delay system. 

4.2 The Erlang Loss System 

The Erlang loss system can be modeled by the binh and death process with the 

binh and death rates as follows: 

and 



Under equilibrium conditions, the state probability distribution of the Erlang loss 

system can be obtained a@] 

This probability distribution is called the truncated Poisson distribution or Erlangws loss 

distribution. 

In particular. when k = s. the probability of loss is given by [2] 

In the United States, (4.4) is called the Erlang loss formula or the Erlang B formula, 

while in Europe. it is called Erlang's first formula and is denoted by E I., (a). Two typical 

groups of Erlang B curves are given in Figures. 4-1 and 4-2. 

The carried load or carried traffic is given by [2]: 

u' = a [ l  - B(s. a)] 

It is important to note that (4.3) and (4.4) are valid for any holding time 

distribution with a finite mean of 1/p . As a result, for the continuous-time M/Gls/O 

queue. the state probability distribution is also given by (4.3) and the probability of loss is 

given by (4.4). 



4.3 The Erlang Delay System 

In the Erlang delay system, an incoming call must wait for service when, upon 

arrival, it finds all s lines occupied. The probability of finding all the lines occupied is 

called the probability of waiting. The queueing model for the Erlang delay system is a 

continuous-time M M s  queue. The Erlang delay system can be modeled by the birth and 

death process with the following birth and death rates. respectively. 

h k = h ,  k = 0. 1. ... 

and 

kp, k = 0 . 1  ..... s 
(4.7) 

Under equilibrium conditions, the state probability distribution is obtained as [2] 

where 

The probability of waiting is given by [2] 



Figure 4-1. ErIang loss formula B(s, a) plotted against offered traffic a in erlangs 

for different values of the number s of servers. 

Figure 4-2. Erlang loss formula B(s, a) plotted against offered traffic a in erlangs 

for different values of the number s of servers. 
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In the United States, (4.10) is called the Erlang delay formula or the Erlang C 

formula. while in Europe. it is called Erlang's second formula and is denoted by E I , ,  (a). 

Two typical groups of Erlang C curves are given in Figures. 4-3 and 4-4. 

Unlike the Erlang loss system, the state probability distribution of the Erlang 

delay system constitutes a proper distribution only when the offered traffic is less than the 

number of lines in the system. As well. the carried traffic and the offered trdfic are 

always equal. This is intuitively clear because in a delay system, all calls are served and 

there is no loss. 

The mean waiting time is given by: 

E[W]=C(s. u)/ p(s-a) 

where C(s. a) is given by (4.10). 



Figure 1-3. Erlang delay formula C(s, a) plotted against offered traffic u in erlangs 

for different values of the number s of servers. 

Figure 4-4. Erlang delay formula C(s, a) plotted against offered traffic a in erlangs 

for different values of the number s of servers. 



4.4 The Combined Delay and Loss System 

In practice, the waiting capacity of a system is always finite. Investigation of this 

more realistic system is possible by means of the notion of a combined delay and loss 

system. Consider the Erlang delay system of the Section 4.3 with a finite waiting capacity 

of n-s. The Erlang combined delay and loss system can also be modeled by the birth and 

death process with the modified birth and death rates 

and 

Following the same procedure for calculating the state probability distribution of (4.8) 

yields [2] 

where 

The probability of waiting is equal to [2] 



The probability of loss is given by 

A typical group of curves are given in Figure 4-5 where the number of servers, s, 

is 20. Since the Erlang loss system may be regarded as a special case of the Erlang 

combined delay and loss system when n = s, the n=s=20 curve of Figure 4-5 is the same 

as the s=20 curve of Figure 4-2. On the other hand, the Erlang delay system can be 

regarded as a special case when n + m. 

. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .  

. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .  

.............................................. 

. . . . . . . . . . . . .  

6 8 10 12 14 16 18 
Onered traffic 

Figure 4-5. The probability of loss B,(s, a) plotted against offered load a in erlangs 

for different values of the system capacity n when s =20. 
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As can be seen from the Figure 4-5, for a given offered traffic the more waiting 

spaces there are, the lower the probability of call loss is. Similarly for a given probability 

of loss, the more waiting spaces there are, the more offered traffic the system can 

accommodate. 

For example, if n=s=20, there is no queue space in the system. The probability of 

loss will achieve the system requirement of 1 % given that the offered traffic is 12 erlangs. 

If there is a 10% overload, the offered traffic is 13.2 erlangs. Here, two waiting spaces are 

necessary to achieve a 1% probability of loss. Four waiting spaces will yield a probability 

of loss at 1 % when an overload of 20% exists. If the overload is 30%, seven waiting 

spaces will also give a probability of loss at 1%. Finally. at 40% overload. 10 waiting 

spaces are required for the probability of loss to remain at 1%. 

4.5 Summary 

This chapter investigated the Erlang loss system. the Erlang delay system and the 

combined delay and loss system and presented their state probability distributions, which 

are required later in the sequel. 

Many discrete-time multi-server queueing models have been proposed and 

studied. However, such models have not yet yielded closed form solutions for the state 

probability distributions. As a result, the Erlang systems are used to approximate the 

discrete-time communication systems. 
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In telecommunication system design, it is impossible to introduce infinite queue 

capacity. Therefore, the combined delay and loss system is the most reasonable model for 

system design. For this system, the queue capacity is one of the important parameters. If 

the queue capacity is zero, the system may be regarded as an Erlang loss system. When 

we introduce a small queue is introduced to an Erlang loss system, the system becomes a 

combined delay and loss system and the probability of call loss may drop considerably. 

As the queue capacity rises, the probability of waiting will increase. If the queue capacity 

is sufficiently large. the probability of waiting approaches the value of the Erlang delay 

system. 



CHAPTER FIVE 

Speech Interpolation System 

According to studies of human speech. there are many silence gaps in human 

conversation. To take zdvantage of these gaps. speech interpolation techniques are used 

to integrate voice traffic and thus increase the capacity of the system. Presented in this 

chapter is an investigation of the speech interpolation system with loss. the speech 

interpolation system with delay and the speech interpolation system with delay and loss. 

Also investigated are some important features of these systems. 

5.1 Introduction 

Voice has been traditionally treated as a continuous signal. However. it has been 

shown [18] that voice trfic exhibits onsff  characteristics in a typical conversation: 

human speech may be regarded as an alternating sequence of talk intervals and silence 

intervals. Silence intervals occur between words, phrases and sentences. Longer intervals 

occur in a conversation. Most of the time, when one side of a conversation is in the talk- 

state. the other side will listen and stay in the silence-state. As a reasonably good 



approximation, these two states are assumed to be exponentially distributed in length 

with different mean values [j]. 

This phenomenon has long been used in analog telephony to pack multiple calls 

into a smaller number of telephone circuits. A system using this technique is called a 

Time-Assigned Speech Interpolation (TASI) system. A similar technique applied to 

digital telephony is called Digital Speech Interpolation (DSI) [19]. 

In mobile cellular systems. mobile stations are the portable units held by users. 

The base stations in a cellular system provide wireless connections for mobile stations to 

the telephone network and serve as bridges between all mobile stations. Channels are 

used to c q  the messages between base stations and mobile stations. 

When mobile stations are turned on and are not yet engaged in a phone call. they 

first send requests to base stations and register as stand-by stations of the system. If these 

stand-by stations originate phone calls or base stations receive phone call requests to 

these mobile stations from the telephone network, the base stations will put their names 

in the active station register and assign channels to these mobile stations. Then the base 

stations will begin to transmit messages using the assigned channels. When the phone 

calls are completed. the mobile stations will send requests to the base stations to remove 

their names from the active station register and release those channels for other mobile 

stations. 

Many mobile systems provide one duplex channel for each active station 

regardless of the voice energy level. As can be seen in Figure 5.1 (a), three channels are 

needed to support three calls. In this case, there are many silence gaps between talk 



intervals. During these silence intervals, no voice message will be transmitted and the 

channels are wasted. To take advantage of the silence gaps and improve the channel 

utilization, speech interpolation technique is used to integrate the voice traffic. With 

speech interpolation. fewer channels are needed to support the same number of calls or 

more calls can be allowed simultaneously with the same number of channels. As 

illustrated in Figure j.l(b), two channels in a speech interpolation system may support 

three calls without losing any talk interval. As a result, one less channel is used and 

channel utilization is increased. We can see from Figure 5.l(b) that the calls may switch 

channels in speech interpolation systems. 

call # 1 on 
channel I 

call #2 on 
channel 2 

channel 1 

channel Z 

(b) 

Figure 5- 1. (a) Mobile system without speech interpolation. 

(b) Mobile speech interpolation systems. 

Silence detection is critical to speech interpolation system design. One method of 

detection is to divide the voice into fixed size frames and then evaluate the voice energy 
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content within each frame. If the total energy of the voice signal is below a certain 

threshold. the call is considered to be in silence-state in that frame. If the total energy of 

the voice signal is above the threshold, the call is considered to be in talk-state in that 

frame. The Speech Activity Detectors (SAD'S) detect the voice energy level and the base 

stations assign channels to those calls in talk-state. 

In a mobile speech interpolation system, the number of mobile stations allowed 

simultaneously is equal to the length of the active station register at the base station. If a 

station obtains a space in the register, the call will be served until it is completed. If, upon 

arrival. an incoming call finds this register full. the call is said to be blocked. A blocked 

call is simply rehscd in a speech interpolation system with loss. whereas a blocked call is 

allowed to wait in the queue for a free channel in a speech interpolation system with 

delay. 

Define a server by a space in the active station register. All servers in the system 

are equally accessible to all incoming calls and all channels are equally accessible to all 

voice messages. In each frame, an incoming call that has obtained a server may generate 

one or no voice packet. When the call is in the silence-state, no voice packet is generated 

and no channel is needed. When the call is in the talk-state, one voice packet is generated 

in a frame and this packet requires one channel for transmission. 

When the number of generated packets in a frame is greater than the number of 

available channels, some packets will be blocked. Due to the real-time transmission 

requirement of voice calls, all blocked voice packets are refhsed and are lost as though 

they had not occurred at all. 
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Systems investigated in this chapter include the speech interpolation system with 

loss, the speech interpolation system with delay and the speech interpolation system with 

delay and loss. These three systems are assumed to have the same specifications as those 

of the corresponding Erlang systems in Section 4.1. In this chapter, it is assumed that the 

number of channels. s. is no greater than the number of the servers, n, to achieve the best 

utilization of the system. However, in telecommunication networks, s can be greater than 

n in order to provide services for data traffic and video traffic. 

In speech interpolation systems, the number of incoming calls is Poisson 

distributed. However. it is important to point out that the voice packets of the speech 

interpolation system are generated from a finite number of sources and do not foliow a 

Poisson distribution. 

5.2 The Speech Interpolation System with Loss 

Consider the speech interpolation system with loss with n exponential servers and 

s channels, s<n. A queueing model for the speech interpolation system with loss is shown 

in Figure 5-2. 



lost tratKc a~ lost packet tratt?c PL 

Figure 5-7. Queueing model for the speech interpolation system with loss. 
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Let pi be the state probability of i servers occupied by the incoming calls, q, be the 

probability o f j  voice packets generated in a Frame and s be the probability of k channels 

occupied by the packets. For an Erlang loss system, the number of occupied servers is 

equal to the number of calls in the system. If follows (4.3) 

v 

s 

Since an incoming call can be either in the talk-state or in the silence-state. the 

generated packets follow a binomial distribution when i servers are occupied by the 

a' 
voice 

packet a 

incoming calls. From (2.1 1). the probability distribution of the generated packets in a 

P 
n 

frame is given by 

carried' 
uallic 

generators 
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where p is the probability of an incoming call in the talk-state. Then the probability 

distribution of the occupied channels is given by 

generated3 
packet 
tratlic 

servers 



When the number of generated packets in a frame, j. is greater than the number of 

channels. s. all channels are occupied and j -s packets will be lost. Let D(n. a. s, p) be the 

probability of packet loss. From (5.1) and (5.2). we find 

Formula (5.5) expresses the probability of packet loss in terms of the offered 

traffic, the number of channels, the number of servers and the probability of a call in the 

talk-state. A typical group of curves are given in Figure 5-3. where p = 40%. 

As can be seen from Figure 5-3. for a given number of channels, the probability 

of packet loss will increase when the number of servers, n. increases. The reason is that 

when n increases, the number of calls blocked will decrease and the carried traffic will 

increase. Consequently? the number of generated packets will increase and more packets 

will be lost. 
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The number of servers, n 

Figure 5-3. D(n, a, s, p) plotted against the number of sewers for different values 

of the number of channels when a=30 erlangs. 

Also, for a given number of severs, the probability of packet loss drops when the 

number of channels increases. This is due to the fact that when the number of servers and 

the offered traffic are both fixed, the generated packet traffic is fixed as well. When more 

channels are available, fewer packets will be blocked. 

From Figure 5-3, we see that the curves will approach horizontal lines as n 

increases. Referring to Figures 5-2 and 5-3, for a given number of channels, increasing 

the offered traffic will increase the probability of packet loss. On the other hand, for a 



given number of servers and fixed offered traKic, more channels will lower the 

probability of packet loss. 

In the speech interpolation system with loss, the grade of service is the blocking 

probability of call and the probability of packet loss. In the design problem it is usually 

necessary to find the number of servers for a given number of channels and a specified 

grade of service. Both (4.4) and (5.5) should be used to find the appropriate parameters of 

the system. 

A te1econ;munication system usually requires a blocking probability of ca:! to be 

I % and the probability of packet loss to be 1 % or 0.1 %. Some results are presented in 

Figure 5-4. 

Illustrated in Figure 5-4 is the improvement brought about by speech interpolation 

technique. Without speech interpolation. the capacity of the system is equal to the 

number of channels. s. With speech interpolation, the capacity of the system can be 

increased to the number of servers. n. Consequently, more incoming traffic is allowed 

and more calls can be served with speech interpolation. 

Let a be the offered traffic, a' be the carried traffic and a~ be the lost traffic. 

From the Chapter 4. the following was given 

a' = a [I  - B(s. a)] 

a~ = a B(s, a) 



Figure 5-4. Some results for a speech interpolation system with loss. 

Let p be the offered traffic generated by packets, P' be the corresponding carried 

traffic and PL be the corresponding lost traflic, we get 



P = a p  B(s, a) 

P' = p [I - D(n, a, s, p)]  

PL = P Dm. a, s, p)  

where D(n, a, s, p) is given by (5.5) and B(s, a) is given by (4.4). 

5.3 The Speech Interpolation System with Delay 

Consider the speech interpolation system with delay with n exponential servers. s 

channels and infinite waiting spaces. The grade of service for this system is the waiting 

probability of call and the probability ot' packet loss. A queueing model for the speech 

interpolation system with delay is shown in Figure 5-5 .  

raaptrketmfi~h 

Figure 5-5. Queueing model for the speech interpolation system with delay. 



Let pi be the probability that there are i busy servers. For the Erlang delay model 

part. the probability distribution of the number of busy servers is given by 

where 

and p,, is the waiting probability of call, which is given by 

Like the Erlang delay system, the number of calls in the speech interpolation 

system with delay constitutes a proper distribution only when the offered traffic. a is less 

than the number of servers in the system. n. 

Let E (n. a. s. p) be the probability of packet loss. From (5.1 1) and (5.2),  we find 

Formula (5.14) expresses the probability of packet loss in terms of the offered 

traffic, the number of channels, the number of servers and the probability of a call in the 

talk-state. A typical group of curves are given in Figure 5-6. where p = 40%. 
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Figure 5-6. E(n, a, s, p) plotted against the number of servers for different values 

of the number of channels when a=30 erlangs. 

Like the Erlang delay system, the carried traffic of the speech interpolation 

system with delay is equal to the offered traffic, and 

P = a p  

P' = P 11 - E(n, a, s, p)l 

PL = P E(n, a, s,p)  

where E(n, a, s, p) is given by (5.14). 



From (4.1 I), the mean waiting time is given by 

E[W]=C(n, a)/ p(n-a) 

where C(n, a) is given by (4.10). 

5.4 The Speech Interpolation System 

with Delay and Loss 

When the waiting capacity of the speech interpolation system with delay is finite. 

the system is called a speech interpolation system with delay and loss. Consider the 

speech interpoiation system with delay of the Section 5.3 with a finite waiting capacity of 

m-n. where m is the capacity of the system and n is the number of servers in the system. 

The performance measures for this system are the waiting probability of call. the 

probability of call loss and the probability of packet loss. 

Let pi be the probability that there are i busy servers. For the combined delay and 

loss system, the probability distribution of the number of busy servers is given by 

where p, is the probability of waiting, which is given by 



P(W>O} =C,(n,a) = -- 
n! n - a  

and 

1 n-l -=x-+- 
p, , i! n! 1-aln 

Let E,(n. a, s, p) be the probability of packet loss. From (5.19), we get 

From (4.17). the probability of call loss is given by 

Like the Erlang systems, the speech interpolation system with loss may be 

regarded as a special case of the speech interpolation system with delay and loss when m 

= n. Therefore, B,(n, a) = B(n, a). 

Moreover, the speech interpolation system with delay can be regarded as a special 

case when m -P m. Therefore, C,(n, a) = C(n, a). 



5.5 Summary 

Investigated in this chapter are the speech interpolation system with loss, the 

speech interpolation system with delay and the speech interpolation system with delay 

and loss. The probability distribution and the performance measures are presented for 

each system. 

As shown in Figure 5-4. the speech interpolation technique can significantly 

increase the capacity of the system. However, this improvement is obtained with the price 

of possible voice packet losses. The higher the packet loss probability allowed, the better 

the improvement that can be obtained. 

It is important to note that a speech interpolation system will become an Erlang 

system when the number of servers is equal to the number of channels. Therefore, Erlang 

systems are closely related to the corresponding speech interpolation systems. 



CHAPTER SIX 

Mobile TDMA Systems with Multiple Traffic 

Traffic in a mobile system has traditionally been classif ed as voice traffic and 

data ~ d f i c .  In recent years, video service has become possible over broadband channels. 

As the demand for data and video services increases. traffic analysis in a mobile 

multimedia system becomes one of the important factors in system design. 

6.1 Traffic Analysis 

Voice traffic. data traffic and video traffic in a mobile system have different 

features and system requirements. Both voice traffic and video traffic require real-time 

transmission, while data traffic can tolerate delay and allow retransmission. Therefore. 

the blocked voice traffic and video traffic is lost. whereas the blocked data traffic is put in 

a queue and waits for a free channel for transmission. 

Because of these properties, most mobile systems give higher priority to voice 

traflic and video traffic and lower priority to data traffic. Thus, data can be transmitted 

only when there are channels left unused by voice traffic and video traffic. Since a video 



call requires a much higher transmission rate than that of a voice call, a separate group of 

channels are provided to video traffic. As a result, voice traffic and video traffic do not 

affect each other and the unused channels left by them can be used only by data traffic. 

The voice calls, data message and video message admitted into the system are 

packetized with the same fixed packet length. All packet transmissions start at common 

clock instances. 

Voice traffic has been discussed in the last chapter. Data traffic can be 

approximated by a simple Bernoulli process. whereas video traffic is f a  more 

complicated. In its raw, uncompressed form, a video signal is representative of 

continuous bit-rate traffic. However, the uncompressed traffic requires a very high 

transmission rate. For example. the North American standard of 250.000pixels/frame 

color video may require itOMbits/s and the HDTV of 10~~ixels/frarne color video may 

need 770Mbits/s for each TV channel. Compression. using a variety of coding 

techniques. can reduce these transmission rates considerably. However. the compressed 

video has a variable bit rate, which is difficult to model. 

MPEG-2 is one of the coding standards being developed. MPEG-2 achieves 

exceptionally high compression characteristics and can reduce the video transmission rate 

to 1 .SMbps. Because MPEG was developed originally for the storage and retrieval of 

digitally compressed video, the coding characteristics do not take wide-area network 

transmission into account. As a result. typical MPEG sequences exhibit quasi-periodic 

peaks in their bit-rate characteristics. They require a relatively high peak rate capacity, 

although the average required capacity is quite low. 
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Consider N independent video sources that are multiplexed together. The bit rate 

sequence in discrete-time (denoted by k) of source i (i = 1,2, . . ., N) is given by of h,(k), 

which is characterized by its first-order and second-order statistics: the average bit rate hi 

and the covariance function C(k), respectively [20] 

~ , ( k )  = ~~~e~~ , k = 0, 1.2, . .. (6-  1)  

where c is a constant parameter of the video source and ai is the standard deviation of 

ki(k). 

Let k(k) be the bit rate sequence of the multiplexed signal. Consider the special 

case of all N sources with identical first-order and second-order statistics: h,=A. Ci(k)= 

C(k) and o,? =G'. i = 1.2.. . ..N. The statistics of the multiplexed signal is given by [20] 

Asum = N h 

o~~~~ = NG' 

C,", (k) = NC(k) 

According to Maglaris's work [ I  I], this multiplexed signal can be modeled by a 

multiplexed signal of 20N identical two-state Markov sources. which move back and 

forth exponentially between the on-state and the off-state. To match their first-order and 

second-order statistics. the probability of the on-state of each source is found to be 



6.2 The Voiceldata TDMA System 

There are two kinds of mobile stations in a voicddata TDMA (Time Division 

Multiple Access) system [2 1 - 241: voice station and data station. Voice stations are the 

cellular handsets held by the users, which generate voice messages during conversations 

and may generate data messages occasionally. Data stations are the portable units that 

will only generate data messages. The base stations in this system supervise the wireless 

connections and provide services for all mobile stations. 

When mobile stations are turned on and are not yet engaged in voice calls or in 

data transfers. they are registered as stand-by stations of the system. If they request voice 

calls, the base stations will put their narnes in the voice request register. If they request 

data transfers. the base stations will put their narnes in the data request register. When the 

calls or the transfers are completed. their names are removed from the voice request 

register or the data request register respectively. 

Define a server by a space in the voice request register. If. upon amval, a voice 

call find the register full. it will simply be refbsed as though it had not occurred at all. 

Since data traffic can wait in a queue before transmission, it is assumed that the data 

request register is large enough that no data request will be lost. 

For a voiceidata TDMA system, channels are synchronously clocked and divided 

into frames of fixed duration. Each fiame is further subdivided into slots. All voice traffic 

and data traffic are packetized into the same packet length and one packet is transmitted 

in one slot. 
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Every incoming voice call in talk-state generates one voice packet in each frame 

and requires one slot to transmit. If there is not enough slots available, the blocked voice 

packets will be lost. For this study, the data traffic generated by mobile stations is 

assumed to be approximated by a Poisson arrival process. The transmission of data 

packets begins immediately following the voice packets and stops at the end of the frame 

time. The blocked data packets will be buffered in a queue and be served in order of 

arrival. 

Consider a voice/data TDMA system with n exponential voice servers, an infinite 

queue for data traffic and s time slots in each frame. TO ensure the data transmission rate, 

the frame is divided into two regions: sv voice slots and s-s, data slots. The voice slots 

can be used for both voice traffic and data traffic where voice traffic has priority. The 

free voice slots let? unused by voice traffic can be taken by data traffic. The data slots are 

reserved exclusively for data traffic. The protocol for integrating the voice and data 

packets is shown in Figure 6-1. 

Figure 6- 1. Frame structure in a voice/data TDMA system. 
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The queueing model for the voice/data TDMA system can be regarded as a 

speech interpolation system with loss multiplexed with the Poisson data traffic. Consider 

a voiceldata TDMA system with voice traffic a and data traffic p. A block diagram is 

shown in Figure 6-2. 

data tratEc p c 

Figure 6-2. Queueing model for the voice/data TDMA system. 
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voiceldata TDMA system can be obtained in the same way as in a speech interpolation 

system with loss. Followed from (5.5),  the probability of voice packet loss is given by 

where p is the probability that an incoming voice call is in the talk-state. 

Let h be the probability that there are k slots occupied by the voice packets. From 

(5.4). we can write 

where 

For the data traffic. a discrete-time M/G/l queueing model can be used to analyze 

the probability of waiting. Consider an arbitrary frame in which k (kl sv) slots are 

occupied by voice packets. In this case, for a given k. s/(s-k) is the conditional service 

time for s-k slots of data packets. Since the probability that k slots are occupied by voice 

packets in a frame is Q, the first and second moments of the service time are given by 
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where rk is given by (6.4). 

Recalled from Section 3.5, the mean system delay of the data packet is given by 

I P E L + , ,  +- slots 
I -p  2m, 2 

where ml and rn? are given by (6.6) and (6.7) 

6.3 The Multiple Traffic TDMA System 

A multiple traffic TDMA system can be regarded as a voice/data TDMA system 

multiplexed with video traffic. Since voice traffic and video traffic have the same priority 

level. some systems give reserve slots for video traffic so that the voice traffic and the 

video traffic do not interrupt each other. 

Consider a multiple traffic TDMA system with n exponential servers. an infinite 

queue for data traffic, s slots in each Frame and N independent video sources 

characterized by the average bit rate )c and covariance function C(k). According to our 

discussion in Section 6.1. the video traffic can be modeled by the sum of M=20N 

identical two-state Markov processes with the probability of the on-state q given by (6.2). 

To guarantee the quality of video service. M slots are reserved for the video traffic. The 

protocol for integrating the voice packets, the video packets and the data packets is 

shown in Figure 6-3. 



Figure 6-3. Frame structure in a multiple traffic TDMA system. 
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Figure 6-4. Queueing model for the multiple traffic TDMA system. 
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where 

x ( a r  l r ! )  

and p is the probability that an incoming voice call is in the talk-state. 

Let h, be the probability that e video packets are generated in a frame and q be the 

probability of a source being in on-state. Since the generated packets follow a binomial 

distribution. the probability distriburiun of the number of generated video packets in a 

frame is given by 

For the data traffic. a discrete-time WG/1 queueing model can be used to 

calculate the probability of waiting. 

Consider an arbitrary frame in which k (& s,) slots are occupied by voice packets 

and e ( e s  M) slots are occupied by video packets. In this case. s/(s-e-k) is the rate of the 

service time for s-e-k slots of data packets. Since the probability that there are k voice 

packets and e video packets in a frame is rk  4, the first and second moments of the 

service time for data traffic are given by 

where rk is given by (6.9) and h, is given by (6.1 1). 
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Let p be the data traffic. If we recall Section 3.5, the mean system delay of the 

data packet is given by 

I T =  l V ! ! L + , ,  +- slots 
I-p 2m, 2 

where ml is given by (6.11) and rn? is given by (6.13). 

6.4 Summary 

This chapter first studied the voice traffic, data traffic and video traffic of mobile 

systems. The video signal in mobile systems is a compressed signal with a variable bit 

rate. The multiplrsed two-state Markov process has been used to approximate the video 

traffic in wireless mobile systems. 

Although code compression techniques can reduce the video transmission rate 

considerably, the bit rate required is still much higher than the voice transmission rate. 

However, in a mobile system. the number of channels is very limited. A video call will 

affect the performance of other calls significantly. As a result, advanced reservation of 

channels is required in order to use the video services in mobile systems. 

In a multiple traffic mobile system, the voice traffic and the video traffic have 

higher priorities over the data traffic. Thus, the data packets will be transmitted only 

when there are free channels left by the voice packets or the video packets. 
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Examples presented in this chapter include the voice/data TDMA system and the 

multiple traffic TDMA system. Based on the probability distributions of the numbers of 

voice packets and video packets generated in an arbitrary frame, the discrete-time M/G/I 

queue was used to model the data traffic. Then expressions for the mean system delay of 

data traffic were derived for these TDMA systems. 



CHAPTER SEVEN 

Conclusions 

7.1 Queueing Models 

Queueing models are efficient methods for performance analysis of 

telecommunication systems and computer networks. Each queueing system is 

characterized by its input process, service mechanism and queue discipline. 

The GeolGeoil queue is a discrete-time queueing model with a Bernoulli input 

process. geometrically distributed service times and one server. The continuous-time 

M/M/ 1 queue may be regarded as a limited case of the GeoIGeoi 1 queue when At, the 

length of a slot. approaches zero. 

The input process of a PB/Geo/l queue has a Poisson distributed bulk size. It is 

interesting to note that if At approaches zero, the PB/Gro/l will also approach the M/M/l 

queue. The mean delay time of the PB/Geo/l queue is always greater than that of the 

GeolGeoll queue, while these two results tend to the same value as At approaches zero. 

The GI/G/I queue is a general queueing model with general independent input, 

one server and an infinite waiting room. From the study of the GI/G/l queue, we found 



that the probability of a busy server is always equal to the mean arrival rate times the 

mean service time for any single-sever queueing system. 

For the discrete-time M/G/1 queue, the customers have to wait, on average, an 

additional half slot more than the PB/G/l queue. Using this fact, the mean time delay for 

the discrete-time M/D/1 can be obtained fiom the PB/D/l queue. 

When there is more than one server, Erlang systems are the most commonly used 

models. The Erlang loss system may be regarded as a special case of the combined delay 

and loss system when the waiting capacity is zero. When the waiting capacity approaches 

infinity. the system can be regarded as an Erlang delay system. In practice, the combined 

delay and loss system with a small waiting capacity is the most reasonable design for 

queueing systems. 

7.2 Speech Interpolation Systems 

It has been found that there are many silence gaps in human conversation. The 

speech interpolation system multiplexes the voice calls to increase the capacity of the 

system. 

In a speech interpolation system, an incoming call that has obtained a server 

exhibits on-offcharacteristics. It may generate voice packets in the talk-state, while 

nothing is generated during the silence interval. 



In addition to the grade of service for the Erlang systems, the speech interpolation 

systems have an additional grade of service parameter - the probability of packet loss. 

The speech interpolation system may improve the capacity of the system at a price of 

possible voice packet loss. The higher the packet loss probability allowed. the better the 

improvement that can be obtained. 

7.3 The Multiple Traffic Mobile TDMA System 

In a multiple traffic TDMA system. different types of traffic are packetized into 

the same packet length and transmitted. Voice traffic and video traffic are given higher 

priorities over data traffic due to their real-time transmission requirements. 

A voice/data TDMA system integrates data traffic with voice traffic. The voice 

calls are multiplexed as in the Erlang loss interpolation system. The probability of voice 

call blocking and the probability of voice packet loss can be calculated in the same way 

as in the Erlang loss interpolation system. Using the discrete-time WGII queueing model 

with the first and second moments of the service time, we obtained the mean delay time 

in the system of the data packet. 

In modem communication systems, the video signal is compressed. As well, the 

bit rate of video traffic is not a constant. The bit rate sequence is characterized by its first- 

order and second-order statistics. The multiplexed signal of a number of video sources 

can be modeled by a multiplexed signal of a number of on-off Markov sources. 
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Consequently, the generated packets follow a binomial distribution. Using the discrete- 

time M/G/1 queue model with the f ~ s t  and second moments of the service time for the 

data traffic, we obtained the mean delay time in the system of the data packet. 

7.4 Future Work 

Much work remains to be done in the area of modeling multiple traffic in mobile 

communication systems. 

Video traffic modeling 

Although the model we used in Section 6.3 for video traffic does not capture the 

effect of a scene change in a video sequence. it provides a reasonable approximation of 

the videophone traffic [20]. However, video conference and studio TV signal have 

frequent scene changes and wide range of bit rates. In these two cases. a model capturing 

this scene change effect should be used. 

A number of models have appeared in the literature. For example, Rarnamurthy 

and Sengupta [25] have proposed an augmented model, which augments the 

autoregressive model by adding one or more very high bit-rate states to where the 

encoder has to adapt to a new scene change. Although these models are relatively simple. 

none of them captures the self-similarity effect of video signals. 



Data traffic modeling 

In our research we assumed that data traffic has a constant bit rate, whereas in 

practice many data sources have a variable bit rate. Different kinds of data services have 

different bit rate ranges. Therefore, the data traffic does not follow a Poisson distribution. 

For this reason, the discrete-time M/G/ I queueing model should be modified to a 

discrete-time GL/G/ 1 queue with a specified arrival process. 

In some mobile systems, data traffic is divided into a number of groups with 

different priority levels. These priorities may be preemptive or nonpreemptive. Further 

investigations in this area are needed. 

Speech interpolation systems 

In the study of speech interpolation systems. a small frame size may reduce the 

loss probability of speech. However. if the frame size is too small, the time needed for 

silence detection and channel rearrangement can not be neglected. In this situation silence 

detection or channel rearrangement might not improve the performance of the system. 

and other techniques would be required. 

Discrete-time queues 

Since modem telecommunication systems are all digital systems. discrete-time 

queueing models are more appropriate for their performance analysis. However, the 

existing discrete-time multi-server queueing models are not very efficient for this 
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purpose. Therefore, we used the continuous-time Erlang systems to model the discrete- 

time multi-server systems as an approximation. Further studies in this area are needed 

and simulation studies are required to verify the accuncy of the analytical results. 
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