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ABSTRACT In this paper, we present a method for de- 
sign and analysis of wireless cells using Reservation Random 
Access (RRA) schemes as a method for packet access control 
integrated with a call admission control procedure. We model 
the state process of the system as a vector Markov chain. We 
then derive the transition probability function for this pro- 
cess and subsequently compute its steady state distribution. 
Using this result, we calculate the packet dropping probabil- 
ity and the call blocking probability. By setting limits on 
the maximum attained levels of the call blocking probability 
and the packet dropping probability, we derive the Erlang ca- 
pacity of the system. For a specific RRA scheme presented in 
this paper, the Erlang capacity of the system was about twice 
the Erlang capacity attained by a comparable fixed assigned 
TDMA scheme. We also show that an optimal level for the 
call admission threshold can be selected to yield the highest 
call throughput level. 

1 Introduction 
We consider a wireless cell whose radio channel is shared among 
multiple users ( mobiles) for transmission of voice messages. A 
station wishing to engage in a voice session must first establish 
a connection. For that purpose, a signaling channel is provided. 
Such a user communicates with the cell’s controller ( located at 
the base station) over the signaling channel to request call setup. 
If the number of users in the cell is less than a threshold, m, the 
call is admitted into the system. Otherwise, the call is blocked 
and discarded. Once the call is admitted into the system, the 
call is allowed to transmit its voice messages over the information 
bearing channel of the cell. 

An admitted call switches randomly between active and silent 
states (see Figure 1). Once in the active state, the call generates 
packetized voice. The information bearing channel is divided 
into time frames of s slots each. The length of each slot is equal 
to the transmission duration of single packet. 

An active call generates one packet per frame, and transmits 
it according to a reservation random access (RRA) algorithm. 
Such multiple access algorithm may assume the form of a Packet 
Reservation Multiple Access (PRMA) scheme (see [l]). Under 
the RRA algorithm under consideration in this paper, an active 
call transmits its packet in the following manner: 

If the calI has a reserved slot in the frame, it trans- 
mits the packet over that time slot. Otherwise, the call 
tries to reserve a time slot by first “flipping a coin” to 
see whether or not it will transmit its packet. Once the 
call decides to transmit its packet, it will choose at ran- 
dom an unreserved slot in the frame and transmits its 
packet over it. If no other calls select this time slot for 
their transmission, the transmission is successful and 
the call is deemed to have reserved this time slot for 
as long as it generates packets continuously. If two or 
more calls transmit over the same time slot, the trans- 
missions are unsuccessful and associated packets are 
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assumed lost. (No queuing or capture assumptions are 
made). The cell’s controller broadcasts, at the start of 
each frame, the identity of the slots which are reserved 
and the identity of the calls which have reserved them. 

The performance of various RRA schemes have been examined 
by a number of researchers (see [l], [3], [4]), when the total num- 
ber of calk in the system does not vary over time. In such studies, 
the packet dropping probability for the system is obtained as the 
key measure of performance of the system. 

By contrast, under the scheme considered here, the number of 
users in the system varies over time. Thus, we are not only con- 
cerned with the performance at the packet level ( i.e. the packet 
dropping probability) but we must also consider the performance 
of the system at the call level (i.e. the call throughput). 

In this paper, we model and analyze the performance of such 
a multiple-access network. The system state is described as a 
vector Markov chain. We derive the transition probability ma- 
trix for the process and subsequently calculate the steady state 
distribution of the system state. Using this result, we compute 
the packet dropping probability and the system’s call throughput 
performance. By setting limitations on the maximum acceptable 
call blocking probability (and thus, the call throughput) and the 
packet dropping probability (and hence, the voice quality level), 
we obtain the throughput capacity of the system under selected 
call threshold levels (m) .  From these performance curves, we 
conclude the value to be selected for the optimal call thresh- 
old level (m).  The latter yields the maximum attainable call 
throughput capacity, under the prescribed packet and call block- 
ing probability levels. The presented model and the performance 
analysis approach provide a tool for the analysis and design of 
such systems. In addition, it demonstrates the key effects in- 
duced by a call admission mechanism on the performance of such 
wireless networks. 

To demonstrate the integrated call-packet performance char- 
acteristics of the system we select an illustrative case. For this 
illustrative example we show that the joint call admission/ packet 
random access procedure studied here has about twice the value 
of the Erlang capacity attained by a comparable fixed assigned 
TDMA scheme. 

2 Derivation of the Markov Chain 
We analyze the performance of the system based on the following 
assumptions: 

1. 

2. 

3. 

4. 

5.  

6. 
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Calls arrive into the system according to a Poisson process 
with the intensity of X [calls per second]. 
Call durations are exponentially distributed with a mean of 
~1-l [sec.]. 
The time spent by a call in the active state is exponentially 
distributed with a mean of y-’ [sec.]. 
The time spent by a call in the silent state is exponentially 
distributed with a mean of e-’ [sec.]. 
The calls admitted into the system start their service while 
they are in the active state. 
No capture phenomenon occurs in the system. 

Authorized licensed use limited to: Univ of Calif Los Angeles. Downloaded on March 4, 2009 at 01:29 from IEEE Xplore.  Restrictions apply.



7. The frame duration is equal to 7 seconds. 

The following probabilities are derived using the assumptions 
presented above: 

The probability that, given there are i customers in the 
system at the start of the frame, w customers are admitted 
into the system at the end of the frame, is given by: 

i = O  

The probability that an admitted 
(i.e. terminates its service) during 

otherwise. 

call departs the system 
a frame, is given by: 

Qd = 1 - (2) 

The probability that an active call becomes silent during a 
frame, is given by: 

(3) 

The probability that a silent call becomes active during a 
frame, is given by: 

qo = 1 -e-er .  (4) 

The state of the system is completely described by three ran- 
dom variables: 

Nk: The total number of admitted (active or silent)calls in the 
system during the kth frame. 

NiR):  The number of calls (admitted and active) with a reserved 
time slot during the kth frame. 

NLc): The number of calls in contention, that is active (admit- 
ted) calls without reservations, during the kth frame. 

To describe the dynamics of the state 
process ( N ,  N ( R ) ,  f f ( c ) )  = {(Nk, NiR), NLc), k 2 l } ,  the fol- 
lowing variables are introduced: 

Rk: Number of contending calls which successfully acquire reser- 
vation during the kth frame. 

D(P): Number of calls with reservation which depart the system 
(i.e. end session) at the end of the kth frame, including calls 
which obtained reservation during the kth frame. 

Dit): Number of calls in contention which departed the system 
at the end of the kth frame, excluding those calls which 
obtained reservations. 

D(,S): Number of silent calls which depart the system at the end 
of the kth frame. 

AY):  Number of silent calls which become active at the end of 
the kth frame, excluding those calls which departed at the 
end of the kth frame. 

S(,R): Number of calls with reservation which become silent at 
the end of the kth frame, excluding those calls which de- 
parted at the end of the frame. 

s(,c): Number of calls in contention which become silent at the 
end of the frame, excluding those calls which obtained reser- 
vation or departed at the end of the frame. 

Ak: Number of arrivals into the system at the end of the kth 
frame. 

17 

We write the state of the system during the kt 1st frame in terms 
of the above parameters and the state of the system during the 
kth frame as follows: 

Nk+l = Nk - DLR) - - DLc) + Ak; 
N(R) = NiR)  + Rk - Dip' - s ( R ) .  

k t l  k ,  

N@ 

(5) 
= Nit) - Rk - D F )  - s(,c) +AV) + Ak. 

LFrom these recurrence equations, and the assumptions made 
concerning call arrivals, and the call holding times, we conclude 
that the state process (N, N ( R ) ,  N ( c ) )  is a Markov chain. 

To effectively derive the transition probability function of the 
Markovian state process, we identify the following four phases: 

1. Reservation. 

2. Departure. 

3. Transition. 

4. Arrival. 

We calculate the transition probability function across a 
frame, by assuming that these four phases occur in a mutually 
exclusive fashion (for the simplification of the presentation pro- 
cess). 

During the reservation phase, calls in contention try to obtain 
reservations. During this period no calls arrive into the system or 
depart from the system and no transitions from silent to active 
or active to silent takes place. 

During the departure phase, those calls which have finkshed 
their service depart from the system. This phase occurs after 
the reservation phase. Therefore no reservations are made during 
this period. Furthermore, no transitions in the state of the calls 
in the system are permitted to take place. 

During the transition phase certain active calls become d e n t  
and certain silent calls become active. The calculations related 
to this phase follow those carried out for the departure phase. 

Subsequently, during the arrival phase, new calls arrive into 
the system. 

Through successive computations involving the transition 
probability functions corresponding to each phase, we have de- 
rived the transition probability matrix. 

3 Calculation of the Steady State 
Distribution 

As we can see from the equations presented in the previous sec- 
tion, the size of the state space for this system becomes extremely 
large, for any reasonable application case. We need to devise a 
method to efficiently calculate (or approximate) the steady state 
distribution of the system without having to first compute the 
full transition matrix. 

We first note that, for a typical application case, the total num- 
ber of calls in the system remains constant over a large number of 
frames. This is due to the fact that the time between changes in 
the number of calls in the system is of the order of tens of seconds 
whereas the frame duration is of the order of tens of milliseconds. 
(Note, however, that for a more heavily loaded system, i.e. when 
the time between the changes in the total number of calls 
system is of the order of seconds, this may not be true). 
result, we assume that the number of calls with reservations and 
the number of calls in contention between any two changes in 
the total number of calls in the system can be described by the 
underlying steady state distribution. We thus approximate the 
steady state distribution of the system by expressing it is the 
product of the marginal steady state distribution of the number 
of calls in the system and the joint steady state distribution of the 
number of contending calls and the number of calls with reser- 
vation, given that the number of calls in the system is constant. 
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to represent the probability that out of n contending calls over 
r unreserved slots over the frame, I are successful in obtaining 
reservation. 

We set p a  to denote the probability that a contending call 
transmit its packet over the frame. (This parameter may depend 
on the number of available slots and the total number of calls in 
the system.) 

We also set p(w , r , l )  to denote the probability that out of 
w transmitting calls contending over r unreserved slots, I are 
successful in obtaining reservations. 

Finally, g(z ,  k, i ,  j)denotes the probability that if there are i 
calls in the system and j calls have reservations after the reser- 
vation phase, the number of contending calls changes from k to 
z and is given by: 

m i n ( z , i - j - k )  

That is, at the steady state we set: 

n(i , j ,  k) = P ~ { N  = i ,  N ( ~ )  = j, N(') = k) 

P { N  = i }  (6) 

- - P { N ( R )  = j, N(') = kl N = i) . 

where we approximate 

P{ = j, N(') = kJ N = i }  N pR,C, i ( j ,  k) (7) 

and P ~ , ~ , i ( j , k )  is the steady state probability distribution for 
a system in which the number of admitted calls in the system 
remains at a constant, i .  

3.1 Calculation of the Marginal Steady State 
Distribution of the Total Number of Calls in 
the System 

Recall that under our assumptions, the calls arrive in accordance 
to a Poisson process and call durations are exponentially dis- 
tributed. Let the arrival rate be X[calls/sec.], and the mean 
call duration be p = l/p[sec.]. Then, the system's offered load 
(measured in Erlangs) is given by: 

p = xp. 
Since all calls are served immediately upon their arrival into 

the system and the maximum number of calls allowed into the 
system is m, the system call process is modeled as a M/M/y/m 
queue. The steady state distribution of the number of admitted 
calls in this queue is given by Erlang's loss formula ( [2 ] ) :  

j = O  
PT(i) = 

otherwise. 

Note that due to the memoryless nature of the process this call 
state distribution holds for any observation time, including the 
start of a frame. 

3.2 Calculation of the Joint Steady State 
Distribution of the Number of Calls with 
Reservations and the Number of Calls in 
Contention, Given the Total Number of Calls 
in the System is Constant 

We consider now the dynamics of the state process 
(fdR),  N(')) = { (NIR) ,  N i R ) ,  k 2 1) under the assumptions 
that the number of admitted calls in the system remains con- 
stant (N = i ) .  We note that this state process is Markovian, 
and in this section we compute its transition probability function. 
We find the transition probability function for this conditioned 
Markov chain to be given by: 

PR,C,i(Y, Z b ,  k) = (9) 

The transition probability function, computed using equation 
(9), is used to calculate the joint steady state distribution of 
the number of calls with reservations and the number of calls 
in contention, given a constant number of calls in the system, 

We use this result along with the marginal steady state distri- 
bution of the total number of calls in the system to approximate 
the steady state distribution of the system by: 

3.3 

Having obtained the steady state distribution of the system we 
are now able to calculate the packet dropping probability. The 
latter is given by: 

PR,c,i(j,  k). 

n(i, j, k) = PR,c,I(~, k) . W i ) .  (12) 
Calculation of the Packet Dropping 
Probability 

where E[R] represents the average number of contending calls 
which obtain reservations per frame. 

This equation represents the ratio of the average number of 
packets dropped per frame to the average number of packets 
generated (by active calls) per frame. 

Now let E,[N(')], Ei[N(R)] and &[RI be the steady state 
mean, given that the number of calls in the system is a con- 
stant, i, of the number of calls in contention, the number of calls 
with reservation, and the number of successful reservations by 
contending calls per frame, respectively. 

and Ei[R] using the 
steady state distribution, P R , ~ , ,  (j, I C ) ,  by the following relations: 

We readily calculate Ei[N(')], 

j = O  k=l 
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Using equations (15) through (17) we obtain: 
m 

E[RI = z~T(i) * E ~ [ R I  (18) 
i=O 
m 

E [ N ( ~ ) I  = P T ( ~ )  9 E ~ [ N ' ~ ' I  (19) 

E[N(C)]  = PT(i) Ei[N'C']. (20) 

i=O 
m 

i = O  

Using equations (14) and (18) through (20), Pdrop is computed. 
Now define pdropi to be the probability that, given the total 

number of calls in the system remains a constant, i ,  a packet is 
dropped. This probability is given by: 

We use this probability to obtain the 99-percentile and the 
85-percentile iacket drppping probabilities. We define the r- 
percentile pac et droppmg probabhty as: 

k k + l  

j = O  j=O 

4 Numerical Results 
The voice model which we have considered is similar to that pre- 
sented in [3]. In this model both the time spent in active state 
and the time spent in silent state are exponentially distributed. 
The parameters for the system under considerations are as fol- 
lows: 

1. Frame duration is set equal to 0.04 seconds. 
2. Number of slots per frame is 20. 
3. Mean time spent in the active state by a call is 1.00 seconds. 
This leads to an active to silent transition probability, qs, 
of 0.04. 

4. Mean time spent in the silent state by a call is 1.35 seconds. 
This leads to a silent to active transition probability , qa, of 
0.03. 

Note that the rate of transmission does not need to be explicitly 
specified. Its impact is reflected in the specified frame duration. 

4.1 Performance Criteria 
We consider three different prescribed performance criteria: 

1. Call blocking probability less than 0.02. Packet dropping 
probability (i.e. its average) less than 0.01. 

2. Call blocking probability less than 0.02. 99-percentile 
packet dropping probability less than 0.01. 

3. Call blocking probability less than 0.02. 85-percentile 
packet dropping probability less than 0.01 

We use the prescribed 0.02 call blocking probability criterion in 
order to compare the performance of the system with that of 
other proposed wireless multiple access schemes which use the 
same criterion (see [5] for example). 

The 0.01 (average) packet dropping probability requirement 
reflects the common assumption that an acceptable voice quality 
level is experienced with an average packet dropping probability 
of no higher than 0.01 (see [l]). 

We use the 99-percentile and 85-percentile packet dropping 
probabilities as alternate measures of the voice quality perfor- 
mance for the system. The average packet dropping probability 
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may not be by itself a sufficient measure of voice quality per- 
formance and, thus, of the system. This is due to the fact that 
occurences of congestion events can lead to the system staying 
congested for a long period of time (tens of seconds). This leads 
to the dropping of a large number of consecutive packets and, 
thus, to a severe degradation of the voice quality for a notice 
able period of time. Hence, while a system may have an average 
packet dropping probability level less than 0.01, the underly- 
ing voice messages may still experience unacceptable degrada- 
tion levels. Therefore, the 99-percentile or 85-percentile packet 
dropping probabilities serve as better measures of voice quality 
performance. 

Figure 2 shows the conditional packet dropping probability, 
pdrops, versus the total number of calls in the system. This figure 
shows that if the total number calls admitted into the system 
is greater than or equal to 32, the conditional packet dropping 
probability is greater than 0.01. This means that in order for the 
r-percentile packet dropping probability to be less than 0.01 we 
require: 

P { N  < 32) 5 r/100 < P{N < 33) 

where N is the total number of calls in the system at steady 
state. 

4.2 Traffic Capacity of The System 
Figures 3 through 5 show the performance of the system under 
the criteria described in the previous section. 

iFrom Figure 3 we see that under criterion 1, the call through- 
put capacity for the system is 28.59 Erlangs. This is obtained 
when the threshold level, m, is set equal to 38. 

Figure 4 shows that under criterion 2 the call throughput ca,- 
pacity for the system is 22.37 Erlangs. This is obtained when 
the call threshold level, m, is set equal to 31. 

Figure 5 shows that under criterion 3 the call throughput ca- 
pacity is 25.44 Erlangs. This is achieved under a call threshold 
level, m, of 35. 

For a fixed assigned TDMA scheme with 20 slots per frame 
and a maximum call blocking probability set to be less than 0.02, 
the value of the Erlang capacity obtained from the M/M/m/m 
queuing system computations is 13.18. Compared to this TDMA 
system, the Erlang capacity of this RRA system (under the d e  
scribed call admission control mechanism) is 2.21 times greater 
under criterion 1, 1.73 times greater under criterion 2, and 1.97 
times greater under criterion 3. 

As we can see from Figures 3 through 5, each throughput curve 
has two distinct parts: an increasing linear part and a decreasing 
exponential part. The linear part of the curve involves the use 
of threshold levels (m) for which the maximum call blocking 
probability is achieved before the packet dropping criterion is 
reached. The exponential part of the curve reflects those values 
of m for which the reverse is true. 

Finally, we note that for large m, under Criteria 2 and 3, the 
call throughput capacity of the system is 19.531 and 25.28 Er- 
langs respectively. This shows that if we require the call blocking 
probability to be zero, the system capacity is equal to 19.531 Er- 
langs (2.84 Erlangs less than that obtained under a prescribed 
call blocking probability of 0.02) for criterion 2 and 25.28 Er- 
langs (0.16 Erlangs less than that attained when the maximum 
call blocking probability level is set equal to 0.02) for criterion 3. 

5 Conclusions 
In this paper we have derived an approach for design and analy- 
sis of wireless cells which use Reservation Random Access (RRA) 
scheme to service packetized voice calls combined with a call ad- 
mission control procedure. By modeling the state process of the 
system as a vector Markov chain we have been able to derive the 
transition probability function of the state process and calcu- 
late its steady state distribution. Using this result we calculated 
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the packet dropping probability levels as well as the call d r o p  
ping probability of the system under various loading conditions 
and call threshold levels. By setting limitations on the levels of 
packet dropping probability and call dropping probability of the 
process, we have computed the Erlang capacity of the system 
and obtained its performance characteristics. We have observed 
that there exist an optimal call threshold level for which the 
call throughput of the system is maximized. Furthermore we 
have observed, that for a specific illustrative example, the Er- 
lang capacity of our proposed protocol is roughly twice that of a 
domparable fixed assigned TDMA system. 
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