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Call Admission, Medium Access and Guaranteed Quality-of-Service

Provisioning for ATM-Based Wireless Personal Communication Networks

Guodong Zhang and Stephen S. Rappaport
Department of Electrical Engineering

State University of New York at Stony Brook
e-mail: gzhang@sbee.sunysb.edu, rappaport@sunysb.edu

Abstract: An important issue in the design of next generation personal communication networks
is the need to accommodate a variety of services each having predefined Quality-of-Service
(QoS) requirements. A call admission control algorithm and a medium access protocol are
proposed for guaranteed QoS provisioning in ATM-based wireless personal communication
networks. A performance analysis model of the combined call admission control algorithm and

the medium access protocol is developed. Example performance characteristics are presented.

I. INTRODUCTION

Recently there has been a considerable amount of research activity relating to ATM-
based wireless personal communication networks (PCN). Rapid advances in VLSI and DSP
technologies and the proliferation of personal mobile computing and communication devices are
giving impetus to the evolution of next generation PCNs as wireless extensions of backbone B-
ISDN/ATM communication networks. A variety of services: voice, video, data, multimedia
applications, voice mail, database access, caller/calling ID and other fee-for-service options will
be provided. If PCN is used to support broadband services for mobile users, the issue of meeting

each service class’ requirements for Quality-of-Service (QoS) emerges as a challenging problem.

The research reported in this paper was supported in part by the U.S. National Science Foundation
under Grant No. NCR 94-15530 and in part by BMDO/IST under Grant No. N00014-9511217
administered by the U.S. Naval Research. General research support from Hughes Network Systems is
gratefully acknowledged.



A solution lies in call admission and medium access control. It has been shown that QoS
performance using call admission control is better than that of an uncontrolled system [9]. Also
some research efforts in the field of medium access protocols for multimedia integration in

wireless communication systems have been reported [5], [7].

We propose a call admission control algorithm and a medium access scheme for
guaranteed QoS provisioning in next generation PCN’s. Call admission policy is based on traffic
class and is different for new call arrivals and hand-off arrivals. The medium access scheme that
is proposed here is called request and report-dynamic slot allocation (R&R-DSA). It employs a
time division format and efficiently utilizes the channel resource by taking the activity
characteristics of each traffic class into consideration. Using the framework that has been
developed in recent years, we analyze the performance of the system considering the combined
effects of medium access and call admission by [1], [2], [4], [8].

The paper is organized as follows: In section II, the system description is proposed and
traffic models are discussed. Section III puts forth a call admission control algorithm. In section
IV, a multiple access scheme, which considers the activity characteristics of different traffic
components, is proposed. The performance of this medium access is analyzed in section V. The
Quality-of-Service of the combined system is analyzed in section VI. Finally, in section VII,

conclusions are summarized.

II. SYSTEM DESCRIPTION AND TRAFFIC MODELS
A. System description

We consider a personal communication network with TDMA FDD structure and a
spatially cellular layout based on a fixed channel assignment (FCA). We assume the
communication system is homogeneous. Specifically, in each cell there are C frequency carriers.
Each carrier is divided into TDMA frames with duration of F sec per frame.

The system will accommodate a variety of services. For convenient illustration, we
consider three typical classes of service: voice, video, and delay-insensitive data. The problem is
to accommodate these three traffic classes while assuring that their respective QoS requirements
are met during session “lifetimes.” We present a solution that uses call admission control and

medium access control.



Call admission control regulates different traffic classes as shown in Fig. 1. In order to
achieve guaranteed QoS, the characteristics of activity of each admitted traffic class should be
thoroughly examined and taken into consideration. Admitted voice, video and data source traffic

components are characterized in the following paragraphs.

B. Model of voice traffic

The activity of a voice call follows a pattern of alternating talkspurts and silence gaps [6].
Voice packets are generated during talkspurt periods. During silence gaps, a voice user has
nothing to transmit. We assume the duration of a talkspurt is a negative exponentially distributed
( ned ) random variable with a mean of 7, and the duration of a silence gap is a ned random
variable with a mean of 7, [6]. These mean durations are long compared with the duration of a
frame. For convenience we assume that the duration of each frame, is =10 ms. Typically,
values of 7,and 7, in {6], are 7,=1.0 sec and 7,=1.35 sec. In terms of current parameters, the
mean duration of a talkspurt is 100 frames and the mean duration of a silence period is 135
frames. Given these considerations, it is clear that if an admitted voice call keeps a dedicated
slot in each frame for the lifetime of the session, many payload slots will be wasted during the
silence periods. So in the present scheme, we require an admitted voice call to contend for
payload slot by making a reservation at the beginning of each talkspurt. If it succeeds, it gains
the right to use the slot for the entire duration of that talkspurt. When a voice call enters a silence
state, after one frame the base station will detect that the payload slot allocated to this call is
empty. Then the base station will release this payload slot and it will become available for data
packets or other voice users. When a voice call leaves a silence state and reenters a talkspurt
state, it will again have to contend by making a reservation.

The activity of a single admitted voice call can be modeled as a three-state discrete time
Markov chain. As shown in Fig. 2. there are three states: contention (CON), reserved talkspurt
(RES) and silence gap (SIL). The contention state represents the condition that the voice call is
at the beginning of a talkspurt period and is contending with other active calls for a reserved
payload slot in its talkspurt period. The reserved talkspurt state represents the condition that the
voice call has made a successful reservation and is using the reserved slot to transmit its packets.

The transition probability from reserved talkspui't state to silence state, is denoted by a . This is



the probability that a reserved talkspurt will end in a frame. Similarly, B denotes the transition
probability from silence state to reserved contention state, this is, the probability that a silence
gap will end in a frame. Consider a voice session which has been admitted. At the beginning of a
talkspurt, a request is made using a random access scheme (which will be described
subsequently). The probability that a given request results in a successful reservation is denoted
byr,. ForgivenF, T,and T,, the values of o and B are given. The value of r, will be

calculated subsequently.

C. Model of video traffic

The video traffic is of variable bit-rate (VBR) type. The length of the video packet
generated by a video user in a TDMA frame generally varies from frame to frame. We normalize
the length of video packet to the duration of a payload slot. We let L be the maximum length of
video packet (measured in payload slots) that a single video user can transmit in one TDMA
frame. This is a system design parameter, which is chosen so that the frame will still have room
to accommodate all admitted voice calls at their required QoS, even if all admitted video calls
transmit packets of this length in a frame. If a call generates a video packet whose normalized
length exceeds L, that packet must be fragmented into several parts, some of which must be
transmitted in subsequent frames. Whether the video packet is transmitted in one frame as a
whole packet or a fragment, is not important in the performance characterization that is
developed in this paper. For simplicity, we assume that every video packét has a normalized
length less than or equal to L. We also assume that an admitted video call never have a empty
packet, that is for an admitted video call the normalized length of its packet at any frame is at
least 1.

For our purpose of characterizing media access, it is sufficient to use a simple model to
represent video traffic. A more representative but complex model of video characteristic is given
in [7] (without attention to medium access). In our model, the actual length of a video packet can

be any value from {1, 2,3, ..., L}. Let L, denote the normalized length of a video packet.

We assume L,,,, is a discrete random variable distributed between 1 and L. Let P, (i) denote

the probability that L,,,is i. The analysis in later sections is general in terms of P, ., (i). It



is assumed that this is the same for all admitted video calls, and that the event L, =i is
independent from frame to frame.

Because a video call always has one packet to transmit in every frame (the actual length
varies from frame to frame), every admitted video call is granted permission to transmit during
the “lifetime” of its session. The number of payload slots it uses is dynamically allocated by the
base station on a frame-by-frame basis according to the length of the video packet that is

generated. Unused slots are made available for data traffic.

D. Model of data traffic
There are many different kinds of data, such as file transfer, e-mail, TCP/IP, fax, paging,
etc. They have different characteristics that are not easily summarized in one general model.

However, under pessimistic assumptions of heavy data traffic some simplification is reasonable.

We assume that in each spatial cell at any time there is always a sufficient amount of offered data

traffic so that, after call admission control, the admitted data traffic can be modeled as U, x C

data sources as shown in Fig. 1. That is, each of C carriers has U, data sources, we do not

consider the call admission and blocking probability and hand-off failure probability for data
traffic in this paper. We assume the data traffic is of available bit-rate (ABR) type. All the
admitted data traffic share the resources leftover by voice and video traffic fairly. The activity of
an admitted data source is described as follows:

1. Using a round-robin approach, the base station schedules transmissions of all admitted data
sources that have packets to send. If a data source has a packet to transmit, it has to report to
the base station in the frame. Ifit is this data source’s turn to transmit, the report is
acknowledged by the base station before the end of the frame, and the packet is transmitted in
the next frame.

- 2. Otherwise, the data source will report to the base station again in the next frame. The process
will be repeated until it is the user’s turn to transmit. During the reporting period, the data
packet is stored in the user’s buffer.

3. A data source will generate a new packet with a certain probability (denoted by 4) in the
current frame if its buffer will be clear of any previously generated packet at the end of current

frame - that is, if it had no packet to transmit in the previous frame or it has a packet which



will be transmitted in this frame. After the new packet is generated, the data source will report
to the base station as before.
Although this is a simple model, it reasonably characterizes some data traffic and
provides insight into how data traffic utilizes system resources in the medium access scheme

which will be discussed in section IV.

III. CALL ADMISSION CONTROL
Call admission control is based on the call’s traffic class and is different for new calls and
hand-off calls. Let class 1, 2, 3 denote the voice, video and delay-insensitive traffic respectively.
The call admission control has the following functions:
1. Keep the number of voice calls sharing one carrier less than or equal to a given number
specified by system design. Let U, denote this given number. Cut-off priority is used for
admission of voice calls as shown in Fig. 3. The number of carriers in a cell is C, and the
number of payload slots that are reserved for hand-off voice calls in one cell is S,,. A hand-
off voice call will be admitted if there are less than U_- C admitted voice calls, while a new
voice call will be admitted only if the number of admitted voice callsis U, - C - S, or less.
2. Keep the number of video calls sharing one carrier less than or equal to a given number
specified by the system design. Let U, denote this given number. Cut-off priority is
used for admission of video calls as shown in Fig. 3. The number of payload slots reserved
for hand-off video calls in one cell is S,, - L. A hand-off video call will be admitted if
there are less than U, - C admitted video calls, while a new video call will be admitted only

if the number of admitted video callsis U, -C - S,, or less.

3. According to our assumption, there is always a sufficient amount of offered data traffic so that,
U, data sources are kept on each carrier at any time. We do not consider call admission for
data traffic here.

4. A new call admission or a hand-off admission of a specific class is assigned to the carrier
which has the least traffic load of that class of traffic. Ties are broken by random selection.
This approach distributes the traffic load more or less uniformly among the carriers. The

result is that all users of the same class will enjoy the same Quality-of-Service.



The flowchart of call admission function for new call and hand-off call is shown in Fig. 3.

IV. MEDIUM ACCESS

A medium access scheme inspired by multiservices dynamic reservation (MDR) TDMA
[3] is proposed. In our scheme, there is also a request field used by voice calls. As discussed in
Section II, every admitted video call is granted permission to transmit during its “lifetime” of the
session, so there is no request slots for video calls. Each admitted video call is assigned a report
slot to inform the base station of the number of slots that it will use in the next frame. In order to
use the resources that are unused by voice and video traffic, each admitted data source is also
assigned a report slot in which informs the base station if it has packet to transmit or not. We
call this scheme request and report dynamic slot allocation (R&R-DSA).

Suppose in one TDMA frame there are N_ request slots in the request field used by voice
calls, N, report slots used by delay-insensitive data packets and N, report slots used by video

calls. The duration of a request slot is 0. The duration of a report slot is also . We assume that

the duration of a payload slot is much larger than 0. All these request slots and report slots are
in the head of the frame. We also assume there are U, voice calls, U, (< N, ) video calls and

U, (£ N,) delay-insensitive data sources assigned to use this TDMA frequency carrier. Let S,
denote the total number of payload slots in each TDMA frame. For given S ,, the values of U,

and U, are chosen so that, even if all the admitted voice and video calls have packets to
transmit, S, is large enough to accommodate them. The reason is that we assume that there is

heavy offered data traffic in the system. The scenario without the heavy data traffic will be

studied in future research. So there is no competition between voice packets and video packets.

Both voice and video packets have higher priorities than data packets in allocation of payload

slots. Only the slots which are not used by either voice or video packets can be used by data

packets. The medium access scheme is described as follows:

1. When a mobile voice user enters the talkspurt period, it will send a request packet in a
randomly selected request slot in the frame. Successful requests will be acknowledged by the
base station by the end of the frame. Request packets which collide with other requests, will
not be acknowledged by the base station and will time-out by the end of current TDMA frame.



An unsuccessful voice talkspurt request will be retransmitted in the next frame (in a randomly
selected slot as before) until it either succeeds or exceeds the maximum delay constraint. If
the maximum delay is exceeded for a voice talkspurt request, subsequent voice packets which
were generated by the call and stored in the user’s local buffer during the request period will
be discarded. The next new voice packet will act as the beginning of the talkspurt period and
will initiate contention for reservation as before.

. Although video calls are granted permission to transmit upon admission, the first packet of a
video session is not transmitted immediately. The video call sends a report packet in its report
slot to inform the base station of the number of slots it will use in the next frame. Since
each admitted video call is assigned a report slot to use, all report packets are successfully
transmitted. In the next frame, the video packet will be transmitted and the length of the next
video packet will be reported to the base station. The same operation is repeated for
subsequent packets in the session.

. A voice call which has made a successful reservation, is allocated one payload slot for
its talkspurt in the next frame. Each video call is allocated a number of payload slots
to use in the next frame. The number depends on the actual length of its packet. Any
remaining capacity (slots) is available to data packets.

. A data source which has a data packet to transmit, will use its own report slot in the frame to
report to the base station that it has a packet to transmit. The permission to transmit is shifted
among all active admitted data sources on a fair, round-robin basis. If it is this data source’s
turn to transmit, it will be acknowledged by the base station before the end of the frame, and
the packet will be transmitted in the next frame. Otherwise, the data source will report to the
base station again in the next frame, this is repeated until it is the given data source’s turn to
transmit. We assume that each data packet will need two payload slots to transmit. During the
reporting period, the data packet is stored in the buffer.

. The timing of the scheme is shown in Fig. 4, in whicht is the one way propagation delay.

The time required to transmit the acknowledgment from the base station to mobiles is denoted

by T, . After receiving all the request and report packets, the base station processes them.

The



processing time at the base station is denoted T, and similarly, 7,, denotes the processing ‘
time
of an acknowledgment at a mobile. The system uses a TDMA FDD structure, so a mobile user
can transmit and receive at the same time. To assure that even the last request/report packet
can
be processed before the end of the frame, we must have
(Ny+N,+N,))o+2t +T,x +T, +T,,<F 1)
The structure of the R&R-DSA TDMA frame is shown in Fig. 5. The diagram of the

medium access scheme is shown in Fig. 6.

V. PERFORMANCE ANALYSIS OF MEDIUM ACCESS
A. Probability of successful reservation

In order to study the performance of this medium access scheme, we must first determine
the distribution of the number of voice calls that get permission to transmit. Suppose that 7 is the
number of voice request slots in one frame. We denote the conditional probability that £ calls
succeed in making reservations given that there are u active calls as P.(k| »; n). A formula for
this probability is developed in appendix A.

For each voice request, the probability of success given that there are u active calls and n

request slots is given as

P (u; n)= Z P{a chosen request is among the k success} - P,(k|u;n)
k=0

— k
=2 Bklumn , @

B. Performance analysis for voice and video traffic

The QoS metrics for voice and video traffic are average packet loss rate, average delay,
blocking probability and forced termination probability. Blocking probability and forced
termination probability are developed in Section VI. Here, we consider average packet loss rate

and average delay.



Because data traffic uses only payload slots that are not used by voice and video traffic,
in the performance analysis of voice and video traffic we do not need to consider the data traffic.
We assume that the uplink and downlink channel transmissions are error free. Thus, packet loss
comes only from failure to gain permission to transmit. Recall that the system is designed so that
any admitted video call is granted permission to transmit during its “lifetime” and even if all the
video calls generate packets of maximum length, they can still be accommodated. Thus, for
video packets there is no packet loss and the delay is one TDMA frame. So we only consider the
packet loss rate and delay for voice packets.

We want to determine the probability that a voice request packet makes a successful
reservation. From (2), we can see that the probability depends on how many calls are making
requests (including new requests and retransmitted requests) at the same time. Conclude that at
the beginning of a TDMA frame, there are i (0 < i < U|) retransmitted voice talkspurt request
packets and j (0 < j < (U, —i) ) new talkspurt request packets generated from (U, -i) voice calls
which were not in contention state, i.e. in reserved talkspurt state or silence state, by the end of
last frame. Let W (J; u)denote the probability that j new talkspurt requests are generated from u
voice calls which are in reserved talkspurt state or silence state. Let y denote the probability that
a single voice call generates a new talkspurt request packet when the voice call is in reserved
talkspurt state or silence state. We find that

04
a +

P(SIL|SIL U RES)= 3)

A voice call can generate a talkspurt request packet only when the voice call is in silence state.

From Fig. 2. we can see ¥ is given by

} _ap
y =P(SIL|SIL U RES)- B «+P 4
Then we have
A .
w(J; u)=(j) G’ -A-7)*) )

Using a discrete time Markov chain model in appendix B, we can determine the probability that
there are i retransmitted voice talkspurt request packets, R(7) .

Then the probability that a voice talkspurt request makes a successful reservation is

10



r=Y R 3G U, -0 P+ N, ©)

J=0,i+j>0
Assume that the duration of each TDMA frame is F. Also assume that the maximum
delay voice can tolerate is 7. Let | x |represent the largest integer that does not exceed x. Let M,
denote the maximum times that voice packet can be retransmitted respectively. We have
M =|T/F]-1 (7)
For voice packets, the packet losses and delay only occur at the beginning of talkspurt
periods. If the first packet has been retransmitted M times, this packet and all subsequent voice
packets that were generated by the call and buffered in local buffer during the request period will
be discarded and the next voice packet will act as the beginning of talkspurt to make reservation
until the reservation is successfully made. Let s,, denote the probability that a request succeeds

before being lost. Thus

M.\'
sm=2rs (=r)
i=0

=1-(1-r,)**! ®)
Let ¢ denote the actual duration of talkspurt period. According to our assumption, ¢ is a ned R.V.

with a mean 7,. The distribution is

P(=e & ,t0 9)
Let N ,denote the number of voice packets during a talkspurt of duration t. N ,is given by

N,=Lt/F]+1 (10)

Letting m= LN oM ,_‘, for a talkspurt of ¢ sec, we have the packet loss rate PL (¢) given by
1 & .
PL()=—Y.8,-(1-8,) -i- M, (11)
Np i=0

Then PL = fP(t) . PL(t)dt

= [P0 (NLfsm (1=s,)" -i- M,)dt (12)

p i=0

11



For nF <t<(n+1)F, N, is a constant and m is a constant. Thus, 1 zm:s,e (=s,) -i- M, 1s
p i=0

a constant. Then

nF _(n+hF

1
n+l)F ne)F =t -
(" Payar=["" e a=T, ¢ T e ) (13)
Letting m = |_(n +1)/ M‘_J, we have
© _E _(n+l)F 1 -
PL._.S T (e’ -e " ). s, (1=s5,) i M, 14
Z - VGt (s i M, (14)

Even if a talkspurt request succeeds without retransmission, there is one frame delay. If the
request succeeds in the i-th (i < M, ) retransmission, the delay is 1+i frames. According to the

medium access scheme, previous failed requests, if any, have no influence on the delay. The

average delay D,is given by

D=1+ r. (1=, i (Frames) (15)

i=1
We consider the scenario in which 7,=1.0 sec, 7,=1.35 sec, a =0.00995, B =0.00738,
N, =5 and there are enough payload slots to accommodate the admitted voice calls within the
ranges of figures 7 and 8. In the figures 7 and 8, average delay and packet loss rate are

respectively shown as a function of U, . The average delay for data packets is only a little longer

than one TDMA frame, and packet loss rate are below 1x 10™"', The one frame delay is caused
by the request at the beginning of each talkspurt. The rest of the delay is caused by the
retransmission of the request until reservation is made, which is very small. We can see that in
this medium access scheme, a few request slots (whose duration ¢ is much smaller than that of
one payload slot T ) can be used to accommodate many voice calls while maintaining a
reasonably small average delay and a very small packet loss rate. This also means, the overheads

of this scheme, bandwidth for request slots and delay, is reasonably small.
C. Performance analysis for data packet

All the admitted data sources share the resources unused by voice and video traffic fairly.

A data source that has a packet to transmit will report to the base station and wait until its turn to

12



transmit. All these buffers together form a distributed queue. Data packets get payload slots to
use in an order that is determined according to a fair, round-robin policy. The average delay is
the primary QoS metric for data traffic.

According to the data traffic model and the medium access scheme, at any given time
there are at most U, reports. This queuing problem corresponds to a G/G/S/U, queuing system
with server vacations. S is the number of servers, i.e. the number of pairs of payload slots
available to data packets, which is a random variable. Because only the payload slots that are
unused by voice and video traffic are available for data traffic, so there is server vacation. Here,
we model this problem by a discrete time Markov chain shown in Fig. 9. The state is the number
of data reports which are not acknowledged by the end of the current frame. We want to
determine the state probability p,. A formula for this probability is developed in Appendix C.

With the set of p,'s, we can derive all the performance metrics now. The average length

of the data request queue is given by

Uy
I=Yip, (16)
i=1
Let u(i) denote the throughput of the state i. u(i) is given by
max(U, | S,/2 ) U,-i
wiy=" D, syeme Dq,(m (U-1) , (17)
m=1 n=max(0, (m-i}))

The average throughput of the queue is calculated as

Uy

Throughput = Z w(i)- p, (18)

i=0

Using Little’s law [10], the average delay in the queue is given by

D quewe = m—éﬁ 19
The average total delay of data packet is given by
Da_ioiat =D quewe +1 (20)
The utilization of the channel resources by data traffic is given by
Util ;=2 Throughput | S, 1)

13



For the simplicity of illustration, we consider the scenario of U =4, U =3, N_ =6,
N,=3,L=4, N,=10andS,=16. We assume that P, ,,,()=1/8, P,_,,,(2)=5/24,

P, iao(3)=7/24 and P, ,,,(4)=9/24. The parameter choice for this scenario is taken only

video
to demonstrate the performance of the medium access scheme. When there is no voice and video
traffic in the system, we assume there are 10 data sources with a packet generation probability 4
on each carrier. The average delay and the utilization of channel are plotted as a function of 4 in
Figures 10 and 11 respectively. We can see that the average delay is small and for heavy data
sources ( & is near 1) an utilization near 1 can be achieved.

Now, suppose there are 4 voice calls, 3 video calls and 10 data sources assigned to one
carrier. The average total delay for data packet is plotted as a function of / in Fig. 12. Compared
with Fig. 10, the delay increases 3~4 times because with the presence of voice and video traffic,
data traffic can only use the payload slots that are unused by voice and video traffic. The average
total delay for data packet is still reasonably small, say, less than 4 frames. We can see that using
this medium access the system can accommodate plenty of voice and video traffic while at the

same time accommodating heavy data traffic with their QoS requirement met.

VI. QUALITY of SERVICE ANALYSIS of THE SYSTEM
Using the proposed medium access protocol and call admission control we seek to admit
a call only if the system can guarantee the required Quality-of-Service for the call during the

lifetime of its session.

A. Example problem statement

We assume that there are G type mobile platforms, labeled by g=1, 2, ...,G, and there are
C frequency carriers in each cell. Assume that U, is the maximum number of each class
(voice/video) users that can share a carrier while at the same time the requirement of QoS, such
as transmission delay and packet loss rate, is maintained. U, is determined in medium access
performance analysis developed in Section VI. No more than one call can be supported by a
platform at any given time. There are / classes of calls, labeled by i=1, 2, ..., I. The new i-class

call origination rate from a noncommunicating g-type platform is A(g, /). The number of

14



noncommunicating g-type platforms in any cell is denoted v(g,0). Thus, the total i-class call
generation rate for g-type platforms in any cell can be denoted A, (g,i))=A(g,i)x v(g,0). A
cut-off priority scheme is used as specified in call admission control in Section III. New i-class
calls will be blocked if the number of admitted i-class calls is U, - C - S, or greater. Hand-off i-
class calls will fail if the number of admitted i-class callsis U, - C.

For any call of class i, we assume the unencumbered call (session) duration is a ned

random variable, 7'(i), having a mean T()=1/ p(i). The dwell time in a cell for a g-type

platform is a ned random variable, 7},(g), has a mean T(g) =1/p,(g).

B. State description

For convenience, we assume there are 2 types of platform, i.e. G=2, and only one type of
resource, channel. We also assume there are C TDMA carriers in a cell. Denote voice service by
class 1, video service by class 2, i.e. =2.

Consider a single cell. We define the state (of a cell) by a sequence of nonnegative

integers. This can be conveniently written as G n-tuples [2], [4]

Vars VY (22)

where v, {g=1,2, ..., G; =1, 2, ..., I} is the number of platforms of type g that have an i-class
call in progress. Here, G=2, I1=2. It is convenient to order the states using an index s=0, 1, 2, ...,
Smax - Then the state variables v,, can be shown explicitly dependent on the state. That
is, v, =¥(s,g,1).

When the cell is in state s, the following characteristics can be determined. The number

of i-class calls is

G
v(s,i)=D_ v(s,81) , i=1,2. (23)

g=1

Permissible states correspond to those sequences for which all constraint are met.

C. Driving processes and state transition flow:
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1. Generation of i-class new calls

A transition into state s, due to a new i-class call arrival on a g-type platform when the

cell is in the state x,,, will cause the state variable v(x,;, g,i) to be increased by 1. A permissible

state x,, is a predecessor state of s for an i-class new call arrival on a g-type platform, if v(s, i)
< U;,-C-8,, S, is the number of payload slots reserved for hand-off voice calls, S,, - L is the
number of payload slots reserved for hand-off video calls, and the state variables are related by

v(x,,g,0)=v(s,g,i)-1

V(x,,2,,2,)=V(8,2,,2,), Z,#8
V(X,:5,2,,2,)=V(8,2,,2,), 2Z,#i (24)
Otherwise it will be blocked.
Let A,(g,i)denote the average arrival rate per cell of i-class new calls from g-type
platforms. Then, the corresponding transition flow is given by
Ve (8,x,)=A,(g,0). (25)
2. Call completions of i-class

A transition into state s, due to a i-class call completion on a g-type platform when the

cell is in the state x_, will cause the state variable v(x,;, g,7)to be decreased by 1. Thusa

permissible state x_; is a predecessor state of s for an i-class call completion on a g-type
platform, if the state variables are related by

v(x,&,1)=v(s,8,0)+1

V(x,,2,,2,)=V(8,2,,2;) 2,8

W(X,,2,,2,)=V(s,2,,2,), 2, %1 (26)
The corresponding transition flow is given by

Yo (8, %) =p() x v(x;,8) @7
3. Hand-off arrivals of i-class

Let A, (i) be the average rate at which hand-off arrivals of i-class service impinge on the

cell, and F, denote the fraction of arrivals that are g-type platforms. A transition into state s, due

to an i-class hand-off arrival on a g-type platform when the cell is in the state x,,, will cause the
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state variable v(x,,, g,i) to be incremented by 1. Thus a permissible state x,, is a predecessor
state of s for an i-class hand-off arrival on a g-type platform, if v(s,i) <U,-C and the state
variables are related by

v(x,;, g,i)=v(s,g,i)-1

V(x,,2,,2,)=V(8,2,,2,), 2, %8

V(X,52,2,)=V(8,2,,2,), 2z, #I (28)
The corresponding transition flow is given by

Yu(8x,)=A, (D% F, (29)
4. Hand-off departures of i-class

A transition into state s, due to a hand-off departure of i-class on a g-type platform when

the cell is in the state x,, will cause the state variable v(x,, g,i) to be decreased by 1. Thus a
permissible state x, is a predecessor state of s for an i-class hand-off departure on a g-type
platform, if the state variables are related by

V(x,,&,1)=V(s,8,i)+1

V(Xy4,2y,2,)=V(s,2,,2,), Z, %8

V(X4:2,,2,)=V(8,2,,2,),  Z,#i (30)
The corresponding transition flow is given by

Ya(S:%4)=Hp(8)x V(X y,8,0) (31)

D. Flow balance equations
From the equations given above, the total transition flow into state s from any permissible state x
can be expressed by

q4(8,x)=Y , (5, ) +7 . (5, X) +7,,(5,X) +7 4, (5, %) (32)
in which s # x, and flow into a state s has been taken as a positive quantity. The total flow out of
state s is denoted g(s, s), and is given by

4(s5)=- 3 q(k,s) (33)

k=0,k=s
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To find the statistical equilibrium state probabilities for a cell, we write the flow balance
equations for the states. These are a set of s, +1 simultaneous equations for the unknown state

probabilities p(s). They are of the form

§

g

g, Hp(N=0,  i=0,1,2, ..., s, -1

~.
[}
(=1

' p(j)=1 (34)

Jj=

(=1

in which, for i#J, q(i, j) represents the net transition flow into state i from state j, and q(7,i) is
the total transition flow out of state i. These equations express that in statistical equilibrium, the
net probability flow into any state is zero and the sum of the probabilities is unity. The index; in
equation (34) can run up to s_,, to provide a redundant set that may be helpful in numerical

computation.

E. Quality-of-Service metrics
When the statistical equilibrium state probabilities and transition flows are found, the

following QoS metrics can be calculated.

1. Blocking probability
The blocking probability for a call from a g-type platform is the average fraction of new
g-type calls that are denied access to a channel. Blocking of new i-class call occurs if there are
no channels to serve the call. We define the following set of states
B={s:U,-C-S, <v(s,i)sU,-C} (35)
Then the blocking probability for i-class calls is

Py ()= p(s) (36)

seB;
2. Hand-off failure probability
The hand-off failure probability for i-class calls is the average fraction of i-class hand-off
attempts that are denied access to a channel. Hand-off attempts have potential access to all

channels of a cell without regard to S,;. We define the following set of states
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H={s:v(s,i)=U, -C} 37
Then the hand-off probability for a i-th class hand-off is
P, ()=, p(s) (38)

seH,
3. Forced termination probability

There is a more important QoS metric than hand-off failure probability. It is forced
termination probability, P.,(g,i). This is defined as the probability that an i-class that is not
blocked is interrupted due to hand-off failure in its lifetime. For convenience, we limit our
discussion here to the case where all dwell-time phases of a given platform type are statistically
identical.

If we let a(g,7) denote the probability that an i-class call on a g-type platform will make a
hand-off attempt and will fail on that attempt. Similarly, let 5(g,7) denote the probability that an
i-class call on a g-type platform will make a hand-off attempt and succeed. Using the Markovian
properties of the model we have

a(g,i)=pp(g) Py (g )/(n@)+pp(g) (39)
and
b(g,)=pp(8) (1= Py (gD /(n()+1,(8)) (40)

Assuming hand-offs independence we get

Per(g:) =Y a(g,1)- (b(8:D) (1)
Summing (41) and using (39), (40) we get

Per (8,0 =p1p(8) Py (8,)/[(nG) + 1p(8): Py (g,1) (42)
F. Results

This analysis approach is used to consider a system with number of payload slots S, =16,

number of voice request slots N, =6, N,=3, N,=10. In the example, new call arrival rates for

all platform types are assumed to be the same. The QoS requirements of voice, video and data

traffic are shown in Table 1.
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QoS metrics
traffic average maximum average packet | blocking forced termination
class delay delay loss rate probability | probability
voice traffic N/A 4 TDMA frames | <10°° <1072 <107
video traffic N/A 4 TDMA frames | <10°* <2x10? | <2x1073
data traffic <4 TDMA infinity <107 N/A N/A
frames

Table. 1. The QoS requirements of voice, video and data traffic.

By using the equations developed in Section VI, we find in order to meet the QoS
requirements of traffic, U is selected as 4, U, is selected as 3 and U ,is selected as 10. The
parameter choices for the figures are taken only to demonstrate the performance of the combined
medium access and call admission.

Fig. 13 shows the blocking probabilities for voice calls which is plotted as a function of
call origination rate. Fig. 14 shows the forced termination probabilities for voice calls which is
plotted as a function of call origination rate on a similar plot. There is a tradeoff between
blocking probability and forced termination probability. The increase in blocking probability as

S, is increased to favor the hand-offs can be observed. If the voice call origination rate is less

than 5x107 calls/sec and S,, is chosen as 2, the voice call’s QoS requirement on both blocking
and forced termination probabilities can be met. Its QoS requirements on average delay and
packet loss rate are met by using the R&R-DSA medium access scheme.

Fig. 15 shows the blocking probabilities for video calls. Fig 16 shows the forced
termination probabilities for video calls. Similarly, the tradeoff between blocking probability
and forced termination probability can be seen. If the video call origination rate is less than
3.75x107 calls/s and S,, is chosen as 1, the video call’s QoS requirement on both blocking and

forced termination probabilities can be met. Its QoS requirements on average delay and packet

loss rate are met by using the medium access scheme.
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VII. CONCLUSION

We propose and consider a medium access scheme called R&R-DSA and a call
admission control algorithm whose combined use allow guaranteed QoS provisioning for ATM-
based wireless personal communication networks. The performance of R&R-DSA is analyzed in
terms of average delay and packet loss rate. We developed a performance analysis model to
characterize call blocking probability, hand-off failure and forced termination probabilities of a
system using the combined call admission and medium access. As we have shown in
performance analysis, the R&R-DSA can accommodate a variety of traffic classes and provide
efficient use of bandwidth. Combined with call admission control, it can guarantee QoS for
different services in ATM-based wireless personal communication networks. The performance of
an example system with combined call admission and medium access was determined under the

pessimistic assumption of heavy data traffic.
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Appendix A: Probability of Successful Reservation
Let n denote the number of request slots for a specific class in one TDMA frame. Let u
denote the number of voice calls who send requests in this TDMA frame. Each call will
randomly choose a request slot from # slots and send a request packet in that slot. Let S denote

the sample space. Let E be any event on S. Let N[E] denote the size of E. The size of S, N[S], is

u

n .

Exactly k requests succeed if there are k request slots each occupied by only one request
packet and any other slot is either empty ( i.e. not chosen by any call) or occupied by more than
one request packet ( i.e. there is collision of two or more request packets). Let P,(k|u;n) denote

the probability that & calls succeed in making reservation given that there are u active calls and n
request slots. For any given n and , there are two possibilities: n2u or n<u.

For n>u, the probability can be solved as follows:

The event k= u corresponds to a event E in which each active user chooses a distinct slot
from »n slots. This results in one request packet placed in each selected slot. In order to
implement this, first we select u slots from # slots, then place one packet in each selected slot.

So the corresponding probability is given by

u!-[n)
PGk s =Sl

(k| u NS k=u 43)

The event £= u-1 is impossible because if a collision occurs at least two requests fail. So
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P.(k|u;n)=0 , k=0 (44)
The event of any & with 1 <k<u-2 can be implemented by the following two steps: step 1: select
m slots from n slots, select k packets from u packets and £ slots from these m slots, then place one
packet in each of these £ selected slots; step 2: arrange the remaining (u-k) packets in such a way
that each of the remaining n-m slots is occupied by at least two packets.
There is some requirement on m. First, (n-m) should be greater than or equal to 1.
Secondly, (u-k) should be greater than or equal to 2(n-m). Finally, m should be larger than &.

Then we have

n-m21
u-k=2(n-m) (45)
m2k
Note that n-tu _ kJ >k, then the range of m is

n—[u;kJSmSn—l (46)

Let N[stepl] and N[step2] denote the number of possible combinations in step1 and step 2
respectively. We find that

nY (u)(m
Nlstepl ]=(m] : (k) . ( k) - k! 47

In order to implement step 2, first we place 2 packets in each of the (n-m) slots. The number of

[2(m —-m)]!

possible combinations in this sub-step is
(2, )(n-m)

. This sub-step makes sure that each of the

(n-m) slots has at least 2 packets. Then, we place the remaining (u-k)-2(n-m) packets on (n-m)

slots randomly. The number of possible combinations in this sub-step is (1 — m)*-2=m g4

we have

Nlstep2]= %&_%]_!(n — m)@-H-2m-m) (8)

Because step 1 and step 2 are independent, the size of E is given by

23



ME= S Mstepl]- Mstep2]

-

m=n—|>ﬂ‘| .

2

The corresponding probability is

P, (k|u;n) -ME]
NS]
> (nIuI [?(z'?;.’:?] nem)e0 I<k<us2(50)
n u—k

The outcome k=0 corresponds to the event E in which all u calls fail. We select m slots
out of the » slots and put u packets in these m slots and let the remaining (n-m) slots empty. The
u packets are arranged in such a way: first use 2 packets on each slot, then place the remaining

(u-2m) packets randomly in these m slots. Similar to previous case, the range of m is

u

I<sm<g|— 51

[2“ (51)
Using the same method as above, we have the size of E
%J (2m)!
_ (u-2m)

52

NIE]= 2 o (52)

The corresponding probability is

_N[E]_1 W J(2m)' o)
NIS] n* & ()"

The distribution turns out to be:

P(k|u;n , k=0 (53)

24



1 & [n [2(m—n)]! uky2n-m
717 %—H(”J [J (kj N (n=m 7™ for1<k<u-2
]
0 SJork=u—1
P.(k|u;n)=) ul (:j (54)
fork=u
g(zm) wam _
71—,,H(2’) Jork=0

If u>n, then the event, k> nis impossible. For outcome 0<k<n and k=1, we use the same

reasoning as above, but the ranges of m are different from that given above. The distribution is

1 min(l,l_u/ 2) (2’")' -
- o K fork=0
HEn ; forn<k<u  (55)
1 n-l n [2(m n)] o
,,.{Hj)( ) ( ] (kJ (2)(n-m) (n m)« )y-2(rom) forl<k<n-1

Appendix B: The state probability R(7)

This can be modeled as a discrete time Markov chain. The state is the number of

retransmitted talkspurt requests in the beginning of the current TDMA frame, i.e. the number of

unsuccessful requests at the end of last TDMA frame. The transition probabilities are given as

fori<jandi j#1,

ZPmoﬂo N,)-W(k; (U, - i) (56)
fori>jandi,j#1,
U, -i

p,= 3 PG IG+K);N,) - W (ks (U, -i)) (57)
k=0

p,l, il (58)

pi,;=0, i=lorj=land i#j (59)

P.(j|(i+k); N,) is determined in Appendix A and W (k;(U, —i)) is obtained by using (5).

For steady state probabilities, we have the following equations
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[ R(0) 11 Poyo Po 7 Puo Py o i R(0) ]
R(1) Do, Pun " Py Py R(1)
RQ2) |=| : : : : R(2) (60)
E Py Py~ 7 Puaw- Puu- :
RWU))] | v, Pu, * Pu-wu,  Puu, | | R(U,) ]
v,
> R(i)=1 (61)
i=0

We solve these equations using Gauss-Seidel iteration algorithm to find R(i).

Appendix C: The State Probability, p,
In order to consider the influence of voice traffic on data traffic, we determine the state
probability of a reserved talkspurt (shown in Fig. 2).

From Fig. 2., we have the following equations:

a - P(RES)=r, - P(CON) (62)
o - P(RES)=B - P(SIL) (63)
P(RES)+ P(SIL) + P(CON)=1 (64)

We solve the equations to find
r.-B
a-p+r(a+p)

Let q,(J; U,, N,) denote the probability that j voice calls have reserved their slots among the

P(RES)=

(65)

U, admitted voice calls. This can be expressed as
; U, j U,-j
9,(; U, N,)= j [P(RES)Y -[1- P(RES)}™ (66)

Let ¢,(J; U,) denote the probability that the U, admitted video calls occupy j payload slots.

Then it is given as
. _ U
qv (j; UV)— Z H PL_video(ni) (67)

v
Uy i=1
Z n=j, 1smsj

isl
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Let s, denote the probability that 2i or 2i+1 slots (which can accommodate i data packets)

available. Fori=0, 1, 2, ..., I_S , / 2_|, we define a set of integer pair of (j, k). Let X, denote the

set. Then X,c
X,=
Then s, is giv

AP

an expressed as
()0 jSU,0<k<U,, j+k+2i=S, or (S, -1)}
en as

qu(.]’Us’Ns)'qv(k’Uv)

(J.k)eX;

(68)

(69)

At state i, there are i data reports which are not acknowledged by the end of the current

frame. These reports will be retransmitted in the next frame. According the data traffic model,

every data source of the remaining U, — i data sources will generate a new packet which will

trigger a new report in the next frame with a probability of g . Let ¢,(j; (U, — i)) denote the

probability that j new reports will be generated among these U, — i data sources, that is the

probability that there will be j new reports in the next frame. Then, q,(j; (U, —i)) is given by

U, - _—
9.(J; (Ud—i))=( j )'(g"(l—g)” )

The transition

Pi ;=3

probabilities at state i of the discrete time Markov chain are as follows:

[ Uy=i
2 4a(M Uy =) Sy » 0S(=DSU, =), j#0
[_s,,/z}(j—”:(r,)
4,0 Uy = D) Spipy - 0<(i=)<min(S, /2 |i), j#0
”:;i((u,,—i),l_sp/zj [s,72]
2, amU =) 2. 0SG =)<y =D, j=0

0 R otherwise

\

For steady state probabilities, we get equations as follows:

Dy

Pop Do Py Py, 0 Po
Dy, byn - Py-u Py, Py
= : : : : P,
boy,1 Py " Pugya Puyy- :
| Pov, Py, °° Pu-w, Puy, | | Py, |

(70)

(71)

(72)
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Uy
Zopi =1 o)

We solve these equations using the Gauss-Seidel iteration algorithm.

0 Jor n<k<u

1 i n\(u\(m) [Am-n)]! o
n ZH (m}(k)(k)k!m("_m)« R fvl<k<n-1

Zz ™ Jork=0

A
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Fig. 9. The discrete time Markov chain model of the distributed queue of data reports.
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Fig. 14. Forced termination probability for video calls: C=4, G=2, I=2,
U, =4,v(1,0)=v(2,0)=350,A,(L1)/ A,(2,1)=1.0, T(1)=100s, T 5(1)=1000s,
T,(2)=200s.



5E-2

1E-2
1E-3
=
S 1E-4
[44]
L
o
< 1E5
/ —— —  Sh2=2
1E-6 ’ Sh2=1
—— - = Sh2=0
1E-7 | I B PR BT I BTN BN B

2 225 25 275 3 325 35 375 4
call origination rate for platform type 1, (calls/sec)*0.0001

Fig. 15. Blocking probability of video calls: C=4, G=2, [=2, U =3,
v(1,0)=v(2,0)=350, A, (1,2) / A, (2,2)=1.0, T(2)=100s, T »(1)=1000s,
T, (2)=200s.
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Fig. 16. Forced termination probability for video calls: C=4, G=2,
I=2, U, =3, v(1,0)=v(2,0)=350, A,(1,2)/ A,(2,2)=1.0, T(2)=100s,
T (1)=1000s, T, (2)=200s.



