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Abstract

In this paper, we propose a plling with non-preemptive
priority based access control scheme for the IEEE 802.11
protocol. Under such a scheme, modifying the DCF
access method in the contention period supports multiple
levels of priorities such that user mobility can be
supported in wireless LANs. The proposed transmit-
permission policy and adaptive bandwidth allocation
scheme derive sufficient conditions such that all the time-
bounded traffic sources satisfy their time constraints to
provide various QoS (quality-of -service) guarantees in the
contention free period while maintaining efficient
bandwidth utilization at the same time. In addition, our
proposed scheme is provably optimal for voice traffic,
minimizing the average waiting time for voice over IP
packets. In addition to theoretical analysis, smulations
are conducted to evaluate the performance of the
proposed scheme. As it turns out, our design indeed
provides a good performance inthe IEEE 802.11 wireless
LANsenvironment.
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1. Introduction

In WLANS, the medium access control (MAC) protocol is
the key component that provides the efficiency in sharing
the common radio channel while satisfying the quality-of-
service (QoS) requirements of various multimedia traffic.
However, frames in DCF, the basic access method in the
IEEE 802.11 MAC layer protocol [1], do not have
priorities, and there is no other mechanism to enforce a
guaranteed access delay bound. As a result, real-time
applications such as voice or live video transmissions may
suffer from unacceptable delay with this protocol. The
second access mode of the IEEE 802.11 MAC layer
protocol, Point Coordination Function (PCF), offers a
“packet-switched connection-oriented” service, which is
well suited for real -time traffic. However, in order to poll
the stations an AP (access point) must maintain a polling
list, which is implementation dependent. What this means
is that end-to-end QoS requirements still cannot be

satisfied in this scheme since it does not include any

access control policy. It does not include any priority

scheme to support user mobility, nor does it apply any
bandwidth allocation strategy for handoff calls. Since the
demand for the use of packet-switched techniques for
transferring delay-sensitive data in wireless environments
is inevitable for multimedia applications, several works
have been investigated and discussed along this line of

research [Z]-[4]. Although the 802.11e standard is for

providing QoS support for WLAN applications such as
voice over wireless | P,the processof creating adefinitive
standard might be too slow for us waiting for it to be
ratified. In this paper, we propose an advanced, pragmatic,
and yet more complete polling with nonpreemptive
priority based access control scheme for the IEEE 802.11
protocol. Under such a scheme, by modifying the DCF
access method in the contention period, the protocol
offers multiple levels of priorities such that user mobility
can be supported in wireless LANs. Besides, the proposed
transmit-permission policy and adaptive bandwidth
allocation scheme not only separate admitted inactivated
users from newly requesting access users, but also derive
sufficient conditions such that all the time-bounded traffic
sources satisfy their time constraints to provide various
QoS guarantees in the contention free period while
maintaining efficient bandwidth utilization at the same
time. Furthermore, the proposed scheduling algorithm for
voice traffic is provably optima in that it gives the
minimum average waiting time for voice over |P packets.
The proposed scheme is performed at each AP in a
distributed manner. Such a scheme can be implemented in
a broad class of algorithms with relatively minor
modifications. The performance of our design for
integrated traffic is examined in detail. Asit turns out, our
design indeed provides good performance improvements
over theoriginal IEEE 802.11 protocol.

2. The Proposed Scheme

Crossstrait trade between Taiwan and China has
increased greatly since the end of year 1987 when
Taiwanese government began to gradualy loosen
restrictions on Taiwan’s indirect trade with China
However, the large amount of expenditure on
communications conducted between the Taiwan-based



headquarters and the branches in China costs the
Taiwanese investors a lot of money. Hence, we
implement a Quality-of-Service provisioning system for
multimedia transmission in |EEE 802.11 Wireless LANS,
with a view to cutting, to a great extent, the
telecommunication costs incurred to  cross-strait
enterprises. In this section, we present the proposed
scheme in detail. Figure 1 shows an overview of the
proposed system architecture. Our method involves three
basic components: (@) a priority enforcement mechanism
for request access, (b) a packet transmit-permission
policy, and (c) an adaptive bandwidth management
strategy.
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Figure 1. System Architecture
« Priority Enforcement M echanism for Request Access

In this section, we propose a novel method to modify the
DCF access method to get many levels of priorities,
capable of giving handoff requests higher priority over
new connection requests. It should be noted that our
approach substantially extends the idea originated in [3],
in which a preliminary version of priority enforcement
mechanism was proposed.

The basic idea behind our method & that prioritized
access to the wireless medium is controlled through
different backoff time periods. To this end, instead of
using the one defined in [1], we change the backoff time
generation function to ganf()- 2™ (+ k- 2", where

K is the level of priority, and M and N are the
parameters used to decide the number of slots in
individual priority levels and the number of slots between
each priority levels, respectively. In this paper, the real-
time handoff traffic reguests have the highest priority
among all other requests, and the second priority classis
the admitted inactivated video traffic. The new requests
and pure data traffic will reside on the lowest priority
level, asillustrated in Table .

As mentioned earlier, our scheme has the ability to
expand or contract the backoff range arbitrarily by
changing the parameters k, m and n. Hence, we propose
an adaptive contention window mechanism for our
scheme to dynamically expand and contract the
contention window size according to the current load and

achieve the theoretical capacity limits. This scheme is
based on the results of the capacity analysis model of the
IEEE 802.11 protocol originally proposed in B]-[7] as
well as the concept introduced in [§. However, our
scheme is simpler and more efficient and accurate, and it
does not suffer from the problem of harmful fluctuation
reportedin[ 9]

Table |. Examples of backoff time of individual traffic

Cor itive time (i)
ckoffslotnumbers 1% ond 3d pul
['vpes of requ
Real-time handoff traffic
(0,1,1) 0-3 0-7 0-15 0-31

Admitted inactivated video

treffic 4-7 8-15 16-31 32-63
(1,1,1)
Non-red-time/New
request/Datatraffic 8-15 16-31 32-63 64-127
(2,2,1)

As reported in [6], the collision probability is low if the
stations utilize the optimal p value, i.e, Popt » meaning

that p{N, >1|N, >0} << p[N, =1|N, >0} . As a
consequence, M xp,, is a tight upper bound of @ ina

system operating with the optimal channel utilization
level, hence, M xp,, can be used as a measure of the

network contention level when the network utilizes the
optimal contention window size corresponding to the
ongoing network and traffic configuration. In other
words, if the utilization factor, a , is bounded above by
the constant, M XD the system will be kept in a better

situation from the viewpoint of channel utilization since
the lower rate of collisions will result in a significant
increase in throughput and decrease in mean access delay.
Thus, when the utilization factor, & , exceeds the value of

M XDy, + WE Can expand the contention window by

allocating more slots than the old contention window had.
On the other hand, it is also desirable to contract the
contention window when the utilization factor becomes
too small, so that the wasted bandwidth is not exorbitant.

» The Packet Transmit-permission Policy

Serving for the purpose of deciding whether a network
accepts a new connection or not, the design of a packet
transmission policy is one of the important challenges of
traffic control in wireless networks. The policy is also
used by the AP to determine which mobile gets
permission to transmit a packet, especially in the realm of
providing QoS In this section, we propose a packet
transmit-permission policy for IEEE 802.11 protocol to
support integrated multimedia traffic. Our scheme is an
enhanced version of the transmitting policy originally
proposed in[10], and substantially extended from[11].



At the IP layer, the MTU (maximum transmission unit) is
set to be 1500 bytes, which is the maximum MSDU (the
packet delivered to the MAC layer by the higher layer)
size for the 100basedT Ethernet. Similarly, the 802.11
standard also provides a fragmentation mechanism, which
alows the MAC layer to split an MSDU into more
MPDUs (packets delivered by the MAC layer to the PHY
layer). Hence, to formalize our problem, we assume that
all real-time traffic packets have the same size in this
paper. Besides, two types of rea-time traffic are
considered. The first is voice traffic which is

characterized by two parameters (I, d ), where I, isthe

rate of the source and d is the maximum tolerable jitter
(packet delay variation) for this stream. The second is
video traffic which is characterized by three parameters

(r,, b, d), where I, isthe average rate of the source,

b isthe maximum burstiness of the source, and d isthe

maximum tolerable delay (packet transfer delay) for this
stream.

In one Basic Service Area (BSA) of IEEE 802.11
infrastructure network architecture, the AP implements a
token buffer for each real-time source. In token buffers

for voice sources, the smaller therate of voice source, I,

is, the higher the priority is. In token buffers for video
sources, the priority is assigned in asimilar way. That is,
the one with the smallest maximum delay constraint has
the highest priority among all video sources. We depict
the packet transmit-permission policy in Fig. 2 In order
to gain control of the medium, the AP performs the
function of the point coordinator by transmitting a beacon
frame at the beginning of the CFP after sensing the
medium to beidle for a PIFS period. Once the AP hasthe
control of the medium it performs the following tasks.

1D The AP first scans the token buffers of voice sources
according to the preset priority order. If a token is
found, it removes one from thistoken buffer and polls
this voice terminal. On receiving a poll the station
transmitsits packet after a SIFSinterval. Then, the AP
generates the next token for this voice source after

ri_ (PIFS +2x9FS + CFPoll +1t + ACK )

c

second if the piggyback was set while transmitting the
packet, where '[p is the time to transmit a real-time

traffic packet.

2 If no tokens are found in the token buffers of voice
sources, the AP continues to scan the token buffers for
video sources according to the preset priority order. If
atoken isfound, it pollsthisvideo source. And it will
not remove the token if the piggyback was set while
this video source transmit it packet. If the piggyback
was not set and it is not the last packet (End-of-File)
either, the AP removes the token, and then generates
the next token for this video source after N seconds if

there is no new token generated for this video source

within h , where h will be defined later.

3) If thereis no token found in al token buffers, the AP
will not know which, if any, of the mobiles have
packets to transmit, then, it can end the CFP by
transmitting a CFEnd frame, and, for assuring the
time constraint of admitted real-time traffic, the Ap
shall announce the beginning of the next CFP interval
by observing the token buffer of highest priority
among itspolling list.
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Figure 2. Proposed packet transmit-permission policy.

In the following theorems, we provide sufficient
conditions for al the voice packets to satisfy their
maximum jitter constraints (theorem 1) and for all the

video packets to satisfy their maximum delay constraints
(theorem 3), while optimizing the overall utilization of
network bandwidth simultaneously (theorem 2).

Assume there are N. voice sources (indexed by
i=1..,n,), and N, video sources (indexed by
j=1..,n,). We denote (ry, d ) as the traffic
parameters of the i™ voice source, (r;, b;,d;)asthe
traffic parameters of the | video source, and p, asthe
time needed for handoff for source I .

Theorem 1:

Let d, = PIFS + 2>3IFS + CFPoll +t,+ACK  and
d = PIFS+ 2>SIFS+CFpoll + t, +ACK +

i1 Ar 0
a grrlﬂxpurs + 2>XSIFS + CFPoll +1t, +ACK )
k=1 @la (

I=2,...,n, and t, be the time to transmit a packet. If
d' <L andd’ £d, foral i =12 .., n_,thenall the

ci

packets generated by new-call voice sources meet their

jitter constraints. Furthermore, if di*+pi <i and

ci



d’ +p, £d, for the i"™ source which is handoffed

from other cells, then the packet generated by the jth
source after handoff meetsitsjitter constraint.

Theorem 2:

Suppose N_ voice sources are scheduled in the given
priority order. The average waiting time is minimized if
rs 1y forali<j.

Theorem 3:

Let b, =(PIFS+2x3FS+CFPoll +t,+ ACK)xn, +1),

] Y
o = (PIFS+2>3FS+CFPoll +t, +ACK)>é. i’
i=1

b, = (PIFS+2x3FS+CFPoll +t,+ ACK) b, +1),

r;j =(PIFS+2x3FS+CFPoll+t |+ ACK)x, '

d: =h, + b,+b,,
1- 1y

and

d =h +

_ 51
4 b, +(PIFS+ 258l FS+CFpoll+t, +ACK) g (r,, >d})
k=0 k=1

-1
o

1- a r\:k

k=0

, where ] =2,...,n, . If g » £ 1 and d]f £dj for all

k=0

j » then the delay constraints are satisfied for all the new-
call video sources. Furthermore, if dj* -h, £d, - p; for
i th

J

packet generated by the jth source after handoff meetsits
delay constraint.

source which is handoffed from other cells, then the

e The Adaptive Bandwidth Management Strategy

Recall that user mobility (handoff) can be supported in
our proposed method since a realtime handoff mobile
might be given higher priority over new connection
requests. As shown in Fig. 3, the total bandwidth is
divided into three parts. channels I, 11, and channel 1II.
We dlocate channel | for reattime traffic and channel 11
for handoff real-time traffic in contention free period. By
allowing the handoff real-time traffic to use bandwidth
exclusively with preemptive priority over other traffic in
channel 11, the handoff real-time traffic might has a larger
share of pie in bandwidth utilization to reduce the
dropping probability. Likewise, the remaining rea-time
traffic has precedence over the new request/data traffic for
using network resources in channel 1. Channel 111 is only

reserved for new requests and data traffic to guarantee a
minimum bandwidth for data traffic in the contention
period. However, after bandwidth is allocated, network
conditions may change. Therefore, the proposed strategy
can also adjust the amount of allocated bandwidth based
on the measured dropping probability, blocking
probability, and bandwidth utilization. The algorithm to
control the size of the allocated bandwidth is summarized
in the following.

Function Adaptive_Bandwidth_Allocation

I F monitored dropping probability > threshold_D THEN

| F bandwidth utilization< I THEN
size of alocated bandwidth 1= min {max {size of
alocated bandwidth I, size of allocated bandwidth 11} -
up_g , total bandwidth }

ELSE
size of alocated bandwidth 1= min {max {size of
alocated bandwidth 1, size of allocated bandwidth 11}
up_g , total bandwidth” threshold_channel_II_max}
ELSE

I F monitored blocking probability > threshold_B THEN

| F bandwidth utilization< ™ THEN

size of allocated bandwidth |= min {size of allocatgd

bandwidth | =~ up_ ¢ , total bandwidth
threshold_channel_|I_max}

ELSE
size of allocated bandwidth I= min {size of allocated
bandwidth I ’ up_ @ , total
bandwidth™ threshold_channel | medium}

ELSE

| F bandwidth utilization< Im THEN
size of alocated bandwidth 1= max {size of alocated
bandwidth I ’ down_ @ , total
bandwidth” threshold_channel_I1_min }
size of allocated bandwidth 1= max {size of alocated
bandwidth [ ’ down_ ¢ , total

bandwidth™ threshold_channel | _min}
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Figure 3. Proposed bandwidth partition.

3. Simulationsand Perfor mance Evaluation

In this section, we evaluate the performance of the
proposed scheme.



* Simulation Environment

Our simulation model is built using the Simscript tool
[12]. The model represents aBSS in the IEEE 802.11
WLANS with all stations in the BSS (Basic Service Set)
capable of directly communicating with the remaining
parties. Three types of traffic are considered in the
simulation.

1. Pure data:

The arrival of data frames from amobile’ s higher-layer to
MAC sublayer is Possion. Frame length is assumed to be
exponentially distibuted with mean length 1024 octets.

2. Voice traffic:

We used the mio8380’s[13] built-in audio codec which is
based on GSM610 format to generate voice traffic
patterns. For each connection, frames are sent out every
10ms, and each connection is exponentially distributed
with mean time 3 minutes.

3. Video traffic:

For video traffic, we use the mio8380's built-in CanaryA
camera and domaintek MPEG4 encoder/decoder to
generate video traffic source patterns. By means of
CannaryA camera driver API, we can get YUV420 or
RGB24 raw image data for the domaintek MPEG4 video
encoder. The length of video stream is 1000 frames with 8
frames per second and 29 PPl (how many P frames
follows per | frame).

In our setting, video, voice and data are assumed to be
mixed in the ratio of 1:1:1. Performance is measured in
terms of the average access delay, the loss probability, the
dropping probability, the bandwidth utilization, among
others. The default values used in the simulation are listed
in Table I1. The values for the simulation parameters are
chosen carefully in order to closely reflect the realistic
scenarios as well as to make the simulation feasible and
reasonable.

Table I1. Default attribute values used in the simulation.

Attribute |  Vaue | Meaning & Explanation |

Channel rate 2Mbls Datarate for the wireless channel
Mobiles 10 10 mobile hosts in abasic service set
Slot_Time 20US Time needed for each time slot
SFS 10US Time needed for each short interframe
space
DIFS 50US Time needed for each DCF interframe
Space
MAC header 272 bits Header length of MAC layer header
PHY header 128 bits Header length of physical layer header
RTS  |160 bits+PHY| Frame length of each request-to-send
header frame
CTS 112 bits+ PHY | Frame length of each clear-to-send frame
header
ACK 112 bits+ PHY | Frame length of each Acknowledgement
header
BER 106 Bit error rate

| n | 08 | Minimum bandwidth utilization Wanted|
| I | 5% | Size of alocated bandwidth I |

* Simulation Results

In the following, the performances of the proposed
scheme and the conventional |EEE 802.11 protocol are
compared based on simulations. Figures4 and 5 show the
dropping probability of real-time handoff connectiors and
blocking probability of real-time new connections for the
proposed scheme and conventional |EEE 802.11 protocol.
Since the handoff dropping probability is the first measure
used to adjust the allocated bandwidth and we also allow
the handoff real-time traffic to use bandwidth exclusively
with preemptive priority over other trafficsin the reserved
region, channel 11. The dropping probability will be kept
under the threshold, threshold D, usually. It seems
counterintuitive that the proposed scheme provides |ower
blocking probability in light load. This is because that the
contention free period can start as soon as the request
table just becomes empty, then the AP will end the
current contention free period, and once the contention
period start, the realtime traffic is not allowed to be
served until the next contention period in the conventional
IEEE 802.11 protocol.
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Figure 5. Blocking probability of real-time new connections

Figures 6 and 7 compare the average access delays of
voice and video traffic from the proposed scheme and the
conventional |EEE 802.11 protocol, respectively. We can
see that although there is not much difference in the
values of the performance measures when load is light,

11

11



however, the proposed scheme provides significantly
better performance than the conventional |EEE 802.11
protocol at heavy load.
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Figure 7. Average access delay of woicetraffic

4, Conclusions

In this paper, we have proposed a pragmatic polling with
non-preemptive priority-based access control scheme
built on wellknown protocols, offering easily
implemented and yet flexible criteria for traffic
prioritization in awireless environment. By modifying the
DCF access method in the contention period, our
designed protocol supports multiple levels of priorities
such that user mobility can be supported in wireless
LANSs. Besides, the proposed transmit-permission policy
and adaptive bandwidth allocation scheme not only
separate admitted inactivated users from newly requesting
access users, but also derive sufficient conditions such
that al the time-bounded traffic sources satisfy their time
constraints to provide various deterministic QoS
guarantees in the contention free period while maintaining
efficient bandwidth utilization a the same time.
Furthermore, the proposed scheduling algorithm for voice
traffic is provably optimal in that it gives the minimum
average waiting time for voice over IP packets. The
proposed scheme is performed at each AP in a distributed
manner. Through extensive simulations, we have

|—'—Pr0pose-d—Csomh/eemaion|al | EEE 802.

[—Propose#conivemdionlal | | EEE 802. 11

demonstrated a satisfactory performance of our proposed
scheme in a quantitative way.
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